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Preface
In compiling the second edition of the Audio Cyclopedia, the author is reminded of
the statement of one critic, that it was too great an undertaking for one man. However, no group has come forward to compile a revision. The first edition was an
attempt to compile an accumulation of more than 30 years of technical data into one
book, which the author had entitled "The Audio Engineer's Handbook." The publisher
suggested that it had exceeded the handbook category, and recommended the present
title, Audio Cyclopedia.

Since the first edition, the growth in audio engineering has made the revision a
mountainous undertaking, requiring almost two years of unrelenting endeavor. New
standards have been established, and the development of solid-state and integrated circuit devices has opened a wide vista not conceived ten years ago.
The pattern of this edition closely follows the scheme of the first edition. However,
the book has been shortened to 25 sections. Section 26 of the first edition (Stereophonic Recording and Reproduction of Disc Records) has been absorbed in other sections, as stereo is a general part of the overall picture and need not be treated as a
separate and distinct subject. The first edition received wide acceptance and a large
market for it developed outside the United States. Therefore the author has included
in this edition many items developed and manufactured in countries other than the
United States.
The question was once asked, "Who remembers to bless the hands that milked the
cow, when he cats the cheese?" As we enjoy the fruits of today's progress, we would

do well to remember men like Leon Scott, who in 1857 first scribed a sound wave,
using a stiff bristle attached to a diaphragm actuated by a horn. Between the years
of 1858 to 1862. Koenig devoted a great part of his time to improving on Scott's invention and presented the results of his labors in London in 1862, which he termed
"Phonograms." However, it remained for men like Edison, Berliner, and Johnson to

invent and develop the methods culminating in the cylindrical and disc records so
well known today. Valdemar Poulson, the Danish Edison, might be called the father
of present-day magnetic recording, and certainly Lord Rayleigh is the father of
acoustics and its many phases, with Professor Wallace C. Sabine of Harvard University responsible for modern acoustics. It is of interest to note that in 1711 John Shore
discovered the tuning fork, and in 1908 G. W. Pierce described in a paper, "A Simple
Method of Measuring the Intensity of Sound," based on his work in measuring sound
intensities in auditoriums and of train whistles; thus was born the first sound -level
meter. All these men and many more, leave us forever in their debt.
Those of us who have been closely associated with the industry some 40 years more

or less, view with pride the progress that has been made. It is gratifying to observe
some of our original thinking and experiments becoming a reality with modern materials, components, and facilities. With this in mind, the author has included some
obsolete devices, which may still be in daily use, but mainly to offer information to
the experimenter. Examples of this are the electret, which has been around for years
but is now being utilized as a microphone, and the fuel cell, discovered by Sir William
Grove in 11339, which is finding its greatest application in the space age.

The author is deeply indebted to the many engineers who have supplied information for compiling this book, and to the many manufacturers who have freely furnished photographs and technical data required to make this work a reality. Selection

of illustrations resolved into the problem of choosing items that would be typical
examples of a device, or in some instances where a manufacturer had included features in an instrument that made it unique or of particular interest. The final selection was often difficult, today's market offers a wide variety of good equipment.

The author wishes to pause and personally thank the following: Mr. Robert 0.
Cook, of Walt Disney Productions; Mr. Arthur C. Davis, of Altec-Lansing; Mr. Wal-

lace Hamilton, of Trans -Canada Laboratories, Vancouver, B.C.; Mr. Jack V. Leahy, of

Radio Corp. of America; Mr. Frank E. Pontius, of Wcstrcx Corp.; Mr. Michael Retlinger, acoustical engineer; Mr. Loren L. Ryder, of Ryder Sound Services; Mr. Ross H.

Snyder, of Hewlett-Packard Co.; and Mr. Waldon 0. Watson, of University City
Studios; to mention but a few who made generous contributions. Also, the author is
indebted to the following societies for their journals and standards: Acoustical Society
of America; Audio Engineering Society; Electronic Industries Association; Institute of
Electrical and Electronic Engineers; Institute of High Fidelity; National Association
of Broadcasting; Society of Motion Picture and Television Engineers; and the United
States of America Standards Institute for their much -used reference sources. In addition, thanks to the publishers of the following: Audio; Broadcast Engineering; db, the
Sound Engineering Magazine; Electronic Instrument Digest; Electronics: Electronics
arid Communications (Canada); Electronics World: Radio Electronics: and Wireless
World (England) for their cooperation. Special thanks are offered to my friend and
personal physician, Dr. Ronald McAdams, who indirectly contributed to this work.
The first edition of the Audio Cyclopedia has often been referred to as "The Sound
Man's Bible." If this name fits, the author offers this edition with the conviction that
It will serve even better.

HOWARD M. TREMAINE

Preface to First Edition
This book was prompted by the response to a series of lectures presented to naval
personnel by the author, in 1945, on "High Fidelity Sound Systems." It is intended as
a practical engineering guide for the individual who has an understanding of electronics and desires to apply that knowledge to the recording and reproducing of sound.
In the pursuit of fidelity in sound recording and reproduction, numerous problems
have been encountered. Wbile many of the problems have been overcome to a marked

degree and much credit is due the research workers whose efforts have thus far
advanced the art, a large number of problems still remain to be solved.
The term "high fidelity" is often abused and loosely used, and equipment bearing
such a title assumes a great responsibility. Webster defines fidelity as "exactness, as

in a copy." High quality sound systems require careful design and adequate test
equipment for their proper installation, adjustment, and maintenance.
The ultimate reproduction of sound waves is affected by many factors, each contributing its own particular type of distortion, which may be acoustical, electrical, or
mechanical. This distortion may manifest itself as frequency or pitch variations, harmonic distortion, hum, or noise, and any or all of these factors may be interposed
between the original recording and the listener.
An attempt has been made to compile sufficient data into one hook, in the form of
questions and answers, to synthesize sound systems generally, together with their
components and allied equipment, and the accepted methods of installation, testing,
and operation. Section 22, pertaining to test equipment, describes many pieces of

apparatus of different manufacturers. However, no evaluation of their individual
merits has been made, but their characteristics and operation are so described that
the audio engineer may readily determine which equipment will best meet his needs.
The various sections of this book cover the fundamental concepts of sound waves
and treat of their complexity, their behavior, and the equipment associated with their

recording and reproduction. The illustrations offer workable circuits with practical
valnes. Section 3 discusses the devices used in the motion picture and recording industries for maintaining a constant speed and the control apparatus necessary to
achieve this end. Sections 5, 6, and 7, "Attenuators," "Equalizers," and "Wave Filters,"
include numerous devices and circuits used for motion picture sound recording and
reproduction, which are equally adaptable to other types of recording and reproduction.

The improvement of sound mixers, from a simple two -position to an elaborate
hybrid -coil design for motion picture rerecording, is described in Section 9. Audio
amplifiers are dealt with extensively in Section 12.
Motion picture projection equipment is discussed in Section 19 from the standpoint of the audio engineer.
Magnetic and optical film recording techniques arc covered extensively in Sections
17 and 18 and will be of particular interest to those employed in both the motion
picture and television industries.
Section 23 discusses the techniques of audio frequency measurements, and Section
24, the techniques of installation. These two sections should appeal to the installation
and maintenance engineer because of their unusual type of information.
Finally, Section 25, "General Information. Charts, and Tables," contains much useful
data for ready reference, including many charts for simplifying mathematical design
procedures. Also, references will be found at the end of each section.
The data within this hook is the result of over 30 years of experience in audio engineering, particularly in the motion picture industry. The author sincerely hopes the
material presented in this work will appeal to both the technician and the engineer.
I wish to extend my appreciation to Dr. George K. TefTeau for his valued suggestions and assistance in editing this book, to Messrs. Jack Laing and Glenn Osbom, as

well as to Miss Janice Snyder, for their assistance in making tests for the sections on
"Magnetic Recording," and "Optical Film Recording." I also wish to thank the follow-

ing individuals, manufacturers, and publishers for making much of the data and
photographs available for publication.
Lt. Col. James L. Gaylord, former Commander of the USAF Lookout Mt. Laboratory; Lt. Col. James P. Warndorf. present Commander; Mr. Watson Jones, RCA Victor

Division, Hollywood, Calif.; Mr. Ralph Wight, Westrez Corp., Hollywood, Calif.;
Mr. J. N. A. Hawkins, Motion Picture Research Council; Dr. Oliver Read, publisher of
Radio and Television News; Mr. C. G. McProud, Editor and Publisher of Audio magazine; Mr. Hugo Gernsback, Editor and Publisher of Radio Electronics magazine; Journal of the Society of Motion Picture and Television Engineers; Journal of the Institute
of Radio Engineers; Journal of the Audio Engineering Society; and Journal of the
Acoustical Society of America. My appreciation also to the many other contributors of
data and information.

HOWARD M. TRRMAINE
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Basic Principles of Sound
To the audio engineer, an understanding of the basic piircipies and behavior of
sound generation as well as the response of the human ear, frequency ranges and
the levels that arc encountered in daily life, especially when recording, are equally
as important as the understanding of electronic circuitry. New aspects of sound

may be observed with the application of white- and black -sound techniques.
Shown arc the variations of the Fletcher -Munson curves developed by Churcher
and King and Robinson and Dadson of England, and by Pollock of the United
States. General phenomena associated witb the generation and propagation of
sound waves such as the Doppler effect, units of measurement, terminology, equations, ranges of musical instruments, and peak powers are included in this section.
1.1

What is the definition of sound?

1.9

-It is a wave motion propagated in an
elastic medium, traveling in both transverse and longitudinal directions, producing an auditory sensation in the ear
by the change of pressure at the car.
1.2

1.10 What is a cylindrical wave?A wave in which the wave fronts are

coaxial cylinders.

How ore sound waves produced?

1.11

-By a vibrating body in contact with

What is a beat?-A periodic

variation resulting from the superpositioning of waves having different fre-

the air.
1.3

What is a spherical wave?-A

wave in which the wave fronts are concentric spheres.

What is the peak -to -peak am-

quencies.
1.12 What is a simple sound source?

plitude of a woreform?-It is the value

-It is a source which radiates sound
uniformly in all directions under free -

measured from the positive peak to the
negative peak. (See Question 25.149.1
1.4
What is a compressional wave?

field conditions.
1.13 What

-A wave in an elastic medium such as

is

direct -sound

radia-

medium to change its volume without

tion?-Sound emitted directly from the
sound source without reflections or

undergoing rotation.

echoes.

air, which causes an element of the

What is a longitudinal wave?A wave in which the direction of dis-

1.74

1.5

What is the effective acoustic

center of an acoustic generator)-It is
the point at which the spherically di-

placement at each point of the medium

vergent sound waves, observed at a remote point, appear to diverge.

is normal to the wave front.
What is a shear wave?-A wave
in an elastic medium which causes an
1.6

1.15

element of the medium to change its

audible

What is considered to be the

frequency
20,000 Hz.
1.76 What is

shape without changing its volume.
1.7
What is a transverse wave?-A
wave in which the direction of displace-

range? - 15

Hz

to

noise? -A random

sound composed of many different frequencies not harmonically related. If
noise is of too great an intensity, it will

ment at each point of the medium is
parallel to the wave front.
1.8
What is o plane wave?-A wave

impair the intelligibility of speech and

in which the wave fronts are parallel

music, reducing the listening pleasure.
The average dwelling has a noise level
of about 40 dB above the threshold of

planes normal to the direction of propagation.
11
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hearing. (Sec Question 1.117.) The noise

7.21

What is the energy distribution
The greatest energy

level of a business office will rise to

of human speech?

around 55 dB, while an average factory
will indicate about 80 dB. Noise meters
(see Question 22.94) do not measure the
true noise present, because of the complexity of the waveforms. As a rule,

lies between 200 and 4000 Hz. falling
off quite rapidly beyond 6000 Hz. This
characteristic is shown in Fig. 1-21.
1.22 What does the term timbre
mean? -1t is the characteristic quality
of a musical instrument which permits
it to be distinguished from another.

noise meters are equipped with filters
and weighting networks, to simulate
the human ear hearing characteristics
at different levels above the threshold
of hearing. Weighting networks are dis-

Timbre depends on the harmonic or
overtone structure of the instrument.
If the harmonics are removed by the

cussed in Question 2.93.

What are infrasonic frequencies?-Frequencies below 15 Hz.
1.18 What are ultrasonic frequencies?-Frequencies above the audible
1.17

range of 20,000 Hz.
1.19 What
are

use of filters, all instruments will sound
similar, except for the pitch.
1.23
What is a transducer?-A device actuated by power from one system and supplying power to a second

system. The actuating power may be
electrical, mechanical, or acoustical. A
loudspeaker is a typical example of an

supersonics?-A

term used in aerodynamics to denote
a velocity greater than the velocity of

elect roacoust ic transducer.
1.24 What is a passive transducer?

sound.

The term supersonics was formerly

-A transducer whose output waves are
independent of any source of power and
are controlled by the actuating waves.
1.25
What is an active transducer?
-A transducer whose output waves are
dependent upon sources of power apart
from that supplied by any of the actuating waves. The output is controlled by
the actuating waves.

used in acoustical engineering to designate frequencies above audibility. The
term ultrasonics has now replaced the
former term supersonics.
The installations are generally of
high power and operate above 20,000
Hz, although at times they may be

operated at a lower frequency.
1.20 What arc macrosonics?-Macrosonics are the utilization of high -amplitude sound waves for cleaning small
metal parts, drilling, emulsification,

7.26

Define the term octave.-An

octave is eight notes of a musical scale,
and is the interval between two sounds

having a basic frequency ratio of two.
It is also the pitch interval between two
tones such that one one may be re -

soldering, plating, and the aging of alcoholic beverages.
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garded as duplicating the basic musical
import of the other tone at the nearest

perament?-A musical scale divided into
twelve intervals. It is obtained by alter-

possible higher pitch. An interval

in

nating the tones from the exact fre-

octaves, between any two frequencies,
is the logarithm to the base two (or

quency of just intonation as a result of

3.322 times the logarithm to the base 10)

octave.

the number of

reducing

of the frequency ratio. The frequency
ratio corresponding to an octave pitch
interval is approximately, but not always exactly, 2:1.
1.27 What is a semitone, or hallstep?-The same as a half -tone or any

per

tones

These frequency ratios are

1,

F,

to F., where F is the 12th
root of 2 and F,, equals 2. The scale
.

.

.

consists of 12 equal intervals, including

half -tones. In Fig. 1-30 is shown the
keyboard of a conventional 88 note

interval between two tones equal to the
12th root of 2.

piano with the tones indicated in hertz.
A (440 Hz) is designated A, and the octaves above A, are designated Af., AL,
and A,. The octaves below A. are desig-

1.28 Whot is a tone?-A sound
wave capable of exciting an auditory
sensation and having pitch. A sound

nated A.,, A.,,

A,, and A.. The lowest

sensation having pitch.
L29 What is a chromatic scalc?-

frequency is A., or 27.5 Hz. The highest
frequency is C., or 4186 Hz. The interval

A musical scale in which the intervals

between the black and white keys

are all half -tones or semitones.
1.30 What is a scale of equal tern-

100 -cents, or an equally tempered semitone. (See Question 1.31.)
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Fig. 1-30. Conventional 88 -note piano keyboard showing the note designations and
frequency. The audio frequency range of recording and broadcasting stations has
been entered for comparison.
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per square centimeter, or to a sound
level of 74 dB above the threshold of
hearing (0.0002 microbar). It is also

The complete spectrum is designated
by starting at C, 16.351 Hz (not shown),

the lowest frequency heard by the average human ear, and counting the
octaves above from this frequency up

equal to approximately one -millionth of
normal atmospheric pressure. Normal
atmospheric pressure equals 1,013,250
microbars. One bar equals 10" dynes per

to C'°, 16,744 Hz (not shown).
1.31
What is a centt-An interval
between two frequencies whose frequency is the 1200th root of 2. 1200

Centimeter. At one time, the term bar
was used to mean 1 dyne per square

cents equals 12 equally tempered semitones.
1.32

centimeter. This is no longer used. (See
Question 1.82.)
1.36 Define threshold of pain.-The
threshold of pain is the minimum value
of sound pressure of a given frequency

What is pitcht-The property

of a musical tone determined by its fre-

quency and intensity. The higher the
frequency the higher the pitch. (See

that will cause discomfort or pain to a

Question 1.77.)
1.33
What is the American standard

listener 50 percent of the time, as shown

of pitchl-By agreement, all musical instruments manfactured in the United
States are standardized to a frequency
of 440 Hz for the tone of A,. This corresponds to the 49th key on a standard

a sound level of 118 dB, if the frequency

in Fig. 1-36. Discomfort starts around

falls within the range of 200 to 10,000
Hz. Actual pain starts around 140 dB in
the same frequency range. It is interesting to note a sound level of 1 pound
per -square -foot is equal to plus 147.6

88 -note piano. (See Question 1.30.)
1.34 What is a melt-A unit of
pitch. A 1000 -Hz tone at a level of 40 dB
above the threshold of hearing is equal

dB; 1 pound per -square -inch to 170.8

dB; and 1 atmosphere to 194.1 dEt-all
being referred to 0.0002 microbar.

to 1000 mels.

1.37 What does the term damping
meant-It is the introduction of friction
or some other type loss, to reduce the

The met scale of pitch is logarithmic
shove 1000 Hz and approximately linear
below 1000 Hz. Any sound heard by an

vibration of a moving body. Undamped
and damped waveforms are shown in

auditor and judged to be "n" times that
of 1 mel is "n" mels.
1.35
Define the term microbar.The microbar is a unit of measurement

of sound pressure. One microbar

Fig. 1-37.
1.38 What is critical dampingt-A
value of damping which will result in

the most rapid response possible without overshooting or no indication of os-

is

equal to the sound pressure of 1 dyne
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General Radio Co.)
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zero to an equal maximum, and returns
to zero again during one complete cycle.
A typical sine wave development is
shown in Fig. 1-49.
1.45
What is a sinusoidal wovelorml-An alternating current wave

(a) Undamped.

which varies in proportion to the sine
of an angle. It is another name for the
sine wave described in Question 1.44.
1.46

filalomamialanwris

L.

Fig.

Damp.

d_

1-37. Undamped and damped
waveforms.

Define the

terms

cycles per

second and hertz.-A complete turn of
events. For a sine wave, it is the complete sequence of the rise from zero to
maximum and return to zero, the rise
to maximum in the opposite direction,
and the return to zero again, as shown
in Fig. 1-44.

ciliation, is referred to as critical damping. It is the point of change between
aperiodic and periodic damping.
1.39 What is periodic damping?-A
system in which the damping is so great
that, if the system is subjected to a single disturbance, it will come to rest.

What is °periodic dampinglAperiodie damping occurs when the
amount of damping is so large that if

zzo

1.40

Fig. 1-44. Development of a sine wave.

the system is subjected to a single dis-

The common term for measurements,

turbance, either constant or instanta-

when dealing with frequency, was in

neous, the system comes to rest without
passing through that position. While an
aperiodically damped system is not

cycles per second, abbreviated cps. In
1965, the term cycles per second was
changed to hertz in honor of Heinrich
Rudolph Hertz, an early German physicist. One cycle per second is stated as
1 Hz; 1 kilocycle as 1. kHz; 1 megacycle
as 1 MHz, etc. Either term is used, but
hertz is preferred.
1.47 What is an alternation?-Onehalf of a cycle. As an example; a 60 -Hz

strictly an oscillatory one, it has such
properties that it could become an oscillating system if the damping was
removed.
1.41

Define

the

term

dyne

per

square centimeter-One dyne per square

centimeter is the unit of force used in
acoustical

measurements and

is

the

current has 120 alternations per second,

force that will give an acceleration of

similar to that shown in Fig. 1-44.

one centimeter per second, during each
second it is operating, to a mess of one

1.48 What does the term frequency
mean?-The number of cycles or vibrations in a given unit of time.

gram. One million dynes per square
centimeter is equal to one bar. (Sec
Question 1.125.)
1.42
What is

a bail-A unit of

sound pressure equal to 10" microbars
or 10' dynes per square centimeter.
1.43
What is superpositioning?-

The combination of two or more frequencies, or the superimposing of one
or more frequencies upon another frequency. (See Question 1.11.)
1.44 What is a sine wave?-A wave
which rises from zero to maximum in
one direction, returns to zero in a corresponding, gradual, nonuniform manner, reverses direction and falls below

1.49

What is a wavelength?-It is

the distance from a given point on one
wave to a corresponding point on the
next wave, regardless of the frequency.
Example: One wavelength in Fig. 1-44
is the distance lions zero degrees to 360
degrees.
1.50 State the formula for calculat-

ing the wavelength of sound in air.-Experiments indicate the velocity of sound
in air, at any frequency, is approximately 1127 feet per second, 343.4 meters per second, or 767.54 miles per

hour. The velocity will vary slightly
with changes in temperature, increas-
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Fig. 1-50. Wavelength of sound in air as a function of frequency. Temperature 20° C
@ 760mm pressure.
ing about 1.1 feet per second for 1 degree Fahrenheit, going from 1099 ft per
second at 32' F to 1130 feet per second

at 70' F. The wavelength of sound in
air is equal to the velocity divided by
the frequency in hertz. Example:
What is the wavelength of 40 hertz?
A

=

V

343.4

8.58 meters.

where,

V is the velocity of sound in air,

f is the frequency in hertz, at 20' F.
The wavelength for various frequencies
in

air may be determined from the

graph in Fig. 1-50. The graph is entered
at the lower edge for a given frequency
and followed upward to where it inter-

sects the diagonal line. Wavelength is
then read in feet from the left margin,

or in centimeters or inches from the

1.52 What is a fundamental Ireouelicy7-The principal component of a

complex waveform or the component
having the lowest frequency. Using the
physical

definition,

the

fundamental

frequency is called the first harmonic,
F.. In musical terms, the first multiple
above the fundamental is called the
first harmonic, F'. (See Question 1.57.)
1.53 What is on overtone?-A harmonic of the fundamental frequency of
a complex waveform
1.54

What it en odd harmonic?-

Any frequency that is an odd multiple
of the fundamental frequency, such as
1, 3, or 5 times the fundamental.
1.55
What is an even harmonielAny harmonic that is an even multiple
of the fundamental frequency, such as
2, 4, or 6 times the fundamental.
1.56

What is a subhormonie?-Sub-

right margin.
1.51
Define an eigentone.-It is a
resonance in an enclosure, caused by

harmonies arc obtained mathematically
by dividing the fundamental frequency
by the desired number harmonic. The

the presence of parallel walls, which

second suhharmonic of 500 Hz is 250 Hz.
1.57 How arc the harmonics of a
Oren
frequency
determinedl-Any

causes the generation of standing wave-

forms. A room of cubical dimensions
(dimensions equal in all directions)
would have the same resonant frequencies in all directions. This is why good
acoustical design does not employ parallel walls, and uses given ratios for
length, width, and height.

specified harmonic may he determined
by multiplying the fundamental by the

number of the desired harmonic. Example: The third harmonic of 100 Hz is
300 Hz This is in physical terminology.
(See Question 1.52.)

BASIC PRINCIPLES OF SOUND

17

1.58 What are the characteristics of
the various octaves between 16 and

16,000 Het-The frequencies between
16 and 32 Hz are called the first octave
and are the frequencies in which the
lowest swell tones of an organ are
heard, and where the threshold of feeling exists.
Frequencies between 32 and 512 Hz

are referred to

as

the second, third,

fourth, and fifth octaves. This is the
rhythm section where the lower and
upper bass frequencies are found. If the

response in the second and third octaves is accentuated, the reproduction
will be reverberant and become objectionable to the true music lover. With
the proper frequency response, the low
frequencies of the drums and piano will
be reproduced in their proper perspective.

From 512 to 2048 Hz are the sixth
and seventh octaves. U speech is limited

between the lowest and highest frequencies is obtained when the highest
frequency multiplied by the lowest frequency equals 600,000.

Thus, a reproducing system with a
low frequency response of 40 Hz and an
upper frequency of 15,000 Hz will meet
these requirements.
1.59 What is vibrato?-Frequency
modulation of a tone or the musical embellishment of a tone. It is employed by
vocalists and musical artists to enhance

the presentation. The average rate of
vibrato is 5 to 7 Hz.
1.60 What is tremolo?-Amplitude
modulation of a tone. In en organ, the
tone is modulated by a mechanical deWhat do the terms consonance

and dissonance mean?-If two or more
tones are sounded simultaneously and
they are pleasing to the ear, they are
consonant; if displeasing, they are said

to this frequency range, it will have a
telephonelike quality, because the human ear starts to approach its maximum sensitivity around 2000 Hz and

to be dissonant.

continues up to 4000 Hz. If the response

arc termed imperfect unisons. The term
mistuned consonants refers to beats be-

of the sixth octave is accentuated with
respect to other parts of the frequency
response, the quality of reproduction
will have a hornlike quality. Also, if
the response is increased between 1000
and 2000 Hz, the reproduction becomes

tinny. Over accentuation of both the
sixth and seventh octaves is one of the
causes of listener fatigue.

At times, the term mistuned consonance may be used in contrast to beats

of nearly identical frequencies, which
tween a given frequency and another
frequency which is not quite in harmonic relationship with the former,
such as 500 Hz and 1002 Hz.
1.62 What is a chord?-A combination of three to seven tones harmoni-

cally

related
neously.

Accentuating the eighth and ninth

1.63

octaves, 2048 to 8192 Hz, adds presence
to the program material and creates the

tensity

illusion that a person speaking is present in the room. Within these frequencies lie the labial and fricative sounds.
Labial sounds are those made with the

lips and fricative those cause by the
rustling of the breath

as

sound

is

emitted by the mouth. As a rule, recording systems are equipped with
equalizers for controlling the amount of
presence.

(Sec

Questions

6.106

and

6.107.)

The tenth octave occupies the region
between 8192 and 16,000 Hz. These frequencies add brillance to the reproduc-

tion, reproducing the tinkling of bells
and the higher frequencies of the triangle, cymbal, and other instruments. It
has been proved by exhaustive listen-

ing tests that for high quality reproduction of music, the correct balance

and

sounded

simulta-

Define loudness.-It is the inof

the

sound

stimulus and,

chiefly, a function of sound pressure.
However, it is also dependent on the
frequency and the complexity of the
waveform.

At times it may be advantageous to
express the change in loudness in percentage. To do so, the level of the original sound must be known. The graph
in Fig. 1-63A gives an approximate answer for different values of the original
sound level. The tabulations in Fig.
1-63B were taken from Fig. 1-63A, for
reductions of 6 and 10 dB.
1.64 How arc the waveforms of pro-

gram material classified?-They are of
a complex nature and seldom of sine wave characteristic. Typical complex
waveforms are illustrated in Figs. 1-64A
and B.
1.65
Describe the construction of a
complex waveform. - A Via V efOl7.1 con-
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forms. It will he noted that neither of
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1-63A. Percent loudness reduction
versus loudness level in decibels.

Fig.

the waveforms is of sine -wave character. The speech waveform indicates
considerably more amplitude above the
line than below; therefore, when transmitting or recording such waveforms,
the system must be capable of transmitting or recording the maximum amplitudes without overloading.
Because the maximum peaks are 8 to
14 dB above the average level indicated
by a VU meter, it is necessary that this

be taken into consideration when setting up a recording channel. If this is
not done, serious overload will occur.
This latter subject is discussed in Questions 10.27 and 10.28.
1.66 What is partiall-A

physical

component of a complex waveform. It
ORIGINAL
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Fig. 1-638. Original loudness level versus
reduction in decibels/percentage.

may be a frequency higher or lower
than the fundamental frequency, and
may or may not be harmonically related to the fundamental.
1.67 Define volume range.-It is
the difference in amplitude between the
softest and loudest passages in a recording or a live pickup. In a recording
system, the signal-to-noise ratio of the

system determines the maximum volume or dynamic range of that system.
For a live pickup, the volume range is
limited by the ambient noise level of
the recording studio and the system
noise combined (Fig. 1-67). Signal-tonoise measurements are discussed in
Section 23.

ssting of a fundamental frequency and
its harmonics, or other frequencies,
superimposed. When a complex waveform is viewed on an oscilloscope, it
appears as shown in Figs 1-64A and B.

The waveform in Fig 1-64A is typical
of a symphony orchestra, while that in
Fig. 1-64B is typical of speech wave -

AIMIENT
NOISE LEvEL

swot°

NOSE LEVEL ai
SYSTEM

Fig.

1-67.

The

dynamic, or

volume,

range of a recording system is limited by
its own signal-to-noise ratio, and the
Fig.

1.64A. Waveform of a symphony

ambient noise level of the studio.

orchestra as viewed on on oscilloscope.

Fig. 1-64B. A typical speech oscillograrn
showing the energy or amplitude of the
positive and negative peaks which are
not symmetricol.

1.68
What is the range of the human voice in octoves?-When singing,
about two octaves: however, female
voices have been known to cover a
four -octave range.
1.69
What is the effect of removing

the lower frequencies from the human

voice?-Because the greater portion of
human speech intelligibility lies above
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This relationship should set to rest
the contention that the decibel is used
in acoustic measurements because the
human ear responds to the intensity of
sound logarithmically. At no level is a
logarithmic characteristic indicated; actually, the loudness is approximately
proportional to the sound pressure
raised to the 0.6 power.
1.71
What is the frequency range
of a telephone system for the transmission of speech?-For quality reproduc..
lion of the human voice, a telephone
receiver must exhibit good frequency
response across a bandwidth of about
3000 Hz. or from 200 to 3400 Hz. The
intensity of normal conversation, heard
at a distance of 3 feet, is on the order
of 60 to 70 dB above the threshold of
hearing. The frequency response for
a modern telephone receiver and for
one nianufactured in 1905 is shown in

800 Hz, the lower frequencies may be
removed without affecting intelligibility. Removing the higher frequencies
reduces the intelligibility to the point
where speech becomes unintelligible.
Articulation tests indicate that, when
freqnencies above 1550 Hz are removed,

the intelligibility falls oIl 65 percent.
The reproduction of speech may be
limited to a bandwidth of 250 to 3500
Ilz with a high degree of intelligibility.
For motion -picture dialogue recording,

frequencies below 800 Hz are slowly
rolled off to where 100 Hz is down 8 to
12 dB, with reference to 1000 Hz. The
midrange high frequencies are accentuated 4 to 6 dB to add presence to the
speaking voice. This characteristic is
shown graphically in Fig. 18-81.
1.70 Does the human ear hear all
frequencies with the same intensity?No, the human ear is less sensitive at

both the lower and upper ends of the
frequency spectrum, and this charac-

Fig. 1-71.
1.72 What is meant by an inharmonic frequency?-A frequency which
is not a rational multiple of another

teristic varies with both age and sex as
shown in Fig. 1-99A and Fig. 1-99B.

frequency.
1.73 What is instantaneous speech

The human ear shows its greatest sensi-

tivity between 500 and 6000 Hz. As an
example, at the lower intensities, the

power?-The rate at which sound energy is being radiated by a speech

judged loudness of a 1000-117. tone var-

ies approximately in proportion to the
square of the sound pressure. At the
higher intensities, the loudness varies
approximately as two-thirds power of

source at any given instant.
1.74 What is peak speech porierT-

The maximum value of the instantaneous speech power within a given time
interval.

the sound pressure.
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loudness, 1000 Hz and 50 Hz. Let the
1000 -Hz tone have an intensity level of
plus 80 dB (re 0.0002 microbar). Following this curve out to 50 Hz it indicates that an intensity level of plus 85
dB is required to make the 50 -Hz tone
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Fig. 1-71. Frequency response of a modern telephone receiver compared to one
manufactured in 1905. (Courtesy, Bell
Telephone Record;
1.75

What is average speech power?

-The average value of the instantaneous speech power for a given interval.
1.76

What are equal loudness con-

tours7-A group of sensitivity curves
plotted for the human car showing its
characteristic for different intensity
levels between the threshold of hearing
and the threshold of feeling. These data
are often referred to as equal loudness

contours. The reference frequency

is

sound as loud as the 1000 -Hz tone, or a
difference of 5 dB. Assume now that the

gain of the system is lowered to where
the 1000 -Hz tone has an intensity level
of plus 40 dB. By following this curve
out to 50 Hz, it can be seen that the intensity must be increased to 72 dB to
equal the loudness of the 1000 -Hz tone,

or an increase of 32 dn. It will be rioted
that in lowering the level, the balance
between the low- and middle -range
frequencies has been destroyed, and to
the ear it appears that the low frequency response is lacking. This is the

principal reason for including a loudcontrol in home reproducing
equipment. It also emphasizes the need
for establishing a monitor level in a reness

cording studio and maintaining it from
day to day to assure uniformity of product. (See Question 5.65.)
Weighting networks used in sound (see Question 2.93) are

1000 Hz.

level meters

The curves of Fig. 1-76A made by
Fletcher and Munson of the Bell Telephone Laboratories, are generally accepted throughout the sound industry

based on the Fletcher -Munson measurements, but modified to take into
account the random nature of a sound

as a basis for the design of devices concerned with human hearing. The curves
given in Fig. 1-76B were made by

Churcher and King of England; those
in Fig. 1-76C by Robinson and Dadson
also of Englund; and those of Fig. 1-76D

by Pollack of the United States. Although these curves differ somewhat,
they all give the same general information, and are in fairly close agreement
with the Fletcher -Munson curves, except for the differences at the higher
and lower frequencies. The dotted line
in Fig. 1-76C is the minimum audio fre-

quency (MAF) that can he heard by
the human ear. The curves of Fig.
1-76D by Pollack were made in 1952
using relatively narrow hands of random noise.

Referring to Fig. 1-76A, it will be observed that the contours are not equally

spaced, but generally converge at the
lower frequencies. This characteristic
causes a change in the quality of reproduced sound when the volume level is
changed. As an example: Consider a
system carrying two pure tones of equal

field in an enclosure.
1.77
Why do sounds heard by the
human ear increase and decrease in

pitch as the intensity of the sound is
varied?-lt is caused by the nonlinearity of the human car. It has been determined experimentally that the pitch
is related to the basilar membrane, a
delicate part of the cochlea, a spiral,
cylindrical tube forming the innermost
of the three portions of the labyrinth
of the human ear. Because of the structure of this membrane, the relationship
between

pitch and frequency

is

not

exactly linear.
If the intensity of 100 Hz is increased
from a loudness of 40 to 100, the pitch
will be decreased about 10 percent. At
a frequency of SOO Hz, the pitch will
be changed about 2 percent for the
same increase of intensity.
1.78 What is a consonant?-A
speech sound characterized in enunciation by constriction of the breath channel. Letters such as P, G, N, L, R, and
W are called consonants.
1.79 What are sibilants?-Highfrequency sounds uttered with a hiss-
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ing effect. The letters S and Z and the
combinations SH, ZH, and CH are typical examples of sibilant sounds. These
sounds are a constant source of annoyance to the recording engineer.
For motion -picture recording, sibilant sounds are attenuated by the use of
a "de-esser" installed in a compressor
amplifier, as described in

Questions

18.89 and 18.91.
1.80 What is the sound pressure one
foot from the mouth of a person speaking in a normal tone of voice?-Approx-

imately one dyne per square centimeter. For a shout, the pressure may rise
to 10 dynes per square centimeter,
while a whisper may fall to 0.10 dyne
per square centimeter.
1.81
How does a typical speech
waveform appear on an oscilloscope?-

tracted as the case may be, and then
converted back to decibels.
1.87 How much must the loudness
of a sound be increased to make it sound
twice as loud to the human ear?-Physi-

ologists have devised a scale of loudness, which rank -orders sound from soft

to loud in units of sones. The physical
quantity measured is the sound pressure level. One thousand Hz is used as
a reference frequency, at a sound pressure of 40 dB above the threshold of
hearing (0.0002 microbar); this is taken
to he 1 sone. Doubling the loudness is
equal to 2 bones. The relationship of
sones versus sound pressure is shown in
the graph of Fig. 1-128. At the low intensities, the loudness of the 1000 -Hz
tone varies approximately in proportion

to the square of the sound pressure,

A typical waveform was shown in Fig.
1-64B. It will be noted that the amplitudes of the positive peaks are greater
than for the negative peaks. because the
human voice is not of a true sine -wave

while at the higher intensities it varies
approximately two-thirds power of the
sound pressure. (See Question 1.70).

character.

taneously,

1.82

Define the threshold of hear-

ing.-It is the sound level for a given
frequency that the average human ear
can just hear 50 percent of the time.
The threshold of hearing is relative to a
sound pressure of 0.000204 dyne per
square centimeter, which equals 0.0002
microbar or 10-" watt per square centi-

1.88 If two tones of the some frequency and intensity ore sounded simulis the sound intensity twice
as loud as for a single tone?-No. The

overall level of intensity will only be
tucreased 3 dB. Fig. 1-88 is a chart
for adding acoustic powers. Assume two

tones, one plus 30 dBm and one plus
22 dBm, are to be added. What is the
acoustical power for the two, in decibels? Since 30 dBm minus 22 dBm is a

meter. (See Questions 1.35 and 1.41. The

difference of 8 dB, enter the chart at

point in space must he specified.)

the bottom for 8 dB and follow the line
upward to the intersection of the curve.
The value read at the left of the chart,

What is the dynamic range of
the human ear? -120 dB, or a ratio of
one trillion -to -one. A high quality
magnetic -tape recording system has
1.83

only a dynamic range of 60 dB, or one
What is an articulation test?-

A quantitative measurement of the intelligibility of human speech. The test
is conducted by reading selected sentences to a group of listeners. A score
is kept by each listener as to the intelligibility of each sentence, word, and
syllable. Such tests are used in the testing of telephone and other communication equipment.
1.85

What is the average deflection

of the human ear drum for sounds of
different intensities?-The variation in
deflection is from 10 to 40 millionths of
an inch.
1.86 How
added? -11 the

for the two powers is 30.65 dBm.

This chart may be used for adding

million -to -one.
1.84

in this case 0.65 dB, is added to the
higher power. Thus, the overall level

are

acoustic

powers

level is given in decibels.
it is converted to power, added or sub-

measured noise levels or for any problem of a similar nature.
1.89 What is a whole tone?-The
interval between two sounds whose

basic frequencies are a ratio approximately equal to the sixth root of two.
1.90 Define velocity.-It is the time
rate of change of position. Unless angular velocity is stated, the term is understood to mean linear velocity.
1.91
What is the velocity of sound
through solid materials?See Fig. 1-91.

1.92 What is the frequency range
through water?-From 2 Hz to 50 megahertz (50,000,000 Hz).
1.93
Does the velocity of sound depend on frequency?-No. The velocity

22
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Material

Feet per second

Aluminum
Brick.

16,740

Copper
Carbon dioxide

11,670
846

Glass

16,830

9

rs

12,500

Iron

;

5130

Lead

4026

Pine (direction of grain)
Silver
Water

10,900

Steel

16.500

Fig.

N

Fig.

What

is

the

decay

rate of

sound?-The time required by a sound

How is decay rate measured?

.4C

2

C222012/2211 SMOKE, MOW S.

1-88. Chart for adding acoustic
powers or noise values.

1-91. Velocity of sound.

to diminish from its original intensity
to the threshold of hearing, or one millionth of its original intensity.
7.96

O

4728

of sound is governed by the medium of
transmission, the temperature, and the
intensity of the sound.
7.94 Show the attenuation of high
frequency sound waves in air.-Sound
waves are affected by distance, humidity, and frequency. The attenuation in
air for several frequencies, at different
humidities, is shown in Fig. 1-94.
1.95

a

8553

-Generally by an oscillator and an
automatic graphic recorder. (See Question 22.112. The recorder measures the
decay rate in milliseconds. The intensity
level at the end of a given decay period,
in decibels, is:
dB = 10 Log,,,

P,

Pa

where,
P,

is the original intensity in watts,

P., the diminished intensity in watts.

1.97 What is the acceleration of a
sound wave?-The time -rate of change
of the velocity of the point.
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Fig. 1-94. Absorption of high -frequency sound waves in air for a given distance and
relative humidity.

25

BASIC RINCIPLES OF SOUND
I.0

F.11.1.1

0.001
01

0

1.0

00

.0

SCONO PRESSURE :4 IMES PER CM'

Fig. 1-98. Relationship between sound pressure and particle velocity in a plane wale
in air and water a 20° Centigrade.

What is particle velocity?-It
1.98
is the velocity of a given infinitesimal
part of the medium, with reference to
the medium as a whole, due to the
sound wave. The unit of measurement
is the centimeter.
This relationship is shown graphically in Fig. 1-98. For example, to find
the velocity for a sound pressure of
3 dynes/cm' in water, enter the chart at
the lower left edge at 3 dynes, and follow the vertical line upward until it In-

affecting the time required for a tone to
intensity and then decrease to a given level of intensity.
1.101

-The intensity of sound, independent
of its frequency, is proportional to the
average of the square of the pressure

the diagonal line for water;
read the velocity at the right margin
tersects

5

0.02 cm/second.
1.99 Show the hearing losses with

0

oqe for the human ear.-In 1939 The
Bell Telephone Laboratories conducted
tests at both the New York World's Fair
and San Francisco Exposition to determine the effect of age on the hearing of

the human ear. Over one-half million
records were made in five age groups,

5
-1

a)

0
5
20

10-19, 20-29, 30-39, 40-49, and 50-59. The

25

results of these tests are shown in Fig.
1-99A and Fig. 1-9913. It will be noted
that the high -frequency loss is less with

30

age for women as compared to men;
however, this is reversed at the lower
frequencies
1.100 What law does the growth

and decay of a musical instrument follow?-Generally, the exponential law

What is meant by the term

in phase?- -The state or condition existing when two devices or sound waves
arc in perfect synchronization
1.102 Explain the relationship of
tic power to the intensity of sound.
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Fig. 1-99A. Typicol hearing losses for
men. (Courtesy, General Radio Co.)
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1-103. Graphical plot showing the

relationship

intensity
level.

of

Fig.

to

intensity

change in the loudness sensation produced.

taken over a complete pressure cycle.
Intensity is defined as the power in
watts that is transmitted across one

square centimeter of wavefront, perpendicular to the direction in which the
sound is traveling. The power of even
the most intense sound expressed in

watts is extremely small. The unit of
acoustical intensity is 10-" watts per
centimeter. This intensity is
slightly less than the least intensity of a
1000 -Hz tone which is audible to the
human ear. Even a painfully intense
sound has the intensity of only 1/1000
watt per square centimeter. The square
square

root of the average square (root -mean square) of the sound pressure that corresponds to 10 watt per square centimeter, is 0.0002 dyne per square centimeter. A dyne is the force equal to
1/980 of the weight of a gram. Therefore. an rms sound pressure of 0.0002
dyne per square centimeter is equal to
about two -millionths of a gram weight
per square centimeter. The intensity of
sound is generally expressed in 10
watt units, and sound pressure in 0.0002
dyne per square centimeter.
1.103 Define intensity and intensity
level.-As an acoustical device, the human ear is unsurpassed in the range of
lntensities to which it will respond,
without being damaged, as well as in its
extreme sensitivity to faint sounds.
However, the ear is relatively insensitive to changes in intensity. Roughly
speaking, the intensity of a sound must
be increased by approximately 26 per-

cent, in order for the ear to register a

The graph in Fig. 1-103, illustrates
the relationship between intensity and
intensity level. The ordinates of the
points on the straight line are ten times
the logarithms of the numhers of the
horizontal scale. Thus, intensity level is
plotted versus intensity. The first vertensities from to 10, the second from
10 to 100, the third from 100 to 1000, etc.
The graph may be extended to give the
1

intensity level of any intensity by multiplying the intensity by 10, which raises

the intensity level by 10 dB. Thus, the
intensity level for 2.5 is 4 decibels; for
25 it is 14 dB; for 250 it is 24 d13: for
2.500,000 it is 64 dB.
1.104 What is the relationship of
distance to the intensity of a sound

wavel-Sound in free space follows an
inverse -square law; that is, the intensity of the sound varies as the square
of the distance. If an observer moves
to twice the distance from the sound
source, the intensity will decrease to
one -quarter the original intensity If
the distance is increased to ten times.

the intensity will he reduced to one
one -hundredth that of the original intensity.

This relationship exists because the

area covered by the sound wave increases as the square of the distance.
The sound energy is spread out over a
greater area; therefore, the energy is
decreased
inversely by the same
amount.
1.105

What is the relationship of a
sound wave in air to a sine wave? The
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energy of the sound wave in air is pro-

portional to the nns value of the sine
wave.

1./06 What is static pressure?The pressure existing in a medium
when no sound waves are present. The
pressure is expressed in microbars.
1.107 What is instantaneous sound
pressurig-It is the total instantaneous
pressure at

a

point minus the static

pressure at that point. Instantaneous
sound pressure is stated in microbars.
1.108 What is the maximum sound
pressurel -The maximum absolute
value of the instantaneous sound pressure occurring during a given cycle,
stated in microbars

1.115 What is a sympathetic vibration?-An undamped body set in vibration on a certain frequency by airborne
sound waves or building vibrations.

What

1.116

are

Fletcher -Munson

contours?-A group of ear characteristics plotted with reference to frequency
and pressure, starting at the threshold
of hearing. These curves are illustrated
in Fig. 1-76A.
1.177 Show typical sound levels encountered in daily life. --The sound levels encountered in daily life are many

What is peak sound pressure?

and vary over a large range of sound
pressures. In Fig. 1-117A are shown
typical overall sound levels referenced
to the threshold of hearing. Typical
acoustic power levels for various

-The maximum absolute value of the

sources are shown in Fig. 1-117B. These

instantaneous sound pressure in a given

latter levels bear no simple relation to
those shown in Fig. 1-117A.

1.109

interval, stated in microbars
1.110 What is effective sound piesa

It is generally more convenient to express the ratio between two sound pressures in decibels. Since sound pressure

given time interval, at a given point.

is generally proportional to the square

In the case of periodic sound pressures,

the interval must be an integral num-

root of the sound power, the sound
pressure ratio for a given number of

ber of periods or an interval longer

decibels is thy square root of the corre-

than one period.

sponding power ratio. For example, if

How arc sound pressure levels
stated?-The level, in decibels, of a

one sound pressure is twice another, the
number of decibels is 6; if it is 100 times
as great, it is 40 dB. Sound pressure can

sure?-lt

is

the rms value of the in-

stantaneous sound pressures, over

1.111

sound is 20 times the logarithm to the
base 10 of the ratio of the pressure of
the sound to the reference pressure.
Reference pressures in common use sire:

also be expressed as sound pressure
level with respect to a reference sound
pressure. For airborne sound, this reference is generally 0.0002 microbar. The
definition of sound pressure level

(a) 2 x

microbar.
(b) I microbar.

(SPL) is:

Reference pressure (a) is the one most

commonly used for the calibration of
microphones and sound level measuring instruments.
1.172

What is the sound power of a

source?-The total sound energy radiated by the source per unit of time. The
commonly used unit is the erg per second, but it may also be expressed in
watts.
1.113

the ambient noise level of the auditorium.
1.114

How

are

sound

pressures

measuredl-in microbars. One micro bar equals a pressure of one dyne per
centimeter, or approximately
one -millionth of the normal atmospheric pressure.
square

where,
P

is

the

root -mean -square

sound

pressure in microbars.

For example, if the sound pressure is
microbar, the
sound pressure level is:
0.00025

1

What is the dynamic range of
a full symphony orchestral-From 20 dB
to 100 dB above the threshold of hearing. The lowest level will be affected by

= dB

SPL = 20Log,..

corresponding

4000

15.0002 =
2OLog.. 4000 = 20 x 3.60 = 72.0 dB
A chart for converting decibels to
pounds per square inch rms pressure, or
vice versa is given in Fig. 1-117C.
1.118 What effect does the non linearity of the human ear hove on hear

ing?-If a pure sine wave is impressed
on the human ear and the intensity is
increased, harmonics of the fundamental frequency appear.
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Fig. 1-1 1 7A. Typical overall sound levels encountered in doily life. The levels ore in
reference to 0.0 0 0 2 microbar. (Courtesy, General Radio Co.)

Since the human ear

is

nonlinear,

multiple tones cause the generation of
suns and difference frequencies thus
creating distortion (see Question 1.77).
Using a harmonic wave analyzer, Newman, Stevens, and Davis were able to
detect the presence of GG different frequencies in the electrical response from
the cochlea of a cat's ear, when stimulated with 700 and 1200 Hz at a SPL of
90 dB above the threshold of hearing.
This indicates the complexity of the
ear and the great number of frequencies generated for only the application
of two frequencies. As the number of

tones arc increased, so are the sum and
difference frequencies. Thus, the number of frequencies generated by the ear
is tremendeous when listening to a full
orchestra. A table of frequencies generated by a cat's ear is given in Fig. 1-118.
This phenomenon is termed aural harmonics.
1.119

What effect does nonlinear
reproduction hare on the human ear?Nonlinear reproduction induces harmonics not present in the original program material. If the high frequency
response is reduced, an increase of distortion can be tolerated.
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Starting from a very low value of
distortion and slowly increasing the
harmonic distortion will cause the third

harmonic to become audible, at low
levels, with a value of about 125 percent. The second harmonic may be increased to approximately 5 percent be-

30
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VERY mar ve

1141.14

fore it becomes annoying. Reproducing
systems with a high -frequency cutoff of

6000 Hz may tolerate distortion up to
10 percent, while a system extending to
15,000 Hz can not tolerate over 2 per-

cent total harmonic distortion. A good
rule to follow is: Before Increasing the
1111111M1

1111111101111Ara

4,:1111111uu
1111
'11111111111111
111111111111111
I

M1111111111111M11111111Ma11i1.1ma11il I

allitall11111:111111111111111111
10

10

MOOS REP MAK 4404 .,WOE (I

Fig. 1-117C. Conversion chart, decibels to pounds per square inch
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an % of

Frequency Fundamentals

Source

Frequency Fundamentals

Source

100

2.0

3f. -

3700

1.1

6/, - 51,

200

7.9

21., - f,

3800

22

21. + 21,

300
400

3.7

0.84
0.47

500

4.0

1.-f,

700

100.0

3900
4000
4100
4200

51, - 31,

0.58

2f, - 3/,
41:- 2/,

BOO

3.3

31. - 41,

900

1.0

1000
1200

1.3

100.0

1300

1.8

41,-51,

1400

3.1

2/,

1500

1.3

31,-3f,

1600

0.16

412-1,

1700

18.0

4/.-1,

0.6

61,

4300

1.0

3f,+1:

3f, -1,

4400

0.42

6f. - 4f,

2/, -

4500

2.3

4600

1.0

31, - 21,
51. - 21,

4700
4800
4900

0.42

5/, -1,

0.32
0.33

41,

5000
5100
5200
5300
5400
5500
5600
5700
5900
6000
6100
6200
6400
6500
6600
6700
6900

2.7

3f. - 2f,

1.4

0.45

61. - 31,
41, - 21,

0.2

5fi -1,

7100

0.1

41, + 31,
SI, + 31.

7200
7600

0.15

61,

0.3

4f, + 41,

if

2f,-f,

5f, - 6f:
1, -1,

1800

083

1900

3.2

2000
2100
2200
2300
2400

0.58

2600

8.0

2700
2800
2900
3000
3100
3200
3300
3400
3500
3600

3.5

41. -

2.0

41,

2.5

3/1-

0.2

6/, - 61.,

3.2

4f, - 41.,
3/,
31. - 21:

0.17

51, - f,

3.0

21,

1.1

10.0

41,- 1,

1.4

f,

2f, +f,

1.3

5/, - 4f:

12
1.3

3f: +1,
4f, - 2/,

0.2

5f:

1.8

3f,

71,

- fl

0.33

0.38
0.67
0.97

41, -1,
71, -41,

0.33
0.1

51, + 21,
5f,

0.28

77,+ 1.

0.45
0.77

4f, + 2/,

0.33

8f. - f,

0.12

61,+ 21,
51, +1,

0.25
0.67

3f1+ 31,

3/,

Fig. 1-1 1 8 Sum and difference frequencies measured from the cochlea of a cats car,
when stimulated by frequencies of 700 Hz If,) and 1200 Hz If,) totter Newman,
Stevens, and Davis/.

frequency range of any reproducing
system, reduce the harmonic distortion
to a negligible. amount.
1.120 What is the relationship of a

F,
.4,

F2

Fy

fundamental frequency to its harmonics?

-A fundamental tone with its harmon-

F4

ics up to an including the sixth harmonic, is shown in Fig. 1-120.
1.121
What is a Iron-field/-A
sound field free from reflecting surfaces, or sound in free space.
1.122 What Is a node or nodal

point?-A point on

vibrating body
that is free from vibration, or a point of
zero potential in an electrical circuit,
with respect to ground.
1.123 What Is a nodal diagram?-

-==wec..Fig.

1-1 2 O.

A fundamental frequency

and

its harmonics.

a

A diagram of a stretched diaphragm
showing the points of maximum and

minimum vibration for a given set of
conditions. Such patterns are made by

vibrating a diaphragm having a light
covering of sand on its surface. The
sand will assume a pattern indicating
the various points of vibration.
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1-124. The Doppler effect. showing how the frequency of a train whistle
affected os the train approaches and recedes horn the observer.

Ficy

being added to the velocity of the
sound wave. Conversely, as the train
moves away from the observer, the
pitch decreases because the speed of
recession is subtracted from the normal
velocity of the sound wave, resulting in
a lower pitch. This effect is illustrated
in Fig. 1-124.
1.125 Define the term dyne. The
dyne is a Una of force used in acoustic
measurements. Approximately 450.000

1.121 What is the Doppler effect?The change in pitch of a sound heard
by an observer when the sound source

is in motion. An example of the Doppler
effect will be noted when a train blowing its whistle approaches an observer.
The sound appears to increase in loud-

ness and pitch. After passing the observer,

the

is

pitch and intensity drop

quite rapidly until the sound fades out
completely.

The increase in pitch is caused by
compression of the sound wave as a re-

dynes equal one pound of force, and

sult of the forward mo ion of the train

equal one pound of force per square

68,944

dynes

per

square centimeter
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1959), and is useful to the audio engineer. The relation of sones to phons

inch. One dyne will exert a pressure of
0.000036 ounce on a surface one centimeter square.
1./26 What ore the acoustic pressssss generated In average music reproduction? -About 0 005 to 240 dynes per
square centimeter.
1./27 What is meant by the term
bone conduction? -Sound conduction to
the inner ear by the cranial bone rather

may be expressed as:

S=2

'°

where,

S is the loudness in sones,
P is the loudness level in phons.

This relationship is a good approximation to the psychoacoustical data but
not accurate enough for research on the
subjective aspects of hearing. For example, given a loudness level of 81
phons, in the +1 column in the 80 row,

than by air to the car drum.
1.128 Define the sone.-It is a unit
of loudness graduated in equal steps
and is used in the measurement of the
human ear characteristics. One sone is
equal to 10 microwatt per centimeter

read 17.1 sones.

The loudness scale is employed by
comparing the intensity of a tone to the
reference frequency. Tones between 800

squared. The loudness of a 1000 -Hz tone

40 dB above the threshold of hearing is
equal to one sone. A tone twice as loud
equals two sones, and so on. A millisone
is one thousandth of a sone and is often
referred to as a loudness unit. A graph
for converting decibels to sones and
vice versa is shown in Fig. 1-128.

and 2000 Hz show little difference in
loudness. Frequencies that are between
2000 Hz and 8000 liz show a slight loss.

Above a frequency of 8000 Hz, the intensity decreases as the frequency is
increased.

Def;ne the phon.-The phon
is a unit for measuring the loudness
level of a pure tone (sometimes called
a loudness unit). Because the human

Frequencies below 50 Hz require the
intensity to be increased 250,000 times
to make them equal in loudness to the

1.129

reference frequency of 1000 Hz. The
loudness level in phons of a sound is
numerically equal to the sound pressure in decibels relative to 0.0002 microbar at 1000 Hz A level of 40 phons

ear does not hear on a linear scale, dou-

bling the intensity of a sound does not
result in doubling the intensity of the
sound at the ear. A true loudness scale
would be one that doubles the sensation

at the car when the intensity of the

equals one sone, when referred to 0.0002
microbar.

sound is doubled. Such a scale is the
loudness scale. Its unit of measurement
is the phon, with a reference frequency

1.130 What is a summation Irequency?-A frequency which is the direct result of two other frequencies be-

of 1000 Hz.

ing sounded simultaneously, and is the
sum of the two frequencies.
1.131
What is the frequency range
of musical instruments as compared to

A graphical plot of phons versus
sones appears in Fig. 1-129. A simplified
relation between loudness in sones and

the loudness level in phons has been
standardized internationally ((SO/R131Phony

0

+1

20

0.25

0.27

30

050

+2
0.29
0.57

0.31

1.15

1.23

2.30
4 59

2.46

0.62

0.33
0.66
1.32
2.64
5.28
10.6

40

1.0

0.54
1.07

50

2.0

2.14

60

4.0

4.29

70
80
90

16.0

17.1

18.4

19.7

21.1

32.0
64.0

34.3

36.8

39.4

68.6

73.5

78.8

42.2
84.4

100

8.0

8.60

920

4.92
9.80

ranges

the

of

human

voice, broadcast, and recording systems?

+4

+3

frequency

the

+5
0.35
0.71

+6

+7

+8

+9

0.38
0.76

0.41

0.44

0.81

0 87

0.47
0.93

1.41

1.52

1.62

1.74

1.87

283

3.03

3.25

3.48

5.66
11.3
22.6
45 3
90.5

6.06

6.50

6.96

3.73
7.46
14.9
29 9
59.7

12.1

24.3

48.5
97.0

13.0
26.0
52.0

13.9
27.9
55.7

104

111

119

239
478

110

128

137

147

158

169

181

194

208

223

120

256

274

294

315

338

362

388

416

446

Fig. 1-129. Table for converting phons to tones or vice versa. (Courtesy, General
Radio Co.)
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Fig. 1.131. Frequency range required for realistic reproduction of various sound
sources.

A comparison of the frequency ranges
of the human voice, recording and

broadcast systems, and the human ear
is shown in Fig. 1-131. The ranges
shown include the fundamental frequencies and their harmonics, with the

frequency range indicated for faithful
reproduction. Some types of musical instruments generate noise and suhhar-

monies having frequencies below the
fundamental frequency. In some instances the fundamental frequency is so

low in intensity that it may be filtered
out without discerning any change in
the characteristics of the instrument.
The frequency ranges shown include
the more commonly used instruments.
1.132 What are the intensity levels
of musical instruments used in on orchestra when referred to the threshold

1.133
What value of sound velocity
is used in scientific measurernentsP-For
scientific measurements, the velocity is

taken as 1087.42 feet per second, or 331.4

meters per second, at a temperature of

O'C, with zero moisture content at a
pressure of one atmosphere. For sound
measurements the velocity is taken as
1127 feet per second, or 343.4 meters per
second, at a temperature of 20° C. (See

Question 1.50.) The speed of sound for
any given temperature is:
1087

V

(2,/73-}- t)
16.52

where,

V is the speed of sound in feet per
second,

t

is the temperature in degrees Cel
sius..

of heaving?
1.131

Define the term Drones, lac-

Piano
Organ

60 to 100 dB

35 to :l0 dB

tor.-This terns is associated with the
liveness or brilliance of an auditorium

Bass drum
Trumpet
Violin
Tympani

35 to 115 dB

or

55 to 95 dB
42 to 95 dB
30 to 110 dB
40 to 110 dB

sound coming from the source and the
reflected sound that an observer hears.
The greater the reflected sound, the
greater the liveness of the enclosure.
Liveness in recorded or radio sound

The above are intensities measured at

reproduction creates the illusion that

a distance of 10 feet from the instru-

the program is coming from a large auditorium. Liveness may be calculated:

Cymbal

ment.

recording stage. Liveness

is

the

34
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L =1000

T'
V

where,

T is the reverberation time of the en-

36 -inch bass drum
15 -inch cymbal

24.6

watts

9.5

Snare drum

11.5

watts
watts

closure in seconds,

Piano

0.267 watt

from the observer,

Piccolo

0.084 watt

French horn
Violin

0.053 watt

D is distance of the sound source
V is the volume of the enclosure in

cubic feet.
1.135 What is an acoustic shadow?

-It is a region of reduced sound pressure, caused by an obstacle in the path
of travel of a sound wave. The size and
reduction in the intensity of the sound
will be governed by the size and shape
of the obstacle and the wavelength of
the sound wave.
1.136 Whet is the frequency irreg-

ularity of an enclosure?-The irregularity per one -cycle bandwidth expressed
in decibels per cycle.
1.137 What is the transmission irregularity of an enclosure?-For an arbitrary band of frequencies, it is the sum

of the crest values in decibels, minus
the sum of the valley values, also in

0.025 watt

As shown above, a bass drum will generate a peak power of 25 watts while a
violin will generate only 0.025 watt.
This shows the need for an amplifier of
considerable power for driving the
loudspeaker system, if the recorded
material is to be reproduced with realism and low distortion.
To illustrate this point, if a bass drum

is struck simultaneously with a violin,
25 watts of power must be handled at
the low frequencies while reproducing
only 0.025 watt of power for the violin
in the higher frequencies. Both these

the reproduction becomes objectionable?

frequencies must be reproduced in their
proper perspective covering a frequency range of 30 to 18,000 Hz.
Although a single diaphragm speaker
will have difficulty reproducing this
type of program material in its true

-Experimental data indicate for the

form, it can be reproduced in a fairly

reproduction,
shown in Fig. 1-138.

latitudes

satisfactory manner.
The reason this extreme combination

If the high frequencies are cut off at
2750 Hz, up to 15 percent may be tolerated, or about 48 percent intermodulation distortion for the same cutoff

of frequencies and powers can be reproduced at all is that the loudspeaker
diaphragm responds to different frequencies over various areas of its diaphragm, vibrating around the apex of
the diaphragm for the higher frequencies while radiating the lower frequen-

decibels
1.138

How much harmonic distortion can the human car tolerate before
modern

the

frequency.
Adequate phsychological tests have
not been made to determine the amount

of intermodulation distortion the human ear will tolerate. However, it will
suffice to say, amplifiers having low
percentage of intermodulation distortion generally sound cleaner than those

having a comparable amount of harmonic distortion. For high -quality reproduction, a reproducing system must
have less than 1 percent interrnodulation distortion (See Question 1.144.)
1./39 What are the peak powers in
watts reached by instruments used in a

type radiator is able to reproduce two
or more tones of widely differing powers and frequencies, in more or less the
original relationship.
The foregoing discussion illustrates

why a multiple speaker system is desirable, because each speaker in the

system is confined to a given frequency

band. Thus, the greatest efficiency is
obtained from each speaker.

symphony orchestra?

Acceptable
Tolerable
Objectionable

cies from around the areas near the rim
of the diaphragm.
In this manner a single -diaphragm

Music

Speech

0.7 percent
1.3 to 1.8 percent
2.0 to 2 5 percent

0.9 percent
1.9 to 2.8 percent
3.0 to 4.2 percent

Fig. 1.138. Latitudes in tolerable harmonic distortion.
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To smooth out the frequency response where the loudspeakers cross
over, a crossover network is used with
a tapering cutoff frequency response.
This subject is discussed in detail in
Section 20.
1.710

What

is

white

'mina-A

complex waveform in which the higher
frequencies get successively less in am-

plitude, with steep wavefronts similar
to a sawtooth waveform. White sound
includes all sounds perceptible to the
human ear. A sawtooth waveform con-

sists of a fundamental frequency and
even harmonics, while a square waveform

includes only the fundamental

35

and odd harmonics. The sawtooth form
of sound is called white noise because
it is analogous to white light.
1.711
What is pink sound?-White
sound was explained in Question 1.140;
it contained all frequencies perceptible

to the human car. When the output of
a white -noise generator is viewed on an
oscilloscope or a graphic level recorder,
it displays a rising characteristic of 3 dB

per octave, Fig. 1-141A. To bring the
response to an equal energy level (uniform output), a pink -noise filter, having an inverse frequency characteristic,
is connected in the output of the signal
generator. If the output is no

mea-

ht

10000E a 0
Fig

1-141A. Output of white -noise generator without pink -noise filter.

Fig. 1-1418. Output of white -noise generator with pink -noise filter.
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sured, it will display a uniform output
signal, as in Fig. 1-1418. The signal is
now termed pink noise. The sole pur-

pose of the pink filter is for the convenience of measurement. The use of
random or white -noise generators is
discussed in Sections 22 and 23.
1.142

What it black sound?-lt is

a term used to denote inaudible sounds.
Audible sounds are often referred to as

white sound. This latter term is not to
be confused with the term white sound
as described in Question 1.140.
1.143 What is scale distortion7When speech or music or both are re-

produced in an enclosure such as

a

room, and at the same acoustic level as

the original program material, the reproduced quality will be the same as
the original program material.
If the level of reproduction is lowered, a lack of both high and low fre-

quencies will be noted. In some instances a loudness control may be used
to correct for this effect Loudness controls are discussed thoroughly in Question 5.65.
1.144 Explain

phase
shift,
its
causes, and the amount that the human
ear can tolerate.-Phase shift is caused

by the delaying of certain frequencies
of a complex waveform in its passage
through a sound system or device. The
greatest delay is generally at the higher
frequencies, particularly harmonics of
the fundamental frequency, and is induced by the reactive components of
the device or system. If two tones are
applied simultaneously to the input and
one tone arrives at the output behind
the other, phase distortion exists. However, phase distortion is relatively unimportant in a sound system, unless it
is great enough to produce a time delay
greater than 8 milliseconds at the high
frequencies and more than 15 milliseconds below 100 Ilz. Phase shift in sound
systems is generally measured relative
to 1000 Hz. There is considerable disagreement by engineers, as to how important phase distortion really is. (See
Question 1.138).
1.143 What is listening fatigue and
its cause?-The exact cause of listening
fatigue is rather vague; however, it is

known that such fatigue is not caused
entirely by harmonic distortion, because amplifiers having a high degree
of listening fatigue will show a low percentage of distortion.

Experience indicates that amplifiers
with 1 percent or less harmonic distor-

tion have little effect on the listener. A
well-known authority has stated that
first order beat -tone intemiodulation
is of the greatest importance.
This type of distortion may be measured by applying two frequencies not
harmonically related to each other to
the input of an amplifier and then measuring the sum and difference frequencies at the output. Distortion due to sum
-and difference frequencies is very annoying because of its nonharmonic relation to the fundamental frequencies
of the program material.
7.146

Con

sound

be

transmitted

without a mcdium7-No. This may be
demonstrated by the classical experiment of placing an electric bell in an
evacuated chamber. If a good vacuum
is maintained, no sound will be heard
from the bell. If the air is slowly let
into the chamber, the bell will be heard,
faintly at first and, as more air is let
in, the sound of the bell will increase in
intensity. With normal atmospheric

pressure, the bell will he heard at its
normal intensity. The above experiment

proves that sound requires a medium
for its transmission.
1.147
What is the minimum change
in sound level the human car con detect?
-Psychologists have devised various
experiments to determine what changes
in level can he observed by the average
person with good hearing faculties.

Under laboratory conditions, when two
different levels are presented to the observer, with little time delay between,
the observer can detect a difference of
0.25 d13 for a 1000 -Hz tone at high lev-

els. This sensitivity to change will vary
with levels and frequency, but over the
range of most interest this differential
sensitivity is about 025 to 1.0 dB. When
the observer is exposed to wide -range
random noise (white noise) the detected change is on the order of 0.05 dB,
for sound pressures of 30 to 100 dB
above 0.0002 microbar (threshold of
hearing). Under average conditions, the

minimum change likely to be detected
is 1.0 dB.

1.148 Define en intertone.-When
the human ear hears two tones of

nearly the same frequency sounded together, the car does not recognize them
as separate frequencies, but as a single
tone. The pitch will lie between the two
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frequencies, and it
iutertonc.
1.149

Define

is

the

referred to
term
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as

Gaussian

noise.-Thermal noise is present in every component of an electronic circuit,
and establishes a minimum noise level,
under ideal conditions. Thermal noise
is said to be white noise and Gaussian
White noise means it has equal power
distribution throughout the spectrum.
and Gaussian means that the instantaneous magnitude is distributed in ac-

cordance with the law of probability,
propounded by Karl F. Gauss. (See

system developed by Lawrence G.
Kersta of Bell Telephone Laboratories,
for the positive identification of voices,
a

and is similar to the taking of fingerprints. Because each individual develops his own approach to the pronounciation of a given word or sound, and is
influenced by the physical characteris-

of the vocal cavities and vocal
cords, voices can be identified. It is
claimed that over 97 percent accuracy
tics

was achieved in 50,000 voice prints by
this system of identification.
Can decibels be added or sub-

1.152

Question 1.140.)
1.150 What is speed hearing?-lt is
an electronic device, developed by R. H.

tracted directly?-No, being a logarith-

Miller of the Bell Telephone Laboratories, which allows hearing of recorded
speech at word rates comparable to
speed reading. This device uses a harmonic compressor, and has been given
to the American Foundation for the
Blind. This compressor divides into half
the frequency components (harmonics)
in a voice recording, while preserving
the original time duration By the doubling of the half -frequency recording,
the frequency components arc restored
to their original values, resulting in

ations, the graph in Fig. 1-152 may be
used. To add decibels, the graph is entered at Numerical Difference Between
the Two Levels Being Added. Follow

normal pitch for a double -speed re-

the total value is 80 + 1.2 or 81.2 dB.
To subtract decibels, enter the graph
at Numerical Difference Between Total

cording.

The operating principle of the harmonic compressor :s as follows: Speech
is fed into a bank of 36 bandpass filters,
which separate the speech into different
frequency components. Output from the
filters is fed into 36 frequency dividers,
which have the frequencies of the narrow -band signals. The halved -fre-

quency is fed to networks which remove distortion and combine the 36
halved signals into one, where the frequency components are one-half the
original input values. This harmonically
compressed signal is then recorded on
magnetic tape where, by doubling the
speed, its halved -frequencies are restored to their original values. Thus the
syllabic rate is doubled, without doubling the pitch of the speech.

Speakers who record for the blind
speak at an average rate of 160 to 170
words per minute. Doubling the speed
without increasing the pitch results in
word rates of 320 to 340 words per minute. This compares to average speedreading rates of 300 to 400 words per
minute.
1.151

What is a voice print?-It is

mic value, they cannot be added or subtracted directly. To simplify such oper-

intersection with the
curved line, then read the Numerical
Difference Between Total and Larger
the line to its

Level. Add this value to the larger level
to determine the total level. As an example, assume 75 dB and 80 dB are to
be combined; the difference is 5 dB.
The 5 dB line intersects the curved line

at 1.2 dB on the vertical scale. Thus,

and Larger Levels, if the value is less
than 3 dB. If the value is between 3 and

14 dB, enter the graph at Numerical
Difference Between Total and Smaller
Levels. Follow the line corresponding
to this value to its intersection with the

curved line, then either left or downward read Numerical Difference Between Total and Larger (or Smaller)
Levels Subtract this value from the
0
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Fig. 1.152. Graph for adding or subtracting decibels :after Musa). (Courtesy,
General Radio Co.)
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total level to determine the unknown

Level
in dB

Accel
in G's

Level
in dB

9 dB line intersects the curved line at
0 6 dB on the vertical scale. Thus, the
unknown level is 90 minus 0.6 or 89.4

44

.000398

92

0.100

45

.000447

93

.112

46

.000501

94

.126

dB.
1.153

47

.000562

95

.141

What effect does background
noise have on acoustic measurements? Assume a recording stage is being mea-

48

.000631

96

.159

49

.000708

97

.178

50

.000794

98

.200

sured, with a ventilating system in operation. How much noise does the ventilating system contribute to the overall noise level' Two measurements are
made, one with the system on and one
with it off. To ascertain how much the
ventilating system contributes, the
graph in Fig. 1-152 may be used.
The stage without the ventilating system measures 33 dB fusing a sound

51

.000891

99

.224
.251

level meter) and with the ventilating

level. M an example, subtract 81 dB
from 90 <ID; the difference is 9 dB. The

Accel
in C's

52

.00100

100

53

.00112

101

.282

54

.00126

102

.316

55

.00141

103

.355

56

.00159

104

.398

57

.00178
.00200

105

.447

106

.501

59

.00224

107

.562

GO

.00251

108

.631

61

.00282
.00316

109

.708
.794

.00355
.00398

111

112

1.00

.00447
00501

113

1.12

66

114

1.26

58

system operating, 37 dB. The difference

62

is 4 dB. Referring to the chart and en-

G3

tering the bottom at a value of 4 dB,
following the vertical line to where it
intersects the curved line, at the left
margin is read 2.2 dB. This value is

G4

67

.00562

115

1.41

subtracted from the total measurement

68

.00631

116

1 59

(37 dB) leaving a total noise level of
34.8 dB. Therefore the SPL is only increased 22 dB when the ventilating

69

117

1.78

118

2.00

71

119

2.24

system is in use.

72

120

2.51

Define the term "G." -The
quantity ''G" is the acceleration produced by the force of gravity, which
varies with latitude and elevation of
the point of observation. By interna-

73

00708
.00794
.00891
.0100
.0112

121

74

.0126

122

2 82
3.16

75

.0141

123

76

.0159

124

77

.0178

125

3.55
3.98
4.47

tional agreement, the value 9.80665
cm/sec' equals 386.087 in./sec' equals
32.1739 ft/see', has been chosen as the
standard acceleration of gravity.

78

126

5.01

79

.0200
.0224

127

5.62

80

.0251

128

6.31

81

.0282

129

7.08

What is the relationship between sound pressure level :51'1.1 and
acceleration in G's? -A table of sound
pressure levels (SPL) in decibels (re

82

.0316

130

7.94

83

.03.55

131

84

.0398

132

10.0

85

.0447

133

11.2

0.0002 microhar) relative to the acceleration In G's is given in Fig. 1-155.

86

0501

134

12.6

87

135
136

14.1

88

.0562
.0631

89

.0708

137

17.9

90

.0794

138

91

.0891

139

20.0
22.4

140

25.1

1.151

1.155

65

70

110

.891

8.91

15.9

Fig. 1-155. Relation hip of sound pressure level ISPI.) and acceleration in G's.
:Courtesy, General Radio Co.)
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Section 2

Acoustics, Studio
Techniques, and Equipment
While acoustical engineering is a science within itself, it plays an important role
in the daily routine of the audio engineer. This section sets forth the basic principles of acoustics, as applied to sound waves in open air or enclosures. It also deals
with treatments of rooms and stages used for recording and reproduction, reverberation characteristics, noise reduction coefficients of acoustic materials,
and the shape of enclosures for optimum characteristics. Design factors are given

for dubbing and looping stages, soundlocks, monitor rooms, projection facilities,
reverberation chambers, and auxiliary equipment, diffusers, flats, microphone
booms, tempo regulators, and synthetic reverberation units. Techniques for setting -up stages, and microphone placement for small intimate groups or large symphonic orchestras are discussed. Explanations of anechoic and reverberant chambers, Rayleigh disc, Helmholtz resonator, weighted curves, ambiophonic reproduction, wave trains, sound power, and sound levels arc given.
Define the term acoustics.-It is
2.1
a science dealing with the production,

measurements. These frequencies are
given in Fig. 2-4 and the order of pref-

and transmission of sound
waves; the transmission of sound waves
through various mediums, including
reflection, refraction, diffraction, ab-

erences is

indicated by the size and
style of type. It will be noted that the
order frequencies used for measure-

effects,

ments, such as 256, 512, 1024, etc., have
now been changed to 250, 500, 1000 Hz,

sorption, and interference; the characteristics of auditorium, theaters, and

etc.

Frequencies for use with bandpass
filters are also given and are geometric

studios, as well as their design.
2.2

Define acoustic impedance.-It

the flux through that surface. Expressed

center frequencies of the bands. For
example, the lower and upper cutoff
frequencies for an octave band filter

in ohms, it is equal to the mechanical

centered on 8000 Hz are, respectively,

impedance divided by the square of the
surface. The unit of measurement is the
acoustic ohm.

5600 Hz and 11,200 Hz, these being the

is the force per unit area on a given
surface of a sound medium divided by

2.3

preferred frequencies in the series of
half -octave intervals. For certain measurement purposes, it may be convenient to depart slightly from the regular
geometric series in order to obtain the
nearest round -number approximation.
For audiometry, (see Question 22.42)
in addition to octavely spaced frequen-

Define acoustic ohm. -A unit

of acoustic resistance. It is equivalent

to a sound pressure of one dyne per
square centimeter producing a volume
velocity of one cubic centimeter per
second. It is also used when referring to
acoustic impedance or reactance.
2.4 What ore the preferred frequencies for acoustical measurements?-In
January 1960, The Acoustical Society of
America sponsored the USASI(ASA)
Standard S1.6-1960, covering the frequencies recommended for acoustical

cies, such as 1000, 2000, and 4000 Hz, the
frequencies 3000 and 6000 Hz have been

used rather than 2800 and 5600 Hz or
3150 and 6300 Hz.
2.5 What is an acoustic labyrinth?

-A specially designed baffle arrangement for use with a loudspeaker to re 41
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Preferred
Frequencies
16

Octave

Preferred
Frequencies

xxx

160

I

1/2 1/3

180

18

X

20

X

22 4

X

25

X

X X

35 5

X

40

X

50

X

500

X

560
630
710

x x

71

X

8D

X

00

xx

X

100

1000

X

2000

X

2240
2500

X

2800
3150

X

X

X

1400

X

160(1

X

X

x x

X

4500

X

5000

X

5600
6300

X
X
X

7100

X

8000

X

X X

9000

x

X

10000
11200

X

1250

xx
X

4000

1120

140

x

3550

X

xx

1/2 1/3
Octave
X

1600

X

xx

1

1600

X

8110

900

112

160

X

400
450

56

125

Preferred
Frequencies

X

315
355

45

63

250

1/2 1/3
Octave

280

28

31.5

200
224

1

X
X

12500

X

1430D

16000

X

X

X

X

Fig. 2-4. Table of preferred frequencies in Hz, at various intervals, for acoustical
measurements and for center frequencies of filter passbands.
inforce the low -frequency response and
prevent cavity resonance. Such a device
is shown in Fig. 20-66.

A labyrinth is not always in the form
of a baffle, but could be a tube filled
with hair -felt, as is sometimes used in
microphones.
2.6 What is an acoustic line?-An

acoustic equivalent of a sound chamber

at the rear of a loudspeaker.
2.7 What is acoustic response? -1t
is a measurement of the reverberation
characteristics of an enclosure, which
might be an auditorium or stage.
2.8 What is an acoustic pickup or
sound box?-A nonelectric pickup for
reproducing disc records. A needle or
stylus is connected by mechanical linkage to a mica or dural diaphragm. Flex-

ing of the diaphragm, caused by the
movement of the needle in the sound
track of the record, disturbs the air in
a horn to which the sound box is coupled. Movement of the air in the horn
produces sound waves which are heard
by the ear.
2.9 What is an acoustical equalizer?

-A small metal tube at the rear of
microphone to release the pressure be-

hind the diaphragm, thus preventing
mechanical distortion of the diaphragm
which would, in turn. produce electrical
distortion.

2.10

What is acoustic treatment? ---

The application of acoustic or sound absorbing material to a room or enclosure to obtain the desired acoustic
characteristics.
2.11 What is on acoustic feedback?

-An audible howl or singing noise
caused by sound waves feeding back
from a loudspeaker to a microphone. It
is generally caused by placing a loudspeaker

too

close

to

a

microphone.

Acoustic feedback can also be caused
by sound leaking through air ducts.
2.12 What is meant by the term

"a brilliant stage"T-A stage in which
the high frequencies predominate. Such
stages are also referred to as being live
or hot. This characteristic is caused by
hard or reflective surfaces of the stage,
such as ceilings, walls. floors. etc.
2.13 Define the term noise -reduction coefficient. --It is the attenuation

afforded by the acoustic treatment in an
enclosure by the materials involved. In
computing the reverberation time of an

auditorium, stage, or theater, the absorption coefficients at. a single frequency of 500 Hz is used (originally 512

Hz was used). In rating the effectiveness of absorbents in the reduction of
room noise, the average coefficients of
frequencies of 250, 500, 1000. and 2000
ltz are used. The average is then termed

ACOUSTICS, STUDIO TECHNIQUES, AND EQUIPMENT

43

the noise -reduction coefficient or NIiC.
(See Question 2.4.)
2.14 What is the effect of a high

ambient noise level on human beings?Workers become irritable and fatigued:

REFLECT ONO

turns

also, permanent injury to the hearing
may result.
2.15 What frequencies are most annoying to the human being?-Frequencies above 2000 Hz.
2.16 What is a

Fig.

2-21A. Reflected sowed.

,"...

T.,..
,.., .\,,,,,,,

flutter echo?-A

multiple echo in which the reflections
occur in rapid succession. If the echo
is periodic and in the audible range, it

.....,

,

5,

scum`.

I

, s..
`,...

What does the term "tubby"

2.17

....

4,s,,,

,

is referred to as a musical echo.

',

SOURCE

,

4:94.,.

SERVER

''''s4,

mean?-Reproduction lacking in definition, or an accentuation of the low frequencies resulting in a barrellike re-

5.,

NJ

.

production.
2.18 What is a dead room?-One

in which an overamount of sound -absorbing material has been used so that
most of the high frequencies are absorbed. The reproduction from a room
of this type will be dull and lacking in

Reflected and direct sound
in an enclosure.

Itcilecten sound has the effect of increasing the intensity, causing out of
phase conditions, and adding reverbera-

presence.

2.19

Fig. 2-21 B

What does the term "hang-

over" mean? -Acoustically, it is undesirable

reflections

echoes.

In an amplifin', hangover

causing

excessive
is

caused by a low internal damping factor. (See Question 12.177.)
2.20 What is mosking?-The in-

tion. All of the above effects vary with
the acoustical treatment of the enclosure. If the reverberation is excessive,
the intelligibility is reduced.
2.22 What is confusion or scattering?-The jumbling of sound waves resulting from interference

caused by
transmission

ability of an auditor to hear certain

objects

sounds because of the presence of other

producing unintelligibility.
2.23 Define interference.-Interference is caused by sounds coming from
different directions, or by reflection and
mixing with the original sound. Under
such conditions, the intensity of the
sound may be increased or decreased,
depending on the phase relationship of
the waveforms at any given instant.
2.20 What
is
rarefaction?-Thc
state of being less dense. The opposite

sounds. Masking is most noticeable at
the higher frequencies.
2.21 What takes place when a
sound ware is reflected?-When a sound

traveling through a medium
air and encounters another
medium such as water, cold air, or a
wave is
such as

solid object, and the second medium is
larger in comparison to the wavelength
of the emitted sound, part of the sound

is reflected hack from the object in a
manner similar to a beam of light. The
balance of the sound is absorbed into
and transmitted by the second medium
11 the sound wave strikes the second

medium at an angle, a large part will
bounce off and will be reflected at an
angle which is exactly equal to the
angle of incidence. See Fig. 2-21A. If
the emitted sound wave is in an enclosure similar to that shown in Fig.
2-21B, an observer situated as shown
will hear reflected sound as well as the
direct sound from the sound source.

in

the

of compression.
2.25 Define

path of

diffraction.- When

sound encounters an object in its normal path of travel, it bends around the
object, causing eddy currents behind
the object. This is diffracted sound. Low
frequencies bend around an obstacle
more easily than high frequencies. This
phenomenon is also called scattering
2.26
change

is reduction?-lt is a
the direction of a sound

What
in

wave, caused by the nature of the medium of transmission. This can be

caused by air temperature, since the
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INCIDENT
SOUND WAVE

REFLECTED
SOUND WAVE

of absorption of acoustic materials?One square foot of air, free from reflections.
2.31 Is the absorption coefficient of

acoustic materials the same for all fieguoncies?-No. It is not constant and
varies with frequency and the angle of
incidence. Generally, the data given for
acoustic materials are for a frequency of

500 Hz. However, data for other freTRANSMITTED AND
REFRACTED
SOUND WAVE

Fig. 2-26. Incidence, reflection, absorption, and transmission of a sound wave
striking a flat surface. The term refracted is also applied to the transmitted
sound wave because of its change of
direction.

quencies are available from the manufacturer of the material. A table of absorption coefficients is given in Question
2.32.

2.32 What arc the absorption Coefficients Oar general building materials
and furnishings?-See Fig. 2-32.

What is a sabin unit?-A unit

2.33

of absorption equivalent to the absorp-

tion of sq. ft. of surface which will
absorb all incident energy. The unit is
named for its originator, Wallace C.
1

velocity of sound increases as the temperature increases. Refraction also takes
place when a sound wave strikes a surface such as water or a wall, as shown
in Fig. 2-26.
2.27 What is the angle of refroctionT-The angle measured between a
perpendicular erected at the point of
contact with a surface and a wave, ray,

or beam refracted from that surface.
What is dispersion?-The separation of a complex sound wave into
its frequency components, caused by a
change in velocity. This action is analogous to sunlight being passed through
a prism. (See Fig. 2-28.)
2.29 What is acoustic absorptivity?

Sabine.

2.34

Define the term reverberation

period.-It is the time required for a
sound in an enclosure to die away to
one -millionth of its original intensity,
or decrease 60 dB. The reverberation

time of any enclosure may be calculated by the formula:

2.28

T
where,

T is the reverberation time in seconds,

V is the volume of the enclosure in

cubic feet,
A is the average absorption coefficient
of the enclosure,

-The ratio of sound energy absorbed
by the surface of a given material to
that which arrives at the surface from
the source. A porous material will
break up a wave train, slow the waves
down, and, finally, absorb them. The
action is similar to water on blotting
paper.
2.30 What standard is used for

comparison when rating the coefficient

SuNLIONT

Fig. 2-28. Dispersion of sunlight through
a prism.

V x 0.049
AS

S is the total surface area in square
feet.

Reverberation is the persistence of

sound within an enclosure after the
original sound has ceased. Reverberation may also be considered as a series
of multiple echoes, decreasing in intensity, so closely spaced in time as to
merge into a single continuous sound
and eventually be completely absorbed
by the treatment of the enclosure and
to a degree, by dissipation of the energy
into the air. However, this latter factor
is generally ignored and only the wall
treatment is considered.
If a loudspeaker is placed in a room
and a continuous frequency applied, a

wave train will be built up, spreading
all directions. Upon striking the
boundaries of the room, the wave train
in

is partially absorbed and partially re-
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Coefficients
1000
Hz

2000

Hz

4000
Hz

0.03
0.14

0.04
0.37

0.05
0.60

0.07
0.65

0.27
0.44

0.39

0.34
0.29

0.48
0.39

063

0.03
0.01
0.15
0.18
0.35

0.04
0.01
0.11
0.06
0.25

0.11

0.015
0.10
0.04
0.18

0.17
0.02
0.07
0.03
0.12

0.24
0.02
0.06
0.02
0.07

0.35
0.02
0.07
0.02
0.04

0.29

0.10

0.05

0.04

0.07

0.09

0.013
0.2.8

0.015
0.22

0.02
0.17

0.03
0.09

-

0.04
0.10
2.3

0.05
0.11
7.2

0.44

0.54

0.60

0.62

0.58

0.50

0.57

0.61

0.75

0.86

0.91

0.86

0.15

0.19

0.22

0.39

0.38

0.30

125

250

Hz

Hz

Brick, unglazed
Carpet, heavy on concrete
Carpet, with latex backing on 40 -oz
hairfelt of foam rubber
Concrete block, coarse
Light velour, 10 oz per sq-yd in con-

0.03
0.02

0.03
0.06

0.08
0.36

tact with wall
Concrete or terrazo

Material

Wood

Glass, large heavy plate
Glass, ordinary window
Gypsum board, nailed to 2 by 4 studs
on 16 -inch centers
Plaster, gypsum, or lime, smooth fin-

ish on tile or brick
Plywood, 3/s -inch

500
Hz

031

Air, Sabins per 1000 -cu. ft.
Audience, seated in upholstered

scats, per sq. ft. of floor area
Wooden pews occupied, per sq. ft. of
floor area

0.25

Chairs, metal or wooden, seats unoccupied

Coefficients above were obtained by measurements in the laboratories of the Acoumay be obtained from
stical Materials Association. Coefficients
Bulletin XXII of the Association.
Fig. 2-32. Absorption coefficients for different materials.

fleeted not once hut hundreds of times.
Thus, the average intensity of the sound

INTENSITY 103.3.000
10

is built up to a steady state, in which
the rate of emission just equals the rate
of absorption at the boundaries. This indicates that time is required to set the
body of air in an enclosure in motion.
If the source of sound is now cut off,
the sound does not cease immediately,

but generally dies away. The average
intensity at any one instant decreases
at a rate which is proportional to the
average intensity at that instant. This
indicates the logarithm of the average
intensity

is

09

908

0.7
. 0.6

70.5
0.3

;02

approximately the average curve of the

right half Of Fig. 2-34A, but with a
larger fluctuation thereafter.
Reverberation has considerable ef-

4

3

0

\s.
2

I

5

4

Fig. 2-34A. Typical decay curve. Plotted
time versus intensity.
INTENSITY LEVEL 60dB

1a 60

8SC-

50
B SEC

40

Fig. 2-39C shows an oscilloscope dis-

play of a decay recorded in an enclosure. It can be observed that the decrease in amplitude with time follows

2

I

\\N.

CUT OFF

TIME - SECONDS

decreasing at a uniform

rate, or the drop in intensity level expressed in decibels is proportional to
the time measured at the instant of cutoff of the sound source.

INTENSITY

SOUND ON

0.1

00

8SEC --

8 SEC -

50.4

30

a 20
="j

3

INTENSITY LEVEL 0

/SOUP10 ON
2

3

CUT OFF
4 0
2
THE -SECONDS
1

3

4

Fig. 2-34B. Curve of Fig. 2-34A plotted
time versus intensity in decibels.
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loss of intelligibility. For music, individual notes are prolonged by the reverberation and have the effect of a
piano played with the loud pedal held
down continuously. To arrive at the reverberation time for a given enclosure,
the area of each surface in the enclosure is multiplied by its absorption co-

Fig. 2-34C. Oscilloscope display corresponding to Fig. 2.34A.

efficient, and the sum of these, plus the
absorption due to objects such as chairs.
drapes, people, etc, gives the average
absorption coefficient in the formula.
2.35 What it the recommended reverberation time for theaters, auditoriums, recording end broadcast studios?A waphical presentation of the recom-

fects on speech. If the auditor is close
to the speaker, no great difficulty will
be experienced in clearly understanding

If.

speaker.

the

however,

the

speaker raises his voice, each syllable
is prolonged, running into sncceeding
syllables, with resulting confusion and
24
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Fig. 2-35A Recommended reverberation time for various types of auditoriums, at
a frequency of 512 Ha.
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Fig. 2-350. Optimum reverberation times for various frequencies.
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mended reverberation time for various
types of enclosures is shown in Fig.
2-35A. Fig. 2-35B shows the optimum
reverberation time for different fre-
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quencies. In Fig 2-35C is plotted the

the heavy acoustic treatment, controlled
electronic reverberation is induced into
the enclosure or stage. This electronic
system of reverberation is termed ambiophony, and has been used quite suc-

optimum

room

cessfully by the British Broadcasting

volume in cubic feet, at 512 Hz. (See

Co.. and in several auditoriums and

Question 17136)
2.36 Define optimum reverberation

music halls in the United States.
Artificial reverberation can be
achieved in several ways. One system
employs an electromechanical device,

reverberation

versus

time, and tell how it is governed.-Optimum reverberation time is the most de-

sirable reverberation time for an en-

using amplifiers and rods or springs for
the delay networks. The electroacoustIc
system is similar, except echo chambers
are used for the delay. A third system
employs magnetic recording techniques.
The signal is recorded on an endless
magnet:c tape, and the signals from several playback heads spaced at various
distances from the recording head arc
combined. The all -electronic system employs logic circuits to provide the delay.
A typical installation might consist
of as many as 60 loudspeakers placed
around the walls and ceiling of an en-

closure of given dimensions. This is

governed by the cubic volume of the
enclosure and the absorption factors of

the walls, ceiling, floor, and other furnishings.
2.37 How is artificial reverberation

added to on auditorium, and what is the
purposel-The basic purpose of adding
artificial reverberation to an existing
auditorium or stage is to control the
acoustics electronically, and improve
the overall acoustics of the enclosure.

It is common practice in broadcast
and television studios to overtreat the
studio to reduce the noise created by
the movement of equipment and actors
around the stage If the treatment is
carried to the extreme, as it sometimes

closure. The speakers radiate the orchestral music, through the time delays,
and radiate about as much sound as the

walls normally would if they were not
highly absorbent. Each speaker has a
time delay of such a value that it radiates at the approximate time it would
take the sound to reach that particular

Is, the sound reproduction is flat to both

the listener in the studio and over the
air. It also has a pronounced effect on
the musicians as the reproduction of
their instruments does not sound normal and this leads to difficulties. To
overcome this difficulty and still retain

speaker position in the studio. The randomness of true reverberation
is
achieved by not connecting the speakers according to the delay appropriate
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to their exact position, although they
generally approach their true position.
Because some regeneration is picked
up by the microphones supplying the
input to the reverberation system, care
must be taken in adjusting the level of
the system. Two completely separate
microphone systems are used for feeding the broadcast and ambiophony systems, with the necessary equalization.
Such installations are still in the experimental stage and each installation becomes a specialized system. Magnetic
reverberation units are discussed in
Question 17.136.
2.38 What requirements constitute
on ideal studiol-According to Wallace

C. Sabine, an outstanding authority in
the field of acoustics and architectural
design, they are: (1) that the sound in
the studio be sufficiently. loud; (2) that
the components of a complex sound
wave maintain their relative intensities; (3) that successive, rapidly moving
sounds, either music or speech, be clear
and distinct from each other; and, (4)
that all extraneous noises must be reduced to a negligible amount.
2.39 What shape rooms ore to be
avoided when constructing enclosures for

recording and reproduction of sound?-

Flat, untreated surfaces; concave surfaces, as they concentrate and focus the
sound; parallel walls, because they produce standing waves; and cubical

shaped enclosures, because they produce standing waveforms. (See Questions 2.41 and 2.49.)
2.40 What ore the preferred ratios
of dimensions for studios and auditoriums?-The height, width, and length

should be in the following ratios:
1. Small rooms
1 to 1.25 to 1.6
2. Long rooms
1 to 1.25 to 3.2
3. Average shaped rooms 1 to 1.6 to 2.5
1 to 1.25 to 3.2
4. Low ceiling rooms

Number 3 indicates the preferred di-

nation results in a hollow sounding

characteristic, especially if the resonant
frequencies are widely separated (walls

close together) which is generally the
case in small rooms. The effects of reso-

nance may be reduced by absorption,

by changing the dimensions

of the

room, and by changing the shape of the
reflecting surfaces.
By proportioning the three major dimensions in a ratio of the cube root of
two (or multiple), good distribution of
the natural resonances may be obtained.
As an example using a ratio of 1:1.6:2.5
(average shaped room) for a ceiling
height of 16 feet, the width is 25.6 feet
(16 x 1.6) and it is 40 feet in length
(16 x 2.5). For a small room using ra-

tios of 1:1.23:1.6 with a ceiling of 12
feet, the dimensions are 12 ft x 15 ft X
19.2 ft, whereas in an average room the

ratios change and the dimensions are
then

12

ft x 19.2 ft x 30 ft. Diffusion

and control of the high and low frequencies may be obtained by the use of
polycylindrical
Question 2.76.

diffusers explained in

What

2.47

trains? -When

arc
a

standing

sustained

wave
is

tone

emitted in an enclosure consisting of
parallel walls, a standing wave train is
set up. Standing waves are created
when two wave trains, moving in opposite

directions,

interfere. Walking

along the room produces the sensation
of an increase and decrease in the intensity of the sound. This sensation is
noted because of passing through the
zero and maximum peaks of the wave.
When a reflected waveform exactly
matches compression with a rarefaction
of the original sound wave, the sound
waves reinforce themselves as they are
reflected back and forth, thus increasing the amplitude. Reinforcement at
critical frequencies can result in an increase of 20 dB or more. Serious reinforcement can occur when the wavetwice the ceiling height.

mensions.

length

To minimize the effects of standing
waveforms set up by parallel surfaces

Standing waveforms can also be gener-

in an enclosure, it is desirable to choose

fundamental frequency.
Standing waves may be prevented by

the major dimensions that are not integral to each other. Resonance effects
in an enclosure introduce frequency
discrimination and create peaks and
valleys in the characteristics of the

room. Secondly, it introduces a persistence or hangover effect in the sound at
or near resonance. Frequency discrimi-

is

ated at harmonic frequencies of the

nonparallel

walls,

multilevel

ceiling

sections, and polycylindrical diffusers

on the walls and ceilings, as

in Fig.

2-66B.
2.42

What is the effect of a long
reverberation time?-Both speech and

music will be blurred and may become

49

ACOUSTICS, STUDIO TECHNIQUES, AND EQUIPMENT

unintelligible, because of the overlapping of successive sounds.
Explain the purpose of diffusion in a studio. Diffusion in a studio
2.43

improves the acoustical response because the energy in the room is not reduced and the reflections which occur
per unit of time are increased. Thus,
the intensity level of the individual reflections is reduced, and the reverberation characteristic smoothed out, result-

ing in a higher intelligibility and an
added definition to both music and
speech.
2.44 What is the frequency range
required for high quality reproduction
of speech and music?-For speech only,
100 to 6000 Hz with a volume range of
40 dB. For music, 40 to 15,000 Hz, with

a volume range of 70 dB. Most audio
systems designed for high -quality reproduction will reproduce up to 20,000
Hz and higher, some extending up to
100,000 Hz. The question then arises:
why such a wide frequency range? A
wide frequency range is required for
music to reproduce inaudible frequencies which beat with frequencies in the
audible range, producing sum and difference frequencies. Such frequencies
lend realism to the reproduction. How-

tent by the use of Continental seating
arrangements (as used in Europe)
whereby the aisles arc placed along the
side walls rather than in the seating
area.

Using the above arrangement optical
distortion of the picture is reduced, and
better sound reproduction is obtained
for those seated at the sides of the theater. This has also led to the redesigning

of the floor rise, and spacing of the
seats. Nonparallel

walls and

special

treatment of the side and rear walls reduce the effect of flutter echoes. Details

of this type seating arrangement are
given in the reference.

Review rooms and small theaters
used on motion picture lots where the
seating capacity is between 20 and 40
people generally employ about 250 to
500 cubic feet per person
2.46

What effect does an audience

have on the acoustics of a theater?-

Unless the house has been specially
designed, the effect may be considerable. The projectionist generally increases or decreases the reproduced
sound level when the audience decreases to about half -house. Modern

theaters have overcome this problem by

using seats which have an absorption

ever, to make use of such wide fre-

coefficient equivalent

quency bands, the harmonic distortion
and interrnodulation distortion must be

person, thus reducing the need for frequent changes in the sound level.

reduced to negligible amounts. Also, the

2.47

to the

average

What amplifier power is

rec-

distortion due to phase shift must be at
a minimum and the frequency characteristics uniform.

ommended for motion picture theaters?

What is the recommended cubic footage per person for 35 -mm and

70 -mm motion picture theater projec-

The shaded portion of the curve indicates the minimum and maximum recommendations. Since the average the-

tion7-In the past years the cubic footage per person recommended for the-

ater amplifier system must have a fairly
wide dynamic range and be capable of

was

handling heavy sound effects, an amplifier on the heavy side should be se-

2.45

aters

projecting

35 -mm

films

approximately 125 cubic feet per person. However, with the advent of widescreen projection systems and stereophonic sound reproduction, the space
per person has been increased 250 percent or more. This is particularly true
for theaters huilt for 70 -mm projection.
Seating arrangements used in North

-The power requirements are given on
the graphs of Fig. 2-47A and Fig. 2-47B.

lected rather than one that will just
meet

the requirements.

Present-day

theaters require at least 40 watts of
power with low distortion and noise.
It is not uncommon in the larger the-

whereby the aisles are placed down the
center of the seating area or about one-

aters to find amplifier installations with
100 to 250 watts of power output. Power
output versus seating capacity of a theater is shown in Fig. 2-97A, and power
versus volume in cubic feet is shown in

third from the side walls. In this ar-

Fig. 2-47B. These data are based on

rangement,

erroneous localization of
stereophonic sounds often results in the
picture action and sound not coinciding.

recommendations of the Motion Picture
Research Council.

This has been overcome to a great ex-

flective coefficient).-The acoustic re-

America generally employ a

layout

2.48

Define acoustic reflectivity (re-
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flectivity of a surface is not a generator;
it is the ratio of the rate of flow of
sound energy reflected from a surface
to that of the incident rate of flow, and
may be calculated:
incident rate of flow of sound energy
reflected rate of flow of sound energy

Unless otherwise specified, all possible
directions of incident flow are assumed
equal, and values given apply to a por-

tion of an infinite surface thus eliminating edge effects.
2.49 What shape walls cre recom-

mended for theater construction)-The
walls should be nonparallel or convex
shaped, as shown in Fig. 2-49. The cub: -

cal volume should be in accordance
with the seating capacity recoinmendalions given in Question 2.45.
The auditorium width should be
from 50 to 70 percent of the length and
the ceiling height not more than 40 percent of the length. Nonparallel surfaces
should be employed. The walls and ceilings must be broken up thoroughly to
diffuse the sound.
The average absorption per square
foot of floor space should be the same

Fig. 2-49. Recommended wall shapes for
motion -picture theater construction.

as for the ceilings and walls. The seats
should be well upholstered and the
aisle carpets Ozite-lined. The backstage
area should be so shaped and acoustically treated that resonant reinforcements of sound will not be reflected
to add distortion to the reproduction in
the auditorium.
2.50 How are low -frequency vehicle
and earth rumbles prevented from being
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Floor supports for o motion -picture scoring stage.

transmitted to the floor of a recording
stage?-By insulating the floor from the

earth and side walls. Two methods of
construction are used. In Fig. 2-50A,
the floor is laid on a dirt fill. The walls
are supported on lockers set on a
cement foundation. In Fig. 2-50B, the
floor is supported on 3 x 6 -inch beams
supported by 2 x 6 -inch members laid
on an asphalt fill on a cement foundation.

The interior construction of a typical
scoring stage is described in Question
2.66.

2.57 How is the attenuation of the
wall illustrated in Fig. 2-50A measured?

-A Klaxon horn is placed against the
outside wall and the sound transmission

through the wall is measured with a
sound level meter at a point near the
wall. The sound level of the Klaxon is

then measured in the open air and the
difference between the two measurements is the attenuation of the wall.
Sound level meters are discussed in
Question 22.94.
2.52 Describe the use of lead sheeting for acoustic treatment.- -For many

it has been known that lead can
be used in the acoustical treatment of
an enclosure, and that the greater the
weight per square foot of isolation, the
years,

greater the transmission losses. The
acoustical efficiency of any material as
a sound barrier depends not only on its
weight, but on its stiffness. Lead is

classed as a heavy limp material, having a density of two to three times that
of most building materials, and 10 to
15 times that of wood. Lead is a limp
material, in an acoustical sense. It has
heen demonstrated that if two equally
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2-52A) it will show the .053 increases
with frequency up to the point where the
transmission loss reaches approximately

effective barriers are constructed, one
of lead and the other of conventional
building materials, the lead barrier will
be the lighter of the two.
If the transmission loss of a lead partition is plotted agains frequency (Fig.

55 dB. Above this frequency, a dip in
the transmission loss occurs. At the
lower frequencies, the loss is set by the
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weight of the lead. The dip in the char-

for high -intensity low -frequency sounds

acteristic at the higher frequencies is
caused by the stiffness of the lead.
For existing enclosures, lead cloth,
similar to leaded vinyl plastic may be

is shown in Fig. 2-52E. The lamination
consists of vinyl film, Ye -inch lead

used in wall paper fashion. Lead sheets

''j -inch thick can be obtained with
wood veneer laminated to one side of

plastic.
2.53 What differences may be expected between the theoretical and prac-

the sheet, with a pressure sensitive ad-

tical designs for an enclosure of given

hesive on the opposite Lace.

dimensions? --The absorptivity of acous-

sheet, 3 inches of low -density Fiberglas,
Vs -inch lead, and a final cover of vinyl

Fig. 2-52B is a plot of a 2 -inch solid

tic materials varies with the angle of

wall, compared to an
0.065 -inch lead wall. In Fig. 2-52C a
lead wall 0.125 -inch thick is compared

also useful in isolating floors and stages

incidence. Using the absorption coefficients supplied by the manufacturer of
the particular material at hand, results
in a mean value. Actual measurements
made in an enclosure may not coincide
with the theoretical reverberation time.
This may be due to the lack of sound

from building structures, and increas-

diffusion

ing the transmission loss through moni-

angles.

tor rooms and vocal room walls. It

2.54 What effect does a highly polished surface have on sound waves?-lt
reflects the sound waves in a manner

sand -plaster

to a plaster and stud wall, and in Fig.
2-52D a staggered stud wall is compared to a 0.23 -inch lead wall. Lead is

is

also excellent for reducing the noise of
rotating machinery. A suggested barrier
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to prevent it from acting as a direct reflector in the studio. By using the conDRAM=

mr

Fig. 2-55. An air duct with sound
baffles.

similar to a ini:ror (See Fig. 2-21A.)
2.55
How can sound be prevented
from entering on enclosure through an

air ductl-The duct

is

lined with an

acoustic sound -absorbing material such
as rockwool or
Ultracoustic. Baffles

covered with the same material are
placed at intervals in the duct, as shown
in Fig. 2-55.
2.56 Define acoustic transmittivity.

-The acoustic tratisrnittivity of an interface or spectrum is the ratio of the
rate of flow of transmitted sound energy

to the rate of incident flow. All directions of incident flow are assumed to
be equally probable.
2.57

the construction

Show

of a

monitor room glass window.-A typical
installation is shown In Fig. 2-57. The
glass panels are set in either cork or
rubber seals at both the top and bottom,

to prevent vibration of the glass from
building noises. The glass must be of
plate, at least %-inch thick, and preferably 54 -inch thick. The panel on the

studio side is tilted at the top about 5
degrees to reduce light reflections, and

W000

ume of the stage. After the acoustic
treatment has been completed, reverberation measurements are made and
additional treatment in the form of live
and dead panels are added to bring the
measured characteristic nearer the desired characteristic. If polycylindrical
diffusers were not included in the original design, they may have to be added
to secure the proper diRusion, and to
control the low -frequency end of the
frequency spectrum. Generally the final
reverberation characteristic will be
somewhat of a compromise between the
desired and a practical characteristic.

In Fig. 2-58A, the reverberation characteristic is shown for a music -scoring
stage of 210,000 cubic feet, at Republic
Corporation, North Hollywood, California. The actual measured reverberation
time is plotted versus the ideal and desired characteristic, for comparison. In tenor views of this stage are shown in
Figs. 2-66A and 2-66B.

Motion picture production -shooting
stages are treated in a different manner.

These stages are designed to have a
high rate

WOOD

CORK

struction shown, it is possible to achieve
50 -dB reduction in sound transmission
at 500 Hz.
2.58 Show the
heration characteristics tar a music -scoring stage and a
production -shooting stage.-For music recording stages, the desired reverberation will be somewhere between 0.8 and
1.8 seconds, depending on the cubic vol-

of attenuation

to outside

noises and to prevent reflection from
the walls, also to deaden sounds generated within the stage itself. As a rule, a
production stage has a reverberation

\ CORK

period of 0.6 second at 500 Hz. In the
3/8' TO I/2.
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final analysis, the motion picture set

will control the acoustics of the sound
pickup by Its construction materials.
The reverberation characteristics for
Stage 19 at Republic Corporation are
shown in Fig. 2-58B The volume of this
stage is 800,000 cubic feet.
In both stages, the reverberation
characteristics will be altered when
they arc in use. For the music stage, the
reverberation characteristic at the
higher frequencies will be decreased by
the presence of the musicians and their

Fig. 2-57. Cross section of monitor room
window construction. The glass panels

equipment, while the production stage

ore set in either cork or rubber about

varies from time to time as sets are

6

to

8

inches

apart at the

bottom.

moved or changed and the number of
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Fig. 2-58A. Reverberation characteristics of Republic Corporation music -scoring
stage shown in Fig. 2-66A and 2-66B.

personnel and amount of equipment are
varied.
2.59 How are the acoustic characteristics of a sound stage measuredl-

The acoustic characteristics of a sound
stage may be measured in several different manners. The simplest method is
shown in Fig. 2-59A. Here a warble
tone oscillator is applied to a power
amplifier and a loudspeaker system, and
frequencies of interest projected into
the enclosure. The output from the

loudspeaker is picked up, using a sound
level meter, and the measurements

plotted frequency by frequency. This
method is not too accurate, and will
give only a general idea of the enclosure

characteristics,

indicating

the

peaks and valleys caused by the generation of standing waveforms in the enclosure. If the frequency response of the
loudspeaker system is known, this may
be taken into consideration when plotting the final results. A measurement
made in this manner does not give any
indication of the reverberation charac-

teristic, only the frequency characteristic.

A second method (Fig. 2-59B) employs a random -noise generator and a
power amplifier to drive a loudspeaker.
The projected white noise (if a pink noise filter is used, see Questions 1.41
and 1.42) is picked up with an octave
band analyzer, and applied to a high
speed graphic level recorder. In this
latter system, the white noise is broken
down into frequency bands of IA octave
or less, and the sound levels measured.
The final characteristic is then plotted
in third -octave bands to show the characteristic of the enclosure.
To measure the reverheration period,
tones are radiated from a loudspeaker,
either by the use of a tone -burst generator, or by hand keying the frequencies of interest. When the tone -burst
method is used, an audio oscillator is
connected to the tone -burst generator
input, as shown in Fig. 2-59C. The generator is set for the desired time interval of tone. The signal is picked up by

3
2

0

000

030

FREQUENCY

IN

0.000

IN

Fig. 2-588. Reverberation characteristics of Republic Corporation sound Stage -19.
Volume 600,000 cubic feet.
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Fig. 2-59A. Setup for measuring acous is characte

s

using a warble oscillator

and sound -level meter.
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Fig. 2-59B. Setup for measuring the characteristics using a random -noise generator
pink -noise filter, and on octave -band analyser.
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Fig. 2-59C. Setup for making reverberation measurements using a
tone -burst generator.

the sound level meter, and recorded
on the graphic level recorder, or ob-

The loudspeaker characteristic can
be measured by using a constant input

served on an oscilloscope.

to

Another method often used is to fire
a pistol in the enclosure, and record the
shot on a magnetic recorder. The tape

frequency response on the sound level

is

then played backward through a

bandpass filter and an integrating network and the reverberation time computed. Magnetic -tape recorders may be

the amplifier, while observing the

meter. Knowing the characteristic of
the loudspeaker will many times account for peaks and valleys in the final
measurement. The sound level meter
microphone should be placed close
enough to the loudspeaker to eliminate

used for recording acoustic tests, provided they have the required dynamic
range and are not driven into overload.
The reverberation characteristic shown
in Fig. 2-58B was made by means of
filtered gun shots and the use of a sinusoidal tone. The difference between
the two methods was on the order of

the effect of reflections from surrounding objects, when measuring the characteristics of the loudspeaker. A better
method would be to measure its response in the open air.
2.60 What is a scoring stage?-A
music -recording stage. This term origi-

10 percent.

2.61 What arc the essential differences between a stage designed for recording music and one designed for re-

It

desirable, although not absolutely necessary, that the frequency
characteristics of the loudspeaker sysis

nated in the motion picture industry.

tem be measured before making acous-

dialogue?-A stage designed
for recording music is much brighter

tical tests, and also that the amplifier
used for driving the loudspeaker has
a flat response below and beyond the

and larger, and has a longer reverberation time than one designed principally
for dialogue recordings. Dialogue stages

frequencies used in the measurements.
It is also desirable that the output from
the signal generator supplies a constant

are rather dull and have a short re-

signal level to the amplifier input.

cording

verberation period.
2.62 How is separation obtained between a vocalist and an orchestra?-By
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the use of a separate microphone placed

behind an acoustical flat. A glass window in the flat permits the vocalist to
observe the orchestra conductor for
cueing. A rug is placed under the microphone to prevent reflections from the
floor.
2.63

How can on artist be cued
when singing with on orchestra?-A single headphone is sometimes used; however, this is not always satisfactory

because some artists can not sing and
hold the headphone. Also, it bothers
them to have one car covered. A
method which has proved to be quite

successful is shown in Fig. 2-63. Two
small loudspeakers without baffles are
mounted on a stand supported at ear
level, about six inches from the artist.
The sound level from the speakers is
held quite low and the microphone is
placed at a position for minimum pickup. The loudspeakers must be electrically in phase.
2.64

What

is

a

choir

won't-A

room adjacent to a scoring stage, with
a glass panel in the wall separating the
two. The choir to be recorded is placed
in the choir room for better separation
and control. A loudspeaker operating in
the choir room is used for cuing purposes. Headphones, fed from the monitor system, are provided for the conductor so that he may hear the overall
mix.
2.65 How may a choir and orchestra
be recorded if a choir room is not available?-The choir is separated from the

orchestra by acoustical flats. Two microphones, separated by about 10 feet,

and placed forward of the group, are
used for the choir pickup. The micro3' LeudDteke,

LoudspeaLef
Art.11

2-63. Loudspeakers for cuing on
artist singing with an orchestra.

Fig.

phones must be electrically in phase.
2.66 Show the interior construction

of a motion picture scoring stage.-In
Figs. 2-66A and B are shown two views
IWP4rjr

mew

Fig. 2-66A. View of Republic Corporation scoring stage looking toward the screen.
Polycylindrical diffusers may be seen along the sidewalls and on the ceiling.
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Fig. 2-66B. Rear view of Republic Corporation scoring stage showing polycylindrical
diffusers on rear wall and ceiling.

of the music scoring stage at Republic
Corporation, North Hollywood. California. It will be noted the stage has been

high degree of acoustic isolation, the
walls of the projection room are con-

diffused by the use of polycylindrical
diffusers on the walls and ceiling, and
that the stage is tapered toward the

The interior of the booth is treated as
prescribed by fire regulations. Two

screen. The walls are constructed in a

manner similar to that shown in Fig.
2-50A. The outside walls are coated
with a layer of stucco plaster supported
on wire mesh. Under the wire is a layer
of building paper. All this is supported
on four -inch wooden studs. The space
between the studs is filled with rock
wool. Next, is an air -filled space of six
inches and then four -inch studding

filled with rock wool. Again, building
paper and, finally, the interior finish,
which consists of acoustic tile and other
materials.
2.67 What are

structed using eight inches of concrete.

pieces of optical glass are used in each
porthole to isolate the sound of the
projectors from the stage. The wall fac-

ing the Interior of the stage is treated,
as arc the other walls. As a rule, poly cylindrical diffusers are placed horizontally across the face of the projection
room wall in the stage just above the

portholes to break up the flatness of
the surface, Os shown in Fig. 2-66B.
2.69 Describe how the entrance
to a production stage ore constructed.-The exterior doors are constructed similar to a walk-in refrigeradoors

tor door, with interlocking edges similar
the

recommended

reverberation characteristics for recording stages?-Scoring stages: fairly live
and well diffused. Scoring -stage moni-

SOUND

LOCI

L NCO FOR SOUND
AS SOAP T

SOUND

LOCK

be=

tor rooms: slightly deader than a theater. Recording stages: similar to a
medium -size theater.
2.68 If motion picture projection is

used in conjunction with a scoring or
dubbing stage, how ore the walls of the
projection room treated?- To provide
fire protection and, at the same time, a

2

Fig. 2-69. Plan view of a typical sound stage door installation. The sound lock

on the left side starts at the floor and
continues to the top and across to the
right side. Rollers at the bottom support
the weight of the door when it is opened.
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is being opened. The interior door may
be a regular door that has been treated
acoustically on its inner surface. The
interior of the vestibule is heavily
treated acoustically.
Large doors used for bringing in sets
and equipment generally weigh several
thousand pounds. The most economical

:11110I IBIS HAI
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if If ME 11113.
SHOUT YEA!
Cline STOCgINGS

Lt

:

SIIESKEt1 YIN

H

is a concrete slab, reinforced
with steel rod, which may be cast in one

design

IT,

CONPIETEIY

70Y mu.

4I

Fig.

2-72A.

piece. Hydraulic seals are provided at
the sides and bottoms, and interlocking

tookyl
ES

Teleprompter

sound barriers for the top and sides

with

(Fig. 2-69).
2.70 How is the sound of footfalls
eliminated when making dolly shots during production? -13y means of heavy

to the

woolen socks worn over the shoes of

unit

script. The "hat line" appears

right of the plastic pointer.

the operating crew.

TP 5

TP 6

CU 5

CU 6

Fig. 2-72B. The block diagram for a six -unit Teleprompter system. The power unit
at the left will supply sufficient power for one to six repeater units.
When using a loudspeaker for
2.71
acoustic measurements on a stage, how
is the formation of standing ware trains
prevented?-By use of a warble -tone
oscillator or film reproduced by the

projection system. As a rule, frequenS

cies above 1000 Hz do not require warbling, unless the enclosure is quite
small. Standing wave trains are discussed in Question 2.41; stage measurements in Question 2.59; and warble
oscillators in Question 22.52.
2.72 What is a teleprompter?-It is

to a bunk -vault door. The outer door

a device beyond the sight of the audience, for presenting written material
such as a script to an actor or speaker
for the purposes of prompting. It is
used in production of hoth television
shows and motion pictures.

leads into a small vestibule, with an inner door placed far enough away from

to six

Fig.

2-72C. Two Teleprompter control
units and one power unit.

the exterior door to prevent opening
both doors at the same time. As a rule,
signal lights are placed both ontside and
inside the stage to indicate when a door

A teleprompter system consists of one

variable -speed prompter nnits

such as that shown in Figure 2-72A,
which carry the script on a paper roll;
a power supply unit; and a hand control

for varying the speed

of the
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Fig. 2.72D. A Teleprompter unit mounted on a standard motion -picture camera.
The image of the script may be seen on a glass plate in front of the Tellens unit in
front of the camera lens.
prompter transport systems and revers-

controlled from a few inches per minute to several feet per second, permit-

been developed which can be mounted
on a standard motion picture camera as
shown in Fig. 2-72D. The image of the
script is projected downward from the
prompter unit onto a piece of clear glass

ting the operator of the system to follow

set at an angle of 45 degrees in front

the action on a set, or to adjust the

of the camera lens. As the person being
photographed looks into the camera,

ing theft direction for rewinding. The
speed of the teleprompter units may be

speed of the prompter transport system

to accommodate the talking speed of
the speaker. The speed of the prompter
units is controlled in such a manner
that the "hot line" is always in line with
a large plastic pointer at the left of the
script.
A block diagram for a typical system
employing six prompter units is shown
in Fig. 2-72B, while Fig. 2-72C is a view

of two control units, a power supply,
and the variable -speed hand control.
The script is typed on a special type-

writer called a Videoprinter which has
type 52 times larger than that normally
used on a standard typewriter. This size
type permits the script to be read up to

distances of 25 feet, and more, which
is adequate for most purposes.
For scenes which require the narrator to peer directly into the camera
lens, a special type mounting for the
prompter unit, called a Tellens, has

the image of the script is seen on the
glass plate in front of the camera lens.
The reversing switch on the hand
control permits the operator to quickly
rewind the script to any particular line
in a matter of seconds. Script changes
are retyped and fastened to the script
by plastic tape. Each prompter unit is
well lighted and designed to he mounted
using a stand or special support on the
camera dolly.
2.73 What is o diffuserT-A wooden
panel with an uneven surface as shown
in Fig.

2-75. These devices are con-

structed of 3/4 -inch plywood and placed

different positions near the source
of sound pickup to add reverberation
in

and a degree of liveness to a pickup in
a large stage.
2.74 Describe the construction of

acoustic flats.-Acoustic flats are used
on music scoring and looping stages for

ACOUSTICS, STUDIO TECHNIQUES, AND EQUIPMENT

the purpose of separating a vocalist, a
group of singers, or an actor in the case
of looping. The flats are constructed of
2 -inch x 4 -ft x 84 -inch wooden frames,

diagonally braced and filled with rock
wool or Fiberglas. The exterior surface
treatment is varied; that is, one flat has
a plywood and acoustic tile surface, another a soft surface of cheesecloth with
backing and

Fiberglas

acoustic

tile.

Pull -pin hinges are provided for locking the flats together, similar to a Japanese screen, to form a semicircle. Thus,
the interior acoustics of the enclosure
may be varied to acquire the necessary
acoustical environment. A window is
provided in one flat for the vocalist to
watch the conductor, or for an actor to
view the screen when looping. A carpet
is placed on the floor to prevent reflections and foot noises. Constructional
views are given in Fig. 2-74A, for a
typical group of such flats.
For a large group of voices to be separated from the orchestra, several panels are used, similar to those discussed,
Out constructed somewhat differently.
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Each panel is 4 ft wide x 12 ft in height,

and contains a glass panel, with plywood the first 4 ft up from the floor, as
shown in Fig. 2-74B. The frames are
constructed of 2 x 4's with pull -pin
hinges. The interior surfaces of the pan-

els are crossed -braced and filled with
rock wool or similar material to prevent

resonance effects and to increase the
isolation. In setting up the panels for
use, care must be taken that no two
surfaces are parallel, as shown in Fig.
2-74C. Carpet is placed on the floor to
prevent reflections and eliminate foot
noise. Only about 10 to 15 dB of isolation may be expected from an enclosure
of this nature.
2.75 What is a splay?-A curved
surfaced diffuser as shown in Fig. 2-75.
2.76 Describe the construction of a
polycylindrical diffuser.-Polycylindrical

diffusers consist of a plywood panel
bent in the form of a convex surface.
Such devices are used in rerecording
stages, music -scoring stages, broadcast
studios, and in some instances theaters.
Their purpose is to provide a maximum

FIBERGLAS

ACOUSTIC

GLASS

Pull -PIN

FILL

TILE

WINDOW

HINGE

ACOUSTIC

Tea \

FIBERGLAS

'FILL
PLYWOOD

HEAVY
CHEESE
CLOTH

PULL -PIN
HINGE

FRAME 2". 4"
DIAGONAL BRACED

Fig. 2-74A. Acoustic flats used for separation of a vocalist, or for looping.

a

ORCHESTRA

GLASS
WINDOW

FRAME
12'
a

Fig. 2-74B. Glass -paneled flats for enclosing a choral group.

o0o

o o° °0o°o

Fig. 2-74C. Ten to twelve such panels
are placed around the group, as shown
in the floor plan.
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solute cannot he used successfully in
the construction of polycylindrical diffusers since the material is not stiff
enough. To have the proper stiffness,
the plywood must be at least 1/4 inch in
thickness.
2.77 Show the polar frequency re-

sponse of a polycylindrical diffuser compared to a floc -surfaced splay. -A polar
plot for a flat and curved baffle is shown

in Fig. 2-77. It will be noted that the
angular reflection of the curved surFig.

2-75. Curved surface diffusers or
splays.

of diffusion and aid in the control of the
low -frequency reverberation characteristics of the enclosure. The diffuser, because of its curved surface, reflects the
high frequencies at many different angles. At the low frequencies, the panel
acts as a diaphragm and breathes, dis-

sipating the low -frequency energy in
the form of heat. The construction of
such diffusers is given in Fig. 2-76A,
with the details of their measurements
in Figs. 2-7GB and C.

When finished, the surfaces of the

panel may be painted with a bright
glossy paint and then laquered. A dull
surface paint must not be used, as a
highly reflective surface is necessary.
The internal space is filled with loose

face, with respect to frequency, covers
over 100 degrees, while the flat panel
covers only 40 degrees. This illustrates
very clearly the advantages of a curved
surface over that of a flat surface.
2.78

What

is

a

baffle plate?-A

partial plate placed in an air duct to
prevent exterior noise from entering an
enclosure. Baffle plates also reduce the
rushing sound of the air as it is forced
through the duct. The construction of
such a duct is shown in Fig. 2-55.
2.79 What is an echo?-The repetition of a sound caused by reflection
from a surface. To be an echo, the reflected sound must be

of a second or

longer behind the original sound.
2.80 What is an echo chamber?-A
highly reverberant room which is loug
and narrow and has hard walls. A loudspeaker is placed at one end of the room

rock wool, or a backing of 2 -inch Fiber-

and a microphone at the other. The
sound to be reverberated is sent into

placed on the supporting wall.
The curved panel must be securely

microphone, amplified, equalized, and

glas,

braced; the braces are randomly spaced
to prevent selective resonance. The curvatures of the panels between the various diffusers are varied also, and their

the loudspeaker,

picked

up by

the

mixed with the original program material. Because of the hard walls, multiple reflection echoes are produced.
Typical echo chamber designs are

axes disposed to be mutually perpendicular in the three orthogonal planes.
Diffusers may be used in both the vertical and horizontal planes as well as
across ceilings and back walls. For a
studio 40 feet in length, two such diffusers will be required for each wall,
running vertically from the floor to the

shown in Fig. 2-80. At (a), the micro-

ceiling, placed directly across from each
other, as shown in Figs. 2-76D and E. In

to secure the desired results. At (c), a
movable partition has been installed at
the center of the room and is remotely
controlled to alter the length of the re-

small looms, the ceiling diffusers may
be omitted if the ceiling surface is at
different angles or broken up. For large
stages, the general plan of that shown
in Figs. 2-66A and B may be followed.
Concave surfaces must be avoided, as

they are points of concentration, and
focus the sound rather than diffuse it.
It should be mentioned that sheet Ma -

phone is

separated

from

the

loud-

speaker by a partition running almost
the full length of the room, to secure a
greater delay. In (b) is shown a plain
room with the loudspeaker at the farthest end. For this type of operation,
the microphone and speaker are moved

verberation period. Sketch

(d)

is a

similarly constructed room, except the
end and side walls are set at an angle.
Echo effects may also be generated
by the use of 1 -inch pipes, or larger,
ranging from 25 to 100 feet in length.
In the early days of radio, such systems
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were constructed by coiling the pipes
several feet in diameter, and placing
microphones at intervals of 23 feet to
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distance of 50 feet the delay is 1f -a sec-

ond, and 1/, second for 100 feet. The
disadvantage of this method of creating
reverberation is the tremendous loss
of high frequencies and the amount of
equalization and amplification required

achieve the delay times The sound was

introduced into the pipe at one end,
using a horn -type driver unit. For a

_ ARC (A)

DEPT:H (B)
REAR

WIDTH (C)

FRONT

Fig. 2-76A. Front and rear views of a
polycylindrical diffuser, showing the in-

Fig. 2-768 Basic plan for a polycylindrical diffuser.

terior construction.
60'
Width
(c)

Are

(a)
16"
32"
48"
64"
80"
96"
112"
128"
144"

Aadiw

Width

Depth

(r)

(h)

(r)

151/4

2

151/4

14%

3

30%

41/4

30%

281/4

457/15

61/4

457/8

611/4

81/4

611/4

76%
91%

101/4

76%
91%

14%
16%
18%

1221/4

1371/2

180'

Radius

Width

Death

Radius

Radius

(r

( c)

(b)

Is)

(r)

131/4

101/4

b)

51/4

6

10%
20%

261/4

3%
7%

431/4

9

311/4

391/4

111/4

7%
15%
22%

57%

12

41%

52%

151/4

301/4

20%

72

15

52

633/4

19%

381/4

251/4

18

62%
721/4

45%
53%

301/4

21

78%
92%

23

107

86%
100%

1221/4

1151/4

231/4

831/4

1051/4

1371/4

129%

26%

93%

118%

121/4

107

120'

90°

Depth

26%
30%
34?ii

151/4

61

35%
40%

68sh

453'4

Fig. 2-76C. Dimensions for polycylindrical diffusers.
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to return the signal to a point where

Artificial reverberation

good intelligibility is attained. Because
of the short duration of the reverberation, the signal picked up by the microphones must be fed back to the driving
source, and consequently multiple de-

generated electronically or by electromechanical means,

as

also may be
discussed

in

Questions 2.128 to 2.130. A typical reverberation system using a pipe is
shown in Fig. 2-808.

lays are created. For a pipe 50 feet in
length, the loss at 5000 Hz is approximately 23 dB, and for 100 feet it is approximately 45 dB. Because of these

structeR-Typical interior dimensions
are: Length 18 feet, width 15 feet, ceil-

problems, this system is no longer used.

3200 cubic

SSO

540' !70

2.81

How is an echo chamber con-

ing height 12 feet, consisting of about

0

10"

feet and a reverberation

20

Fig. 2-77. Paler frequency response of a flat baffle as compared to a curved baffle.
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bets may also be constructed as shown

in Fig. 2-80A. The ideal echo
chamber is one constructed using sixinch concrete walls. To be effective, an
echo chamber must have a minimum of
at (d)

NAM Poor WO

2500 cubic feet
2.82 How is an echo chamber con-

-------------------

nected into o recording channel?-The
output of the source of sound to be reverberated is bridged with an amplifier
and applied to the power amplifier
driving the loudspeaker in the rever-

------

------------

-

beration chamber, as shown in Fig. 2-82.

The reverberated sound is picked up
by a microphone, amplified, equalized,
and applied to the input of the recording channel through a mixer pot.
A different method of combining the
signal in the recording channel is shown
in Fig. 9-49. When combining the rever-

berated sound with the original material, the reverberated sound is mixed at
a level approximately 20 dB below the
original. This gives the best results,
with the highest intelligibility for
speech.

Fig. 2-80A, Echo chamber designs.

time of approximately 3.8 seconds. The
floor should be smooth cement and the
walls covered with hard, smooth plaster.

The ceiling must be nonparallel to the
floor. The speaker may be moved and
microphones with different pickup
characteristics used to secure the desired effect. However, a room with the
microphone and speaker in fixed positions and a movable partition are the
most convenient to operate. Echo cham-

A separate echo chamber is required
for each microphone to be reverberated.
2.83 What is en onechoic chamber?

-An enclosure in which the reflected
sound is negligible. Such rooms are
used for measuring the characteristics
of microphones, loudspeakers, and other
acoustic transducers, and to provide en-

vironmental conditions similar to the
outdoors. Fig. 2-83A shows an anechoic
test chamber at the Bell Telephone
Laboratories, Murray Hill, New Jersey.
To eliminate surfaces that would reflect
50' TO $00.
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DELAY AP(
ice

lac

ACOUSTIC
DAMPING

\?'
NC EotYLIIERS

FEEDBACK
SKSNA;

REVERIKRAT E

SOW/

Fig. 2-80E1 System for generating artificial reverberation using pipe delay lines.
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Fig. 2.82. Block diagram for connecting an echo chamber to a recording channel.

sound, the walls, ceiling and subfloor
are lined with sawtooth wedges of Fiberglas to a depth of five feet. The
flooring consists of high strength steel
cables `10,, -inch thick. strung under
tension in two-inch mesh. The chamber
dimensions are 35 X 28 X 28 feet. The
volume is 27,440 cubic feet. With the interior treatment as shown, the absorption at the walls is 99.98 percent of all
incident sound energy in the audible

curve tracing and polar pattern graphic
recorders. The entire facility is set on

its own foundation, which completely
isolates it from the main building.
Two chambers, similar in construction are in use at the Altec-Lansing
plant in Anaheim. California. One is
used for engineering and a second for
routine production testing. Fig. 2-83C is

a view of the test equipment outside
the chamber used for research and deequipment

includes

range.

velopment.

In Fig. 2-83B, is shown a corner of
the anechoic chamber of the ElectroVoice plant in Buchanan Mich., used

preamplifiers, power supplies, graphic

for engineering development and quality control. The main chamber. is 35 >,
26 x 26 feet and has a volume of 23.660
cubic feet. The walls are treated in the
same manner as described for the

chamber in Fig. 2-83A. In addition to
the main chamber, there arc two
smaller adjoining chambers; one houses
a standard loudspeaker calibrated from
20 to 20,000 Hz. traceable to the National

Bureau of Standards: the second is a
smaller chamber that will accommodate
loudspeakers up to and including a diameter of 30 inches A standard exponential horn is also available for testing
high -frequency driver units.
The ventilation of the main chamber
is through three wedges located in
widely spaced positions to prevent reflections. Twenty-two circuits are available from the chamber for connections
to signal sources and test equipment.
Exterior to the chambers are automatic

level

The

recorder.

oscillator

frequency

counter, and other devices The equip-

ment shown in Fig. 2-830 is used for
routine

testing

of microphones

and

other devices. The device to be tested
is supported by a pulley arrangement
and cords for orienting and ease of operating. The test equipment consists of
a graphic level recorder, oscillator, preamplifier. vacuum -tube voltmeter, and
associated equipment.
2.84 Describe the construction of on
onechoic chamber.-Anechechoic cham-

bers are enclosures that are echo -free.
within a specified frequency range. To
achieve this condition, the sound energy
absorption must be between 99 and 100

percent. Or to state it in another way.
the sound -pressure reflections must be
between 10 percent and zero. The point

at which the energy nbsorption drops
below 99 percent or the pressure reflection exceeds 10 percent is known as the
low -frequency cutoff frequency. The

curves in Fig. 2-84A show the low-fre-
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Fig. 2-83A. The anechoic chamber at the Bell Telephone Laboratories, Murray Hill,
New Jersey.

Fig. 2-83B. Testing a microphone in the Electro-Voice anechoic chamber.

quency cutoff points for 60, 130, and
250 -Hz. The table of cutoff frequeucies
recommended for different types of
testing is given in Fig. 2-84B.

The actual dimensions for any type
anechoic chamber will be determined
by the type equipment to he tested. For
general acoustical research, the mini -

mum frec-field dimensions (the distance from the edge of one wedge to
another on the opposite wall) cannot be
less than one wavelength of the cutoff
frequency, and the largest dimension
not less than half a wavelength of the
cutoff frequency. The principal factor affecting the free -field dimension is
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the size of the equipment under test.
Measurements at a specified frequency
should

be

taken

no

closer

than

a

To obtain a satisfactory environment,
the anechoic wedges are generally installed in an attenuating structure similar to that of Fig. 2-84C. The outside
enclosure may be built on the ground

quarter wavelength from the sound
radiating surface and no less than one
quarter wavelength from the points of

or on an existing Floor, or floated on

the surrounding wedges.

springs, lead, or some type of acoustic

Fig. 2-83C. Test equipment for research and development of loudspeakers and
microphones, outside the onechoic chamber in the Altec-Lansing plant.

Fig. 2-830. Routine production test equipment outside the Altec-Lansing onechoic
chamber. The device to be tested is hung from a pulley -and -cord arrangement for
ease of operation and orientation.
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pended from the walls. If a grating is

isolation material. The door in the outer
structure must have an attenuation
characteristic equal to the outer walls.
The inner surface of the chamber door
is be treated in the same manner as the
inner walls, in order that the anechoic
characteristics are not compromised.
To achieve adequate ventilation,
twelve complete changes of air per

used, the openings arc generally 1 or 2
inches in depth and 2 inches in length.
Thus the slit width is less than half the
wave length for frequencies below 3000
Hz. The open area is often in excess of
90 percent of the total area, and consequently when a sound strikes the grating, under normal incidence the reflection is negligible. However, there is a
certain amount of reflection. This sub-

hour will be required, with controlled
humidity and temperature. The air
from the ventilating system is introduced through a plenum silencer into
the chamber through special ventilating
wedges (Fig. 2-84D). Velocities up to
250 fpm may be fed to the interior,
without introducing noise. A graphical
plot

of

lower

the

cutoff

ject has been treated extensively by
Ingard. The reader is referred to the
reference at the end of this section.
A portable anechoic chamber, manufactured by the Eckel Corporation, is
shown in Fig. 2-84G. The surfaces of
the Fiberglas wedges are covered with

frequency

versus the depth of treatment of the

No. 2, 19 -gauge hardware cloth. The interior of the chamber shown has a free -

chamber is given in Fig. 2-84E. Typical
wedges arc shown in Fig. 2-84F.
The question is sometimes raised,
what effect if any, does the grating used
for the floor have on measurements
made in an anechoic chamber? The
study of the effects of the floor becomes
quite complex. In practice, the floor is

field space of approximately 21 cubic
feet.
2.85

What is the purpose of adding
reverberation to program material?-To
enhance the original material by adding
brilliance and to create the illusion that
the material was originally recorded in
a large auditorium. If proper y con -

a metal grating or nylon cables sus 20
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2.84A. Absorption characteristics for typical wedges of the Eckel Co.

Type of Testing

Aircraft
Audio
Automotive
Electrical
Communications
Jet Engine
Machinery

Musical Instruments
Psycho -Acoustic

Transformer

Low -Frequency
Cutoff Point
75 Hz
125-400 Hz
60 Hz

60-200 Hz
150 Hz

75-150 Hz
60 Hz
150 Hz
100 Hz

Fig. 2-84B, Recommended cutoff frequencies far different types of testing.

trolled and equalized, the results can
be very pleasing. Reverberation is also
used for producing sound effects, such
as to simulate a large room or cavern.
Equalization may be necessary as the
reverberation chamber distorts the
original frequency characteristic.
2.86 What is the optimum number
of musicians for a given size studio,
based on the program material?-The
number of musicians will vary, depend-

ing on the program material and the
size of the room or studio. Based on
experience, the recommended number

is given in Fig 2-86.
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2-86.

plenum.

2.87
Whot ore acoustic pendants?Octahedral-shaped devices suspended

from the ceiling of a recording stage or
auditorium to break up reflections from
a flat or curved ceiling. The pendants
are constructed from %-inch plywood
and vary in height from 1 to 3 feet The
diameter at the center varies from 6 to
12 Inches. These devices should he hung

of

in a scattered manner from the ceiling
at varying heights, if the ceiling is flat.

If the ceiling is curved, as shown in
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Fig. 2-84E. Lower cutoff frequency versus depth of treatment on the interior walls
of an onechoic chamber.

Fig. 2-84F. Typical Fiberglas wedges used for the interior treatment of anirchoic
chambers, with and without hardware screen.

Fig. 2-84G. Portable anechoic chamber manufactured by the Eckel Corporation.

Fig. 2-87. they may be hung at a uniform height. It may be desirable. in
some instances, to cover every other

one with Celoter to provide soft and

hard surfaces. The whole purpose is to
break up concentrated reflections from
the overhead to the side walla and
floor. Rooms having strong concen-
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sponds to a power level of -17 + 120 =
103 dB. Power levels for sounds that are
frequently encountered are given in Fig.

Fig. 2-87. Acoustic pendants hung from
o curved ceiling to break up reflections.

trated reflections from the ceiling may
be altered to have quite even reflective
qualities by the use of these acoustic
pendants.
2.88 What

ore

the

middle-tonge

frequencies?-Frequencies between 400
and 3500 Hz
2.89 Define the terms sound -pressure

level and sound -power level. - Sound pressure level (SPL) is used to express
the level of a sound that has been mea-

1-117.

2.90 What is a Rayleigh disc?-A
device invented by Lord Rayleigh in
1882 for measuring sound pressures.
The instrument consists of a small

light -weight disc, suspended vertically
by means of a quartz fiber or annealed
bronze wire. A small mirror is cemented
to one side of the disc and is supported
in a draftless square or tubular chamber

constructed

of

open -mesh

silk.

When an air stream, whose pressure is
to be measured, strikes the surface of
the disc, the disc tends to align itself
with the direction of fluid and pressure

sured using a sound level meter. The

flow. A beam of light focused on the

reference for these measurements

mirror surface permits the angle of deflection to be accurately measured by
means of a calibrated lens system also
focused on the mirror.
Such a device may be used for calibrating the frequency response of microphones, with a high degree of accuracy, by interposing the disc assembly
in an airstream path between a microphone and loudspeaker unit. The loudspeaker unit is excited by an oscillator.
Since the speaker characteristics must
be isolated from the measurement, the
pressure generated by each frequency
of interest is adjusted for the same deflection of the disc, so that the microphone under calibration sees the same
pressure at all frequencies The microphone output is then amplified, and the
electrical characteristics are measured
in the usual manner. The loudspeaker
must be of good quality and of low dis-

is

0.0002 microbar. Sound level meters do

not measure acoustic power. Sound power level (PWL) is the acoustical
power generated by a sound source.
Sound -pressure level may be expressed
as:

SPL = 20 Log..

0.0002

dB

where,
P

is the root -mean -square sound
pressure in microbars.

Because the range of acoustic powers

met with in daily life are on the order
of one billion -billion (10") to one, it is
quite convenient to relate these powers
using the decibel, which is logarithmic.
The reference for these measurements
is 10-'

watt. The power level may be

calculated:

PWL =10 Log,.
where,

10' dB

W is the acoustic power in watts.

Since 10' watt corresponds to a level
of minus 120 dB, the above equation
may be more easily expressed:
PWL = 10 Logo. W + 120
where,

must have a uniform frequency characteristic and low distortion.
Initially the disc is set to an angle of

45 degrees, which is the angle of the
greatest sensitivity, by adjusting the
suspension head at the top of the disc
enclosure. When the disc is subjected
to an air stream, it assumes an angle
different than 45 degrees. The angle of

W Is the acoustic power in watts.
Since 10' is a power ratio correspond-

ing to minus 120 dB, the quantity 10
Log... W winch is the value of decibels
corresponding to the numerical value in
watts, can be readily obtained from the
decibel tables that are given in Section

25. As an example:

tortion. The microphone preamplifier

0.2

watt corre-

deflection is held constant to a refer-

ence frequency for each frequency of
interest used in the calibration. Barnes
and West have shown that if the resonance of the disc falls within the audio
spectrum, it can produce errors up to
10 percent in the vicinity of resonance.
As an example, a disc with a diameter
of 10 cm and a thickness of 0.0045 cm
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has a resonance of 1800 Hz However,

When this occurs, the frequencies of

the addition of the mirror to the one

the reed and sound wave synchronize.
This is called resonance. At the top end
of the pipe is a movable plug for tuning
the pipe to the exact frequency. A 16 Hz organ pipe is 32 feet long.

side of the disc reduces the resonance
somewhat. Since barometric pressure
and temperature affect the measure-

ment, they are noted and corrections
are made to the final plot.
2.91 What is a Helmholtz resonatorl-A cavity resonator which is open
to the outside air through a single small

hole. Air blowing across the hole will
cause a sound to be generated at a frequency dependent on the volume of the
cavity. A cross-sectional view of such a
resonator is shown in Fig. 2-91.

2.93

Define

the

term

yreMhted

curve and its usage.-A weighted curve
is a frequency -response curve with a
special characteristic. Weighted curves
are more commonly associated with
sound -level meters used for acoustical
measurements. (See Question 2294.)
Sound -level meters manufactured
prior to 1961 employed frequency char-

acteristics as given in Fig. 2-93A and
are now considered to be obsolete. In

Fig. 2-01

Helmholtz resonator consist

ing of a cavity with o single hole open
to the outside media.
What causes an organ pipe to

2.92

vibrate?-Organ pipes arc constructed
with a reed at the lower end which
vibrates when air is forced into the
pipe. Sound waves arc set up which
travel up and down the pipe which is
of such length that the wave of air will
just have time to travel the full length
of the pipe during the interval required
by the reed to make one complete cycle.

1961 the industry adopted the American
Standard ASA (now USASI) S1.4-1961
shown in Fig. 2-93B. There are also two
international standards, ISO R123 and
ISO R179. Both the American and International Standards agree within 0.20
dB.

Given in Fig. 2-93C is the USASI
Standard S1.4-1961 with the frequency
response extended at the lower end to

10 Hz, and at the upper portion to 20,000

Hz. Also included is an additional characteristic curve, N (it is not a standard).
This latter characteristic is a proposed
characteristic to be used for the measurement o broadband noise such as
encountered in the noise measurement
of jet aircraft engines
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Fig. 2-93A. Weighted

for sound -level meters manufactured prior to 1961 (ASA
224.3 1044)
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indicate the frequency
distribution of the noise. With the same
level on all three characteristics, the
sound generally predominates above
600 Hz. For levels using the "C" char-

The selection of a weighted curve for
a particular measurement, is generally
predicated on the type noise to he mea-

acteristics to

sured. As an example, curve "A" of
2-93B is often employed when
making speech -interference measurements. while curve "B" is used for traffic surveys. Whenever a single measurement is made, the reading should he
Fig.

acteristics which are higher in level
compared to curves "A" and "B," the
greater part of the noise is probably
below 800 Hz (see Question 5.98).
2.94 Define the term ambiophony.It relates to a method of inducing artifi-

described-curve "A" 45 -dB weighted
curve, and for "13" 20 -dB weighted
curve In the past, for single readings

the following rule was used. For levels
below 55 dB, characteristic ''A" was
selected; curve "B" was used for levels
of 55 to 85 dB; and above 85 dB, characteristic "C" was used (flat). However,
curve "A" is the one most generally
employed. Readings taken with curves
"A" and "B" arc referred to as sound level readings, and those made using
curve "C" (flat) are referred to as
round -pressure levels.

It is recommended 'n general that
readings be made using all three char -

cial reverberation into an auditorium,
by use of loudspeakers in the ceiling
and around the walls. Each group of
loudspeakers is delayed in their reproduction the appropriate amount of time.
corresponding to the normal delay for
'

its position. Thus, an auditorium may
he treated in such a manner that reverberation is induced only by the electronic reverberation
system.
(See
Question 2.37.)
2.95 What is pre coring? -Music

recorded prior to the shooting of a mo-

tion picture or television scene. The
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Fig. 2-93C. USASI (ASA) Standard for sound -level meters plotted to indicate the
frequency response from 10 to 20,000 hertz.

sound track is played back from loudspeakers on the stage and the action is
synchronized with the sound, and photographed. This method is generally
used in the production of large scenes
in musical motion pictures or scenes
where it is impractical to record the
action and sound simultaneously.
2.96 What we the sentences used
for testing sibilance?-Sister Susie is
sewing shirts for soldiers. Or, she sells
seashells by the seashore.
2.97 How should reverberation be
added to program material to produce
the illusion of a large auditorium?-The
reverberated signal is fed to the recording chnnnel in such a manner that it is
not too apparent, but is the result of
natural reverberation in the studio. At
appropriate times, such as during rests
or other silent spots in the program,
the reverberation is increased slightly
to give the effect of a large hall. Equalization must be included to correct for
the frequency distortion of the echo

the S.rnera moves in on the subject to
be photographed or being photographed.
2.99 What is a reverberant chamber, and what is its purpose? The re-

verberant chamber is the direct opposite of an anechoic chamber discussed
in Question 2.8.3. It is constructed of
highly reflective surfaces. An important
factor of any noise -producing device is
the total radiated sound -power level
(SPL) or the acoustical energy generated by the device. Sound -power level
is proportional to mechanical energy. If
the PWL of a device is known before its
installation, it is possible to predict the
noise level it will produce in its final
environment.
Reverberant chambers are generally
constructed using sheet -metal walls,

and having solid surfaces without any
acoustical backing. Stiffening braces are
used to hold the surface flat. Other surfaces such as Masonite, Tran.site, and

2.82.)

similar materials may be used instead
of metal. Figs. 2-99A and B are plans
and cross-sectional views of typical reverberant rooms A table of absorption

2.98 What does the term truck -in
mean?-It is an expression used in the
motion picture industry to indicate that

coefficients for a reverberant room
using octave -band filters is given in
Fig. 2-99C.

chamber. (See Questions 2.80, 2.81, and
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L_
Fig.

2-99A. Plan view of reverberant
chamber.

Octave Band
Freq.-11z

Meas. Abs.
Coeff. ( )

75- 150
150- 300
300- 600

0.056

600-1200
1200-2400
2400-4800
4800-9600

Fig.

2-998. Cross-sectional view. Cubic
volume approximately 2100 cubic feet.

0.056
0.040
0.031

0.029
0.040
0.045

Fig. 2-99C. Typical reverberant room absorption coefficients for structures as

2.99A and 2-998.
If the device being tested has a relatively constant acoustic output, the
sound -pressure level will be essentially
uniform and constant in a reverberant
room. The sound -power level of such
items as a fan, motor, pump, or similar
device which distributes acoustical energy over a wide hand of frequencies

can be determined by a few simple
measurements in a reverberant cham-

ber. The sound power level may be
computed:

PWL

SPL

10 Log. V- 10 Log,

T - 19 dB-re: 10" watt
where,

V is the room volume in cubic feet,
T is the reverberation time of the
room in seconds,
SPL is the sound pressure level measured in decibels.

Reverberation time is calculated using
the formula given in Question 2.34, or
measured with a high-speed level recorder. The terms T and V are essentially constant for a given room, therefore the PWL can be obtained from the
SPL measurements, once the room has
been measured.

A reverberant chamber should be

Fig. 2-99D. Interior of reverberant chant-

ber manufactured by Industrial Acoustics Co., Inc. The panels shown in the
center of the room con be revolved
simultaneously both horizontally and
vertically.

constructed to meet the following conditions: The walls must not be parallel,
and its dimensions must not be similar.
The device to be tested is placed near
a wall on the floor, never in the exact
center of the room. The microphone or
device under test should be rotated to
avoid measurement of standing wave-

forms. In Fig. 2-99D, the ulterior of a
reverberant room is shown, with revolving panels that revolve simultaneously, both horizontally and vertically.

Other measurements made using a
reverberant room arc absorption coeffi-

cients and random calibration of microphones, loudspeakers, and other devices. Industry is making extensive use

of the so-called quiet room for measurement of household appliances. The

room is constructed with panels corn-
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posed of sheet metal, with an interior

connected to the Sono -Vox amplifier

perforated metal surface and an acoustical fill sandwiched between the metal

which drives the Sono -Vox articulators.

sheets. Such rooms are used for the
checking of production runs and isolating areas where it would be impractical
to install extensive acoustical treatment.
Reverberant rooms may be constructed using 8 -inch concrete block. A
typical room constructed for micro-

phone and loudspeaker research may
have the following inside dimensions:
19.5 -feet long, 13.67 -feet wide, and a
ceiling height of 11.4 feet. The ceiling
consists of 2 -inch hollow -core prestressed concrete beams. The inside is
sealed with Butyl rubber -asphalt compound. The walls are coated with 1/4 inch gypsum plaster finished with 1/4 inch hard lime plaster, and the floor is
covered with clear alkyd enamel. The

These devices are placed against the
throat of the articulator who is seated
in front of a microphone connected to
a recording channel.

The articulator mouths the desired
words but is careful to make no sound.
The Sono -Vox articulators at the throat
will transmit the sound from the sound
effects track into the larynx. The sounds
emerging from the throat of the human
articulator are picked up by the microphone and recorded. Thus, a whistle or
bell is made to talk.
2.101 How is o microphone boom
constructed?-A microphone boom is a
mechanical device consisting of a re-

tractable metal tnbc or rod mounted
on a dolly, NS shown in Fig. 2-101A. The
microphone is suspended at the end of

door,

the rectractable tube on a turret head,

hung in a double frame, and carefully
sealed to the concrete block structure.
The inside volume is 3070 cubic feet,
with a boundary of 1290 square feet.

operator towards the actors for the best
sound pickup.

The measured response for such a room

factured by the Fisher Boom Company,

is shown in Fig. 2-99C.
2.100 What is o Sono -Vox sound effects machine?-A device for produciug the effect of a train whistle, an
automobile horn, or a musical instrument talking. it is used quite extensively in radio commercials. The Sono -

is shown in Fig. 2-101A and is used

door

is

a

five -inch acoustical

Vox makes the production of articulated

sounds

possible

although

the

human voice is not actually used. The

which may be rotated by the boom
A typical microphone boom, manuextensively in the production of motion
pictures and television shows. The retractable tube may be extended to 16

feet and the microphone turret head
rotated through 360 degrees. The bearings are Neoprene -sealed ball bearings,
for quietness and ease of operation. The
boom is demountable and, packed for
shipment, weighs approximately 210

human speech tnechanisin is employed,
replacing the normal vocal cord output

pounds.

by the sound it is desired to articulate.
Referring to Fig. 2-100, It will be
noted that on the left is shown the
dialogue sound track to be articulated

boom

and the person who is to act as the
articulator. The sound -effects track
DIALOG
CUING
TRACT.

is

A

large studio -type
manufactured by

microphone
The

2-101B. This boom weighs about 500
pounds and is constructed similarly to
the one previously described, except it
is not readily portable.

'ARTICULATOR'

Sow -VF.
Rotel
Aiwy

TIT RECD
NORMAL
CHANNEL

TTEADPNONES

ARTICULATOR
UNITS

Mole -

Richardson Co. is illustrated in Fig.

SPECIAL
SONO -vIDT

AMPLIFIERS

Sem Vos

A.1 coot*.

Any

Fag. 2-100. Sono -Vox sound effects recording channel.

EFFECT
SOUND
TRACK
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Fig. 2-101A. A light -weight portable microphone boom manufactured by the Fisher
Boom Co.

Cr

Fig. 2-101 B. A heavy studio microphone boom manufactured by the Mole -Richardson Co.

2./02 What is o turret head?-A
rotatable microphone support on the
end of the retractable tube of a microphone boom, as shown in Figs. 2-101A

and B. Tilting mechanisms are often

mounted on the turret head for the
purpose of moving the microphone in a
vertical plane.

2.103 What is the advantage of
supplying the microphone boom operator
with headphones? To aid him in maintaining uniform sound quality. The

boom operator's headphones are connected to the same monitor circuit as
the mixer's. Thus, the boom -man hears
as the mixer hears. As a rule, the boom

ACOUSTICS, STUDIO TECHNIQUES, AND EQUIPMENT

operator's headphones are also connected to a communication circuit so
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may be. Provision is also made for the

director to give orders to the actors

that the mixer may give him orders

while they are in action. (See Questions

when necessary.
2.104 Describe a radio playback sys-

2.95 and 4.72.)

tem used for motion picture and television production.-A system that has
been used to good advantage is the
radio playback system which utilizes a
transmitter and individual receivers.
Each principal and others concerned
carries a miniature radio receiver con-

small theater, on a motion picture lot,
for reviewing the finished product or

nected to a hearing aid earpiece. A low
powered radio transmitter is set up on
the stage and connected to a loop antenna which surrounds the set. Working
within the loop, the actors listen to the

2.105

What is a review roan?-A

daily work. These rooms are maintained to a standard for uniform quality
of picture and sound reproduction
2.106 What is the peak intensity of
sound that may be expected in a review
room?-At least 80 dB above the
threshold of hearing; therefore, the
walls should be well insulated and diffused.

2.107

Define the terns noise criteria.

music picked up by the miniature re-

-It is the maximum permissible noise

ceivers and sing and dance as the case

level for a given enclosure, measured in
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Fig. 2.107. Noise criteria, or NC, curves indicating the maximum permissible noise
levol for sorer, type enclosures.
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octave -bands as a function of the octave -band center frequency. A group of
such curves is shown in Fig. 2-107.

a sound track must be replaced due to
technical difficulties; or the picture is to
be revoiced for another language.
The enclosure of a looping stage is
designed so that the walls can be readily altered to change the acoustic conditions to match a particular scene or
effect. By moving a group of acoustic
panels on the walls, the reverberation of
the stage may he changed from a dead
stage to a live stage. A group of movable wall panels on a looping stage at
Universal Studios, Universal City, California, is shown in Fig. 2-110B, with a
floor plan shown in Fig. 2-110A.
Referring to the floor plan, on the

Curve NC -20 is the one most commonly
employed for theaters, concert halls,

studios, and similar structures. However, the NC -15 curve should be used
whenever possible. The curves include
all noises, such as external noises and
leak -through from other studios, internal noises, and the ventilating system.

The curve at the lower left, is the approximate threshold of hearing for continuous no:sc.
2.108 What is the average ambient
level of a theater?-Approximately 40 dB above the threshold of
noise

north wall is a total of 9 panels, with
5 panels that are movable approxi-

hearing.
2.109

Why is it desirable to reduce
the low frequencies when recording dialogue? -To remove tubhyness from the
voice caused by playing too close to the
microphone; also, to reduce the low frequency accentuation caused by sets
reflected sounds.

mately 180 degrees. Each pane: is 4 ft
16 (t, hinged at the top and bottom,

supported by a pipe running parallel
to one edge. The inner and outer sureach panel

face of

is

treated to be

acoustically hard and soft. It will be

Question

noted the wall surfaces behind the fixed
panels are treated acoustically and are

Describe the construction of
looping stage.-Looping stages are

quite dead. The panels are set at an

generally used for post -synchronization

fixed panels act somewhat as a flat
splay as discussed in Question 2.77. The

and

(See

18.81.)

2.110
o

angle of approximately 10 degrees. The

of a new sound track for an existing
picture. The recording of a new sound

panels on the west wall are also movable, but are only 2 ft x 13 ft in height,
as they must clear the projection room
ports above. The treatment of the west
and south wall panels is similar to the
north wall panels. The stage volume Ls

track may be necessary for several rea-

sons-the dialogue had noise in the
background; it could not be shot on
location because of expense or area;
certain characters are to be revoiced;
STORAGE
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Fig. 2-110A Floor plan of looping stage at Universal Studios, Universal City, California. In addition to looping operations, this stage is used for making sound effects
and can, if necessary, be used as a dubbing stage.
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Interior views of a looping stage at Universal Studios, Universal
City, California.
SCREEN

PANELS MOVABLE

By RACK B PINION

FRONT

REAR

OF FLAT

OF FLAT

Fig.
MECHANICAL -LINKAGE

MICROPHONES

2-110D. Looping setup using two

panels set of an angle of 10 to 15 degrees.

on the order of 39,000 cu. ft. Wall areas
above the panels arc set at an angle for
diffusion. At the east end of the stage, is
a standard motion -picture screen and

loudspeaker for projecting the scenes
to be looped. The monitor room in the
southwest

corner

of

the

stage

is

equipped with a mixing console and
0
FOOT MARKS

other necessary equipment. Outlets are

provided on the south wall for microphones, headphones, and intercommu-

FLAT

nication. Four views of the north wall

2-110C. Looping setup using two
let panels, with movable panels on the

panels are given in Fig. 2-110B, showing placement for different combinations of the acoustic panel surfaces.
In Figs. 2-110C and D are shown two

walls.

setups that may be used for looping.

Fig.
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Two flats of the proper acoustical prop-

erties are set one on each side of the
actors, at an angle of 10 to 15 degrees.

with a slight angle with reference to
each other. The microphones are hung
from the overhead at a fixed distance.
Footmarks arc placed on the floor for
the best position of pickup and future
reference. The side wall panels are
acoustically hard and soft with the

walls behind the panels treated for a
high absorption. The panels are linked
together. mechanically, and operated by
a motor -driven rack and pin arrangement. Thus, for matching the original
environment the mixer may adjust the
acoustacs of the room as he listens to
the original sound track.
Looping equipment is discussed in

loudspeakers are used it is two channel
stereophonic sound.
2.111 What is a stereophonic sound

system?-A system using two or more
microphones with a separate amplifier
and loudspeaker for each microphone
channel This system is also referred to
as an auditory perspective system. With
such an arrangement of equipment, the

sound travels from one speaker to the
other as the principals move across the
stage. Such a system permits an orchestra to by reproduced closer to its
proper perspective.
2./15 Describe how o production
stage may be altered acoustically for
recording music.-Stages designed for
production shooting generally have a

reverberation period on the order of
to 0.6 second, and arc not suitable

Questions 17.223 to 17 227.
2.1 1
What is 3-D sound?-The

0.5

The term applied to three-dimensional

reverberation period is lengthened.
Such stages may be used for music recording by the use of a group of poly cylindrical diffusers (Fig. 2-76D). These
diffusers are placed about 1 foot apart
in a semicircle at the rear of the orchestra and slightly forward at the sides, as

1

or stereophonic sound.
2.112 What is a monaural sound

system?-A sound system consisting of
one source of sound. such as a radio,
magnetic tape, a record, and the like.
using a single loudspeaker for reproduction It is also termed monophonic.
2.113

What

is

a

binaural

sound

for the recording of music unless the

illustrated in the floor plan drawing of
Fig. 2-115.

system?-A system consisting of two
microphones at the point of pickup,
placed in the same relationship to each
other as the ears of a listener. The

4:9s
FOOT

6;1r160*

t

microphones are connected to separate
amplifier systems and transmit the pro-

44 6 0 E

gram material to the listener through
headphones. Each headphone

is

con-

nected to its own amplifier. Such systems are considered to be as nearly
perfect as present-day knowledge will
permit. The block diagram of such a
system is shown in Fig. 2-113. True
binaural sound cannot be achieved with
loudspeakers, only headphones. When
=AO ICUltr

WC

8

iP -

0

NS.

0 04
1

Qs.

2-115. Floor plan for setting up
polycylindrical diffusers to record on
orchcstro. The squares represent the
acoustic clouds hung from the overhead.
Fig.

After construction, the diffusers are
backed by hanging a Fiberglas blanket
from top to bottom; however, in some
instances they may be left open. They
are held in vertical position by sand
bags at the bottom and stage braces at
the sides. Assume a total of 12 panels

are to be used, they are made up in
pairs having 60- and 90 -degree convex
surfaces and placed alternately as shown

in the illustration.
In addition to the diffusers, acoustic
clouds about four feet square made of
Fig. 2-113. A true binaural sound -reproducing system.

plywood are hung from the overhead 12
to 15 feet above the orchestra. No two
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To tune an auditorium, a small loudspeaker is placed about two feet behind

are to have the same exact angle rela-

tive to the floor. The surface of these
clouds is sprayed with lacquer as are

a microphone placed in the position
where it will he normally employed.
The loudspeaker is directed into the mi-

the diffusers. In the construction of
such diffusers arid clouds, Masorete
should not be used as it is not stiff

crophone and the auditorium, and is energized using a random -noise generator.

enough. Two by four wooden braces
set edgewise arc used across the upper
surface of the flat panels used for clouds
which, if not braced, may vibrate, causing rattles and buzzes. (See Question

The output of the speaker is adjusted

2.76.)

accomplished with the sound system off.

for an SPL of about 80 dB, as measured
on a sound -level meter close to the mi-

crophone. The initial adjustments are

2.116 What is acoustic gain? -It Is

A reading of the speaker level fed by

the difference in sound pressure level

the

performers
acoustic output, and the same performance using a sound reinforced system as

taken at the extreme rear of the auditorium with a sound -level meter. The

between

an

unassisted

random -noise

generator is

then

sound system is now energized with the

random -noise generator and the gain
adjusted just below the point of feed-

measured at a given observation location.
oudiforiurn?-This is an expression used
to indicate that the acoustic peaks in an

back.

At this point of gain, the SPL of the

enclosure have been reduced by the
use of a series of tuned circuits in the

sound system is noted. Subtracting the
first measurement from the second

electronics of the sound system feeding
the enclosure. Although this method of

gives the acoustical gain of the auditorium. As a rule the average auditorium will yield about 1 to 2 dB of

correcting the acoustic characteristics
of an enclosure was used by VoLitman
of RCA in motion -picture theaters in a
simplified form as early as 1110, it has
remained for Dr C. P. Boner and his
son, C. R. Boner, with the aid of modern
test equipment to realize the full capa-

gain. With the auditorium
properly tuned, up to 30 dB of acoustical gain is possible. This will permit the
full frequency range to be realized, thus
increasing the intelligibility of speech
and also enhancing the reproduction of

bilities of such a method.

music

VOLTAGE
AMPS

acoustic

TUNED FILTERS

POWER
AMP

60011 !INC

Fig

2-117A

Voltage and power amplifier with tuned filters.

600 fl

Fig. 2-117B. Tuned -filter circuitry.

Fig. 2-117C. Front view of Altec-Lansing Acousta-Voice variable titers. Range 625
to 8000 H. variable in steps of dB for o total range of 14 dB.
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Fig. 2-1176. Impedance -correcting networks used with the DuKone Voracoustic
sound control system.

Dr. Boner's method of tuning an enclosure is to employ a group of tuned
filters between a separate voltage and
power amplifier, transformer coupled
by a 600 -ohm impedance line (Figs. 2-

117A and B). It is in this line that the
tuned filters are connected.

Through the use of such filter sections, the gain of the amplifier system is
reduced at the peak frequencies of the
auditorium, resulting in an inverse
electrical correction that simulates a
uniform (or approximately uniform)
acoustic response. It is not uncommon
in some auditoriums to encounter peaks
on the order of 20 dB or more. It should
be understood the acoustics of the audi-

torium are not corrected, but the frequency characteristics of the amplifier
system are altered inversely to the auditorium characteristics to compensate
for the acoustical peaks. The amplifier
system is of uniform, frequency characteristics without the filters.
This system of correcting for acoustic
peaks is generally used where one or
more microphones are employed. This
method of acoustic correction for motion picture theater reproduction is not
recommended at this time, nnce the
sound system would not be compatible
with the frequency characteristics used
for recording motion pictures.

After inserting the first peak filter,
the sound system is again energized and

the next largest peak noted. A tuned
filter of the correct frequency is inserted in the link circuit and adjusted
for the peak amplitude. This same pro-

cedure is followed until all the major
peaks are removed. Small peaks may
now be removed in order of their importance. It is possible in a large auditorium to employ 20 to 100 tuned filters.
In a well -tuned auditorium, an acoustic
gain of 15 to 20 dB can be expected.

Notch filters suitable for this work are
discussed in Question 7.12. (See Question 2.116.)

A second method of tuning an auditorium, developed by Arthur C. Davis
and Don Davis of Altec Lansing Corp.,
accomplishes similar results, except the
tuned -circuits are constant -impedance
bridged -T filters spaced 1,-:3 octave apart.

It is claimed for this method of tuning
that hangover and ringing effects in the
tuned circuits are avoided; also, the impedance

remains

constant,

whereas

tuned circuits are not of constant -impedance. In setting up this latter system, a method of determining the peak
frequency of the auditorium and adjusting requires only the use of an oscilloscope. This system has been termed

Acousta-Voicing by Altec lansing.
Pictured in Figs. 2-117C and 2-117D
are front -panel views of the AltecLansing systetn, showing the filters and
their controls. The small group is used

where a small number of filters is required. The larger group will supply
corrections for 24 different frequencies.
A response curve (A) taken from the
left hand loudspeaker of a two -channel
stereophonic reproducing system in a
given

enclosure

is

indicated in

the

graph of Fig. 2-117E. Frequencies of
constant amplitude were applied to the
amplifier system, and the acoustic response of the enclosure was measured
by means of a sound -level meter. The
frequency response of the amplifiers
without the filters was uniform over the
indicated frequency range given at the
lower edge of the graph.
Superimposed curve "B" is the inverse electrical response of the bridged -

T filter sections alone. Each filter section is capable of being attenuated 14
dB. Greater attenuation for a given frequency can be achieved by adding a
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second filter of the same frequency. The
lower curve "C" represents the acousti-

and the midhigh frequency portion of

not exactly. Also, the adjustment range
is in 1-d13 steps, whereas the tuned filter type is adjusted to the exact amplitude of the peak.
Using either of the two systems in an
auditorum results in greater acoustic
gain by the reduction of acoustic feedback and the removal of objectionable

the spectrum has been reduced, result-

peaks in the auditorium. Listening to

cal response of the enclosure after the

introduction of the various filter sections, again read with a sound -level
meter. It will be observed that the rising
characteristic at the low -frequency end

ing in the listener hearing a more uniform acoustical response in the auditorium. The right-hand amplifier system
was treated in a similar manner.
If the problem is one involving only
two or three peaks, peak frequencies
may be reduced by connecting tuned
circuits or other type filters in the output of the power -amplifier feed line to
the speakers. (See Fig. 20-137.) Or, the
amplifier system may be altered as dis-

cussed in Question 6.96 under Equalizers, a method still used in some theater equipment. When using filters in
the output line of a power amplifier, the
insertion loss of the filter must he quite
low: if it is not, considerable power will
be lost.

In evaluating the two systems, the

reproduction

through

either

of the

above two systems, a noticeable improvement is observed.

A third system, manufactured by the
DuKane Corp., termed Varacoustic
sound control is pictured in Fig. 2-117F.

Although only four filters are shown,
any number may be employed, and they

are similar to those employed by Dr.
Boner. In addition to the filters (connected in a 600 -ohm link between the
voltage and power amplifier) are impedance -correcting networks in parallel
with the lines from the crossover network feeding the loudspeaker sections.
networks tend to hold the
speaker impedances fairly close to their
design value which normally varies
over a considerable range. (See QuesThese

first
described employs filters
tuned to the exact frequency of the au-

tions 20.89 to 20.91.)
2.118 Show a typical

ditorium peak frequency. In the latter

placement plan for monophonically re-

system, the filter frequencies are fixed,
but separated in !1 octave intervals.
Therefore, it is possible that a filter frequency may be almost on the peak but

cording on orchestra and vocalist. -Such

microphone

a plan is shown in Fig. 2-118, using a
split recording channel. The final microphone placement will be governed
Pf RCvSS

O
c)

GUiTAR
INARP

scows
BASS

MK

Fig

2-1 1 8

Suggested microphone floor plan for monophonic recording of a large
orchestra and a vocalist.
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the solo instruments, number of
musicians, and the tvpe of music to be
by

recorded.
2.119 What is meant by presence?
-A quality in the reproduction that

gives the impression to the listener that

the person speaking is present in the
room.

2.120 How is presence obtained in
recording? -13y microphone placement,
proper equalization in the midfrequency

range, the acoustics of the recording
studio, and the signal-to-noise ratio of
the studio and recording system.
2.121
band is

In what part of the frequency
equalization intro-

presence

duced?-In the frequency range from
1500 to 5000 Hz. Recording characteristics are discussed in Question 18.81.
These same recording characteristics

are also used with magnetic tape and
recording.

disc

Presence

equalization
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30 feet in front of the orchestra and

snspended at a height of 12 to 18 feet
above the floor. A capacitor or amplitude -modulated

microphone is

often

used for this type pickup. If too much
reflected sound is heard, move the microphone closer to the orchestra. This
will also improve the definition. For
dance bands a higher order of definition

is required than for a large orchestra.
One or more microphones may be required for solo instruments and a vocalist.

Velocity microphones with direc-

tional characteristics should be used for
the latter positions.
2.724 Show the microphone place-

ment for a small dance band.-Such a
setup is shown in Fig. 2-124, and is
typical of that used for broadcast and
recording. Each microphone covers a
group or an individual instrument. The
microphones should he placed close to
the instruments to obtain a high order
of definition.
2.125 Show the microphone place-

may also be added during rerecording
or when transferring sound tracks.
2./22 How ore microphones set up
on a music -scoring stage-There are
no fixed rules regarding microphone
placement on a music stage; however,
the usual method is to employ individual microphones for the solo instruments and vocalist. Separate micro-

2-125.

phones may be used to build up the

should be used on a boom to reduce

woodwinds and strings, depending on
the orchestration, and if the pickup is
monophonic or stereo. (See Question

reverberation and background noise of

2.74.)

for a radio broadcast shine-The presentation of a radio broadcast show is
slightly different from that of other
type microphone pickups. The actors

2./23 What is the recommended
placement for a single microphone orchestra pickup?-Approximately 20 to

ment for a small television show. A
typical setup for a small television studio, presenting action on a set, intermixed with commercials, and using a
musical background, is shown in Fig.
A

unidirectional

microphone

the stage.
2.126 How are microphones placed

VEL

-0-- 0 DRUMS

TRUMPETS

000

00
0000
TROMBONES

() VEL

BASS

0

GUITAR

0

0UiD

SAXOPHONES El REEDS

(

CONDUCTOR

0u/0

VOCALIST

-6uic

Fig. 2-124. Typical iostrunsent and microphone setup for is small dance bond.
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Fig. 2-125. Typical setup for small television studio.

are generally placed on each side of a
ribbon -velocity microphone

or broadcasting a large symphony orchestra, is shown in Fig. 2-127. Although only a few microphones arc
shown, actually in such a large operation microphones would be placed in

(figure -8

polar pattern) to eliminate the need for
stepping up to the microphone. The or-

chestra and announcer use unidirectional microphones to reduce noise and

pickup from other parts of the pro-

several other positions to pickup a soloist or a group of instruments. This

duction. The sound effects man is placed
behind fiats, for isolation (Fig. 2-126).
A unidirectional microphone is also

would be particularly true for television. An overall microphone is suspended about 15 feet above the orchestra, and about 50 to 25 feet in front of
the first row of instruments. Considerable care must be taken to balance the

employed here. (See Question 4.47.)
2.127 Shore the basic placement for

recording or broadcasting a large symphony orchestra.-The basic plan for

orchestra for a uniform pickup. If the

:-.1cropholic placement, when recording

recording or broadcast is to be released

ORCHESTRA

U/D

ACTORS

0 ..v41;_.
Oo

FLAT

/

/

SKIM

\

\

U/0.2r 0
Fig. 2-126. Typical microphone setup for radio broadcast show.
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151.
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PIANIST

U/0

urti
OVERALL
PICKUP

Fig. 2-127. Basic setup for large symphony orchestra.
stereophonically, dual microphones and
special placement techniques are employed.
2.128

Describe the different methods used to produce artificial rcrerbero-

electronic organs and in some type units

designed to be used with radio receivers. Reverberation is the prolongation
of sound waves by repeated reflections,
and if the reflection is long enough to

tion.-Over the years there have been
many different methods of generating
artificial reverberation. Among these

be delayed ttsi second, it is then classed
as an echo.

methods are magnetic recorder -reproducers employing several reproducer
heads spaced at intervals along the
tape to induce delay. Another method
uses long metal pipes laid in a straight
line or coiled, with a loudspeaker unit

electromechanical, and introduces multiple echoes by means of reflections set
up in a network of coiled springs about
3 feet in length. The audio signal, when

at one end and a microphone at the

moving -coil driver unit at the top of

Additional microphones are
placed at intervals along the pipe to in-

similar in design to a dynamic loud-

other.

duce delay. Another design, the echo
chamber,

propagates

the

sound

by

means of a loudspeaker in a room with
hard walls. The sound is fed to a loudspeaker and picked up by a microphone

at the opposite end of the room. Another method employs the transmission
of sound waves through a group of steel

springs or liquid. In this design, vibrations are picked up from the sides of
the tank, thus inducing delay.
The most commonly employed instru-

ment is one using a large metal plate.
This method is discussed at length in

The device shown in Fig. 2-129A is

fed into the reverberation unit, is converted into mechanical energy by a
the spring assembly. The driver unit is
speaker unit, hut without a diaphragm.
Waveforms are transmitted through the
coiled springs, which have the property
of conducting the sound waves more
slowly than the speed of sound through
air. In this manner, a spring of sufficient
length can be made to produce a delay

comparable to that in a large auditorium.

The driver unit (A) induces vibrations into the stirrup (B) by its vertical
motion. Springs 3 and 4 hold the stirrup

in position, but permit it to move with

Question 2.130. (See Question 2.80.)
2.129 Describe the construction of
a
reverberation unit employing steel

freedom in the vertical plane. Spring 1,
at the far left, balances the tension of
the other springs, through lever (F)
above the driver unit. Springs 1, 3, and

springs.-Reverberation units employing stet. springs are often used with

4 are almost entirely immersed in oil,
as they act largely as dampers, to sta-
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bilize the response of the driver unit

ing tube. At the bottom of this spring,

and to prevent undesired reflections.
Sound waves from the stirrup travel
downward through the open spring 5 at

the wave is reflected back at a reduced
intensity caused by the damping action
of the oil. At the stirrup, the horizontal
lever (D) transfers the wave to the
right hand spring 5, then to the pickup
(C), producing a second reflected
sound, which is about ;is second behind

the far right, to a ceramic pickup (C).
v -here the mechanical signal is converted to an electrical signal and fed to
a preamplifier. The first reflected signal
is delayed about
second from the
1.

original signal, which goes directly to
the output amplifier. The same waveform also travels downward through
spring 2 which enters a small oil damp -

the direct signal. Little energy is absorbed by the pickup unit and the wave
again is reflected back through spring
5. The first reflected signal transverses
spring 5 and is transferred by lever (D)

and travels downward through spring
2, to the short oil tube. Here again the
wave is reflected and reduced in intensity. It then retraces the same path to

INPUT SIGNAL

the pickup, and produces a third reflection which is about t' u, second behind
the direct signal. The second reflected
signal is similarly repeated, and this
process continues over and over, resulting in a series of signals about s second apart, until they are dissipated by

VOCE COIL

00APER FELT
LOCK PLATE

the friction of the oil in the short tube.
Above the short oil tube is placed a
reflecting pin (E) attached to spring 2
which causes a partial reflection, thus
smoothing out the overall response. The

higher the level of the oil in the short
tube, the less the number of reflections.
Therefore, adjusting the oil level

LOCK PLATE
LOOGNO LEVER

COMECTOR RIBBON
CulPuT SIGNAL

00®®
Fig. 2-129k Interior construction of an
reverberation
electromechanical
employing coil springs.

unit

changes the reverberation time. Generally when the oil level has been established once, it is not changed, and
only the electrical controls arc used to
control the amount of reverberation. A
block diagram of the external connections is shown in Fig. 2-12913. The use
and connections for reverberation units
and controls in conjunction with recording consoles, are discussed in Section 9. (See Question 2.128.)
2.130 Describe the construction of a
reverberation unit employing a steel
plate. ---Because of the limitations of the

REVERBERATION UNIT
SIGNAL

NNT

SPRNIGS

KV SIGNAL.
S.ENAL
OUTPUT

DIRECT SIGNA,

°Ey DIRECT

Fig. 2-1298. External connection for an electromechanical reverberation unit.
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various methods of producing artificial
reverberation,

discussed

in

Question

2.128, and the space required for the
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phonic or stereophonic reproduction.
However, the stereophonic type may be

construction of an echo chamber
(Question 2.81), other means had to be

used for either monophonic or stereophonic reproduction. As the basic principles are the same for either type, only

developed for the generation of con-

the stereophonic type will be discussed.

trolled synthetic reverberation. In Figs.
2-130A and 2-130B is shown a device

invented by Dr. W. K. Kuhl, of Ham-

The EMT reverberation unit utilizes
the physical properties of metal to
achieve its effect, by the use of a

burg, West Germany and manufactured
by EMT of Germany. The reverberation
unit is obtainable for either mono -

specially selected annealed steel plate.

Fig. 2-130A. Front view of EMT Model

Fig.

140st

stereophonic reverberation unit
showing the damping -plate assembly and

stereophonic reverberation unit
:hewing the two pickup units at the ends

external connections to the amplifiers.
Courtesy, Gotham Audio Corp.`

and the drive unit in the tenter. (Courtesy, Gotham Audio Corp.)

The plate is excited by an impulse
which sets up within the plate, bending

2-13013. Rear view of EMT Model

140st

MC T1L

PiCkuP

PLATE

UPAT

DRIVER
UNIT

SST

REFLECTION

SUPPORTS

DRIVER
UNIT

-tSTEEL PLATE
SIPPCP T S

SUPPORTS

2-130C Placement of the microphones and driving unit for an EMT
Model 140st stereophonic reverberation
unit.
Fig.

Fig.

SteCFSSIVE

DIRECT

REFLECT IONS

SOUND

2-130D. Reflection

tO
REFLECTION

paths in

the

steel plate of an EMT 140 monophonic
reverberation

unit.
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MEP
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MONT issou T
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Fig. 2.130E Block diagram of the internal and external associated equipment for

EMT 140st stereophonic reverberation unit. The arrows indicate the two paths of
luting! travel. (Courtesy, Gotham Audio Corp.)
oscillations that will produce reflections
which increase in density with time.
Reflections in a three-dimensional
room, such as an echo chamber (Question 2.81), become more dense as a
function of the square of time. In comparing the two systems, the human ear
is unable to recognize the difference
between these two operating modes.
Through appropriate steel and critically chosen dimensions, it is possible to
produce a plate that will have an adequate number of oscillations. The length
and frequency response of the decay
time produce an artificial reverberation
effect which is comparable to that obusing

tained

a

conventional

echo

chamber. Referring to Fig. 2-130B, the
principal component of the unit is a If.Qinch steel plate (A), suspended at its
four corners by steel wires under ten-

sion, in a tubnlar steel frame (B). At
I

the front (Fig. 2-130A), parallel to the
steel plate is a Fiberglas plate (A) suspended on a pantograph mechanism to

permit its movement toward or away
from the steel plate. At a position of 16
inch from the plate, the reverberation
time is reduced to 1 second at 500 Hz.
At no time does the absorbent material

come in actual contact with the steel
plate. The movement of the damping
plate may be accomplished by the use
of a manual control (C), or by the use
of a remote control from the mixer console. The reverberation time is indicated
in

fractions of a second on a remote

meter at the console.
In selecting the material for the plate,

its internal damping and the resulting
reverberation must be taken into consideration. Losses in the plate are additively formed by the nonfrequency-dependent and the frequency -dependent

- 5 SECOND REVERBERATION Tit

2 - 2 SECOND REVERTS:RADON TIME

3- I BECOME, REVERBERATION THE
12

12

IO

6
4
2
O

2

3

03.0

20Itt

INS

REOvE NOT 01

Mr

Fig. 2-130F. Reverberation times as a function of irequtncy for various distances
between reverberation and damping plate.
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Fig. 2-130G. Tolerance range of the frequency response for an EMT 140st never
beration unit, using white noise with 1/s -octave filter on 25Ilz warble -tone generator. A 2 -second reverberation time.
parts which are caused by the heat conductivity loss of the bending modes. For
the high frequencies the nonfrequencydependent parts predominate_ For the
midrange and low frequencies, the frequency -dependent parts predominate.
Since phase velocity of the bending

mode of the plate in the entire frequency range is smaller than the velocity of air, damping of the plate through

the greatly reduced radiation of airborne sound may be neglected, when
compared to other damping causes.
Damping is approximately directly proportional to the frequency, and inversely proportional to the thickness of
the plate.

The plate is of a high quality cold drawn steel, approximately 3 feet x 6
feet x ;Az inch in thickness, and will
cause a time delay of about 5 seconds
at a frequency of 500 Hz. The plate
must be completely undamped, and extremely flat. Referring again to Fig.

2-130B, the tubular frame supporting
the plate has three transverse bridges.
One carries the moving -coil driver unit

(C), while the other two carry two
crystal contact microphones or pickup
units, (D and DD). The frame also supports the damping mechanism for controlling the length of the reverberation
lime. (See Fig. 2-130C).
The steel plate is excited by an audio

signal applied to the driver unit, which
is similar in construction to a dynamic
speaker unit, but without a diaphragm.
The reverberated signal is picked up by
the contact microphones, (D and DD).
Since these microphones are acceleration -sensitive, their output voltage rises
at the low frequencies around 250 Hz,

stays constant up to 900 Hz, and falls
off at a rate inversely proportional to

the frequency. The resonant frequency
of the

microphones

is

well

beyond

20,000 Hz. The internal capacitance of
the crystal microphone is approximately 500 pF. The vibrational patterns
set up in a plate for a monophonic unit
are shown in Fig. 2-130D.
At a frequency of 1000 Hz, the travel
time between the driving unit and the
microphone is about 6 < 10' seconds,
which equals the time a sound wave in
air travels 6 feet. Because of this short
time of travel of the flexing waveforms,
the successive repetitions follow in

rapid sequence, with the number of
reverberation.s growing with time.
When adding reverberation to stereophonic recordings, two separate conditions must be satisfied First, it must
extract from the stereo signal its direct
component, and second, it may not as a
result adversely affect the significant
information contained therein. To
achieve this eud, use is made of a socalled "M" channel, which Is formed by
the addition of two stereo signals, according to the formula, A + B =_- M
(See Question 4.62). This is accomplished by feeding a part of the unreverberated signal output to micro-

phones D and DD through isolation
networks, to a common bus. For compatibly recorded signals, this addition
of signals D and DD into an "M" channel produces a monophonic signal con-

taining all the information of the two
stereophonic signals. The two reverberated signals from the microphones are

incoherent and bear no relationship.
This is an important factor, for the two
resulting stereo signals with echo must
have between them a statistically dis-

tributed directional and informational
content. The frequency response of the
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reverberation time, without additional

tor. The internal input impedance

damping, corresponds approximately to
that of an empty stone -walled church,

1000 ohms, and the internal output impedance is 25 ohms, and is designed to

or about 5 seconds at 500 Hz. At the
low -frequency end there is a rise, and
toward the high frequencies a decline

operate into a 200 -ohm load impedance.

of about 1.5 seconds, out to 10,000 Hz.
The driving amplifier is so designed

400 pounds. The external and internal
appearance of the monophonic unit is
the same, except for the additional amplifiers and contact microphone.
The installation of the described reverberation unit is quite critical, if the
maximum capabilities arc to be realized. The manufacturer's instructions
must be followed closely, as the adjustment of the steel -plate tension is all
important. The use of reverberation
equipment :s discussed in Section 9.
2.131 What is a tempo ragulatorl-

that the third order harmonics will not
exceed 0.6 percent for a peak level of
1.55 volts at the input, using white
noise through a 1, -octave filter. This
takes into consideration the statistical
power distribution of sound modulation
which

normally drops toward the
higher frequencies. Signal-to-noise ratio, measured at the output of one contact microphone preamplifier, using a
reference frequency of 300 Hz with a
reverberation time

of

2

seconds,

is

greater than 60 dB.

Several of these units may be inradiation. The ambient noise
level of the room should not exceed 40

sound

dB SPL. To eliminate low -frequency
noises transmitted through the structure, the units should be set on resilient
mounungs, spaced about 1 foot apart.
A block diagram of the internal and
external connections for the stereo-

phonic unit and its associated equipment, is given in Fig. 2-130E. The reverberation characteristics as a function
of frequency for various distances of the

damping plate from the steel plate,

is

shown in Fig. 2-130F, and the frequency
tolerance, using a white -noise generator
and

octave filter, at a reverberation

time of

2

seconds, is

The complete unit is mounted in a
wooden ease, and weighs approximately

A device that may he attached to
standard

stalled in a single room, without fear of
interference, as there is practically no

given in Fig.

2-130G. The same information may be
obtained, using a 25 Hz warble oscillaSru010 RECORDER

is

magnetic -tape recorder,

a

for

changing the program length without
changing the pitch, or changing the
pitch without changing the program
length.

In Fig. 2-131A is shown a tempo regulator, manufactured by ELTRO GmbH
&

Co.,

threaded

Heidleberg, West Germany,
for tempo regulation. For

pitch control the machine is threaded
as shown in Fig. 2-131B. For pitch con-

trol the most critical component is the
rotating -head assembly, which consists
of a single magnetic head -coil, with
four separate playback headgaps 0.0002 -

inch in height, spaced 90 degrees apart
at the perimeter. It is essential that the
four gaps match perfectly with respect
to three important details. First, the
angular spacing must be exactly 90 degrees. Second, the four gaps must be
absolutely parallel to each other. Third,

the output from all four heads must
STUDIO RECORDER

0
TAKE-UP

PUCK OPEN

oa

,

MEADS

CAPSTAN

ROTATING
NERDS
SPEED
CONTROL

°
0

0

0 c; 0
PUCK
CLOSED

TEMPO REGULATOR

Fig. 2.131A. Tempo regulator hroaded
for tempo regulation.

TEMPO REGULATOR

Fig. 2-1316. Tempo regulator threaded
for pitch regulation.
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Fig. 2-131C. Expansion -compression control scale on an Eltro tempo regulator unit.

I
2

S

4

9

7

S

10

11

12

13

14

15

6

16

7

e

19

20 20

21

22

23 24 23 25

Playback with an capon ion of 20 pc cent. Every 5th section

Fig. 2.131D

is re-

pealed os indicated by the arrows.
1

2

3

4

5

6

9

e

7

iii

rs

6

6

17

19

21

Fig. 2-131E. Playback with a compression ratio of
is omitted.
3

3

7

9

19

13

21

23 25 27 29

31

33

22

23 24 25 26 27 29

29

31

52

33

0 percent. Every 10th section

35 37 39

41

43

51

53 SS 57 39

Fig. 2.131F. Playback with a compression ratio of 50 percent. Every 2nd section
is

correspond within

I

dB, over a fre-

quency range of 30 to 15,000 Hz.
The head -coil is comparable to those

used on a standard tape recorder. The
output of the rotating -head assembly is
connected in place of the playback head

omitted.

percent, the rotating head will be at
rest, and the tape will playback normally with constant speed and constant

pitch. If the head assembly is rotated

wrap -around covering two head -gaps.
During playback, the rotating head
scans the tape by one gap, leaving the
tape as the next gap starts to scan. This

a direction opposite to the
tape
travel, the result will be an increase in
the relative head gap to the tape speed
with an increase in pitch. Rotating the
head in the direction of the tape travel.
the relative speed of the gap -to -tape
speed is decreased and the pitch is
lowered. As an example, if the rotational speed of the head -gap is in-

action provides continuous reproduc-

creased to twice the gap -to -tape speed

on the studio recorder. The magnetic
tape is threaded around the rotating head assembly, to make a 90 -degree

tion regardless of the tape speed or the
rotational speed of the head.

The capstan of the regulator unit is
fixed to a rotating stator of a drive

motor. This stator is driven by an auxilliary motor over a constantly variable
transmission. The playback -head as-

sembly is driven by the rotor of the
drive motor through a gear transmission

Both

motors are

synchronous:

therefore, the speed of the capstan, ir.

relation to the speed of the playback
head, remains constant.

Consider now, what actually determines the pitch. It depends on the speed

of the head gap relative to that of the
tape. If the tape is threaded in the standard recorder, as shown in Fig. 2-1319
and the speed indicator dial set to 100

in

(30 Ts), the pitch will be raised one
full octave. To illustrate tempo change,
it will be assumed that the pitch, as
explained above, has been raised one

octave. Now if the speed of the playback is changed to 7.5 ips, the pitch is
brought hack

to normal, while the
tempo has been cut in half. This the
regulator accomplishes by linking the
rotational speed of the head with the
speed of the studio recorder capstan in
such a manner as to maintain the pitch
constant over a wide range of speeds.
To better understand the tempo regulator functions, expansion of the reproduction time takes place when the
head is rotating in the opposite direction of the tape travel. When compres-

sing

the program material, the head
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rotates in

the direction

of the tape

tion of every Sth section of tape is re-

travel. The tape speed during reproduction, in relation to the original recording speed of 15 ips, is adjustable
by a control on the regulator. For ex-

peated again, as shown in Fig. 2-131D.

ample, with the control at 120 percent,
an increase in tape speed by 20 percent
results in a reduction of reproducing
time to 1"911211 X 1% = 83.33 percent of
the original recording time. A decrease
of tape speed to 95 percent represents

2-131E), every 10th section is omitted,

increase of reproducing time to
""I^- X 1% -7-- 10526 percent of the original recording time. The tape speed may
be varied front approximately 50 to 200
an

percent of the original recording time.
Accurate adjustments to within 0.5 percent of the recording speeds arc possible.

In Fig. 2-131C is shown the scale on

a regulator unit for setting the speed
of the rotating head for a given compression or expansion. The area between 80 to 120 percent is the normal
operating band, where the minimum
amount of distortion may be expected.
Outside of these limits, the distortion
will increase, depending largely on the
type of recording.
The increase of reproducing time is
basically an expansion of the recording
time, obtained by repeating the reproduction time of certain individual sections. The decrease of time is obtained
by omitting certain sections of the recording, and combining the remaining
sections to obtain a continuous reproduction. At the same time, the speed of
the recording medium in relation to the
playback media (relative speed) is constant. This is achieved by the special
motor assembly discussed previously.
Playback of a tape with an expansion
ratio of 20 percent means the reproduc-

The arrows above the numerals indicate the repeated sections. Using the
compression ratio of 10 percent (Fig.
and the 11th section follows immediately after the 9th section, the 21st after
the 19th, etc. Using a compression ratio
of 50 percent, every 2nd section is
omitted (Fig. 2-131F).
To prevent the occurrence of audible
distortion, it is necessary that during
expansion no complete sounds arc
omitted, or during compression, no
complete sounds arc repeated. The ad-

ditions or deletions are on the order
30 milliseconds, and are always
shorter than the shortest sound, in
either music or speech. In use, the reg-

of

ulator unit may be installed permanently on a studio recorder, or set on a
stand that is parallel with the transport
system of the recorder. The output of
the rotating head is connected in place

of the normal playback head in the
studio recorder. The regular unit contains no amplifiers or electronic comexcept
motor assembly.
ponents,

the

special

driving

Tempo regulators have been used
quite successfully in the motion picture
industry for correcting sound tracks

where the sound and picture are not
synchronized. The sound track is rerecorded

at a speed that matches the

action. If the out of sync conditions are
such that the rate of change varies between action and sound, short sections
of the sound track are rerecorded and

during the editing are cut in at the
proper positions.

Other uses for tempo regulators include training courses, slowed down

Fig. 2-132A. Universal Audio Inc., Model 962 Dontal Metronome.
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Fig

2-132B. Schematic diagram to Universal Audio Inc. metto 962
digital metronome.
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speech for language study, decreasing
the time of commercials for radio, dic-

tation speed reproduction, and many
CLAMP

other uses. Speech compression is also
possible using computer techniques. For
details of this type compression the
reader is referred to the appropriate literature
2.132 Outline the principles of met-

ronome design and operotion.-Metronames are either a spring -driven or
motor -driven mechanical device, with
a moving pendulum, which produces a
as it moves back and forth, for
beating time. The rate of the beat is

tick

controlled by a movable bob that may
be raised or lowered on the pendulum,
to adjust for a fixed amount of beats
per minute.
The Universal Audio Inc., Model 962
digital metronome (Fig. 2-132A) is a
precision instrument capable of 312 different tempo beats with maximum deviation (nonaccumulative) on the order
250 microseconds, and is used by
of

Fig. 2-133A. Film spool -bank with adjustable rollers.

motion picture studios for animation,
sound effects, and with music scoring.
The volume is adjustable, and low out-

put impedance permits the use of a
large number of headphones. The beat
has a sharp and distinct wavefront, so
that it may be easily heard over background noise usually present in film
loops. Based on film speeds of 24 fps,
tempo heats of 1 frame per beat to 40
frames per beat in 4e steps arc available
by selector switches.
An oscillator, synchronized to the 60 Hz line frequency generates the timing
pulses. When the proper count of pulses
is reached, an output click is produced,
and the counter is reset. Two voltages,
-3.6 and -16 Vdc, and a 120 -Hz signal
for oscillator synchronization, are generated in the power supply. The natural
frequency of the oscillator is slightly
slower than the required 960 Hz since it
is a free -running (astable) iirLsymmetrice/ inuttieibrator so designed for ease
in synchronization, which is accomplished by the 120 Hz derived from the
transformer secondary and diodes CR3

and CR4. The schematic diagram
given in Fig. 2-132B

is

Fig

2-133B. Film spool -bank
plywood support.

using a

CONTINUOUS

FILM FEED
DEVICE
BEING
SUPPLIED

OUTER

FILM

MOTOR

Fig. 2-133C. Continuous film -feed mechanism, for audio-visual devices

clamps for holding and separation of
the rollers, as pictured in Fig. 2-133A
A portion of the rollers are mounted on

short supporting arms to permit the
film loops to clear each other as shown.
Using several rollers will permit a

rather large amount of film footage to

be stored with little wear to the film
surfaces.

plastic rollers used in film processing

A second method (Fig. 2-I33B) employs a group of rollers mounted oil a
plywood board. This will also store
considerable film. Both these methods
of loop storage arc used extensively in

machines, mounted on a metal pole with

rerecording installations.

2.133 How ore film spool-bonhs
continuous film -feed mechanisms
constructed?-A film spool -bank is a
group of I6 -mm or 35 -mm ball -bearing

end

ACOUSTICS. STUDIO TECHNIQUES, AND EQUIPMENT
A third method is given it: Fig.
2-133C, and consists of a loosely wound

roll of film mounted on a motor -driven
flange The inner end of the film supplies the projector or sound head, while
the outer end acts as a take-up. The
driving -motor speed must be constant
and compatible with the device being

99

supplied. This system if not cleaned fre-

quently may abrade the film surfaces.
The latter system is used quite frequently with audio-visual film display

units, while the other two described
may be used when looping dialogue and
picture (See Questions 17208, 17.224
to 17227, and 17 230.)
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3

Constant -Speed Devices,
Motors, and Generators
The search for obtaining a constant linear speed is one that has been going on
for years. The paper by Dr E. W. Kellogg, "A Review of the Quest for Constant
Speed," Journal SMPTE, April 1937, is a classic on this subject. For the recording
and reproduction of sound, many drive systems have been developed, and ingenious new devices are still appearing. This section discusses the fundamental principles of constant -speed driving systems, single- and three-phase interlock systems,
power -factor correction, motors, inverters, and general synchronization for both
studio and location. Synchronization of camera and 1/4 -inch tape recorders by
means of line frequency sync pulses are discussed as well as several different types
of resolving systems.
3.6 What is on induction motor?Of all the motors used for alternating
current operation, the induction motor

What does the term constant
3.1
speed mean?-A device which moves in

a given direction without a change in
velocity. The term constant speed is
used in the recording industry to indi-

enjoys the greatest use. Induction motors are a form of squirrel -cage motor,
the armature consisting of a group of

cate devices used for driving recording
and reproducing equipment.
3.2 What is the smallest change in
the speed of a reproducing device which
will be perceptible to o critical listener?

heavy copper bars welded to heavy
copper rings at each end of the armature laminations. (See Fig. 3-6A.) The
copper bars are short-circuited at each
end by the copper rings, thus circulating currents will be induced in them by

-Approximately 0.30 percent at a frequency of 3000 Hz. The average person
can detect about one percent.
If the speed of a recording device
3.3
is increased above normal, what is the

field windings. The induced current reacts on the field, causing the
armature to turn. The armature does
not turn at the same speed as the rothe

effect on reproduction?-When the recorder material is played back at the
correct speed, the pitch will be lowered
and the playing time increased. The
reverse is true if the recording speed

tating field, but runs somewhat slower.
The

difference

between

these

two

speeds is called "slip." Thus, if the rotor
turns at 1750 rpm and the synchronous
speed is 1800 rpm, the slip is 2.78 per-

is below normal.
3.4 What types of motors arc used
for driving studio recording and reproducing equipment?-Synchronous, muitiduty (dual purpose) and selsyn-inter-

cent.
To

understand how an induction
motor functions, the action of the rotating field must be understood. Fig.
3-6B shows the field construction of a
typical induction motor having six field

lock motors, which may be used with
either single- or three-phase power.
The selsyn interlock motors are driven

poles. Each pole and its opposite member are energized by one of the 3 -phase

from a selsyn generator.

What controls the speed of a

windings laheled phase A, B, and C.

synchronous motor? --The frequency of
the applied power source.

It will be noted that Pole 1 is connected
in series with Pole 4, Pole 2 is in series

3.5
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(a) Side view.
3-6A.

Rotor for
motor.

,

Carina SAPS

COPPIFI

Fig.

O.C.

(b) End view.
a

squirrel -cage

INCOWNG JO e0aEP

instant, Pole 2 is North and Pole 5
South. At 120 degrees of rotation, at
Position 2, the magnetic field is at maximum from Pole 3 to Pole 6 and it is apparent the field is rotating clockwise. At
Position 3 or 180 degrees, Poles 4 and 1
are North and South, respectively, and

the field has continued to rotate. This
action is continued for each cycle. If the
field current has a frequency of GO Hz,
the magnetic field rotates 60 times per
second, or 3600 rpm. This is called the
synchronous speed. However, the rotor
does not rotate exactly at synchronous
speed but turns slightly slower, induc-

ing slip. Slip is discussed in Question
3.12.

3.7 What controls the speed of an
induction motor?-The voltage of the
applied power; however, induction motors are not absolute constant -speed

devices and should not be used when a
constant speed is essential.
3.8 Whet determines the speed of
a directcurrent motor, series connected?

-The load and the applied voltage.
Fig.

3-6B.

Field -coil

connection of a

three-phase induction motor.

3.9 What is a capacitor -start motor
and how does it function?-A capacitor start motor is similar in its construction

to an induction motor, except for an
added starting winding, a capacitor, and

a centrifugally operated switch. The
motor is started with the capacitor and

the start winding in the circuit, which
causes a phase shift between the windings,

thus creating torque. When the

motor obtains approximately 80 percent
of its rated speed, the centrifugally op-

erated switch opens and cuts out the
capacitor and start winding. Typical
circuits are shown in Fig. 3-9.
In some types of motors, the capaci-

Fig. 3-6C. Rotating magnetic field of a
three-phase induction motor.
with Pole 5, and Pole 3 is in series with

Pole 6. The voltages applied to these
poles arc of equal magnitude but differ
in phase, as shown in Fig 3-6C.
Following the voltages as they are
applied to the pole coils for a given instant, at zero degrees the magnetic field

produced by the three voltages is at a
maximum and extends from Poles 1 to
4. Under these conditions, it will be
assumed that Pole 1 is North and Pole 4

South. At Position 1, or 60 degrees, the
magnetic field has its greatest intensity
extending from Pole 2 to Pole 5. At this

tor is left in the circuit after starting,
as in (b) of Fig. 3-9. Others use a large
capacitance when starting, then reduce
its value, as in (c) of Fig. 3-9. A fourth
method, part (d) Fig. 3-9, employs a
transformer which transforms a small
capacitor for starting, then either drops
out of the circuit or is left in, depending

on the service required of the motor
(See Question 834.)
Capacitor -start motors are used quite
extensively in magnetic tape recorders,

record turntables, and similar devices.
As a rule, the centrifugally operated

switch is not used with sound equipment because there is a possibility of
inducing noise when
operated.

the switch

is
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is called the slip and is stated in percentage of the synchronous speed. Thus,

if the rotor turns 1750 rpm and the
synchronous speed is 1800 rpm, the slip
is equal to 2.78 percent.
3.13 How is the frequency of an
alternator calculated?

(a) Start only.

F = P (1) or P.= F (To)
where,

P is the number of poles.
S is the speed in rpm the machine is
rotating.

(B) Permanently connected.

The figure 120 is a constant for converting alternations per minute to hertz.
3.14 What is power -factor correc-

tion?-When a large number of electric
motors are connected to a power source,

the power factor drops. To correct this
condition, capacitors are connected in

parallel with the power source.

(See

Questions 3.58, 3.59, and 3.60 )
3.15 What is a shaded -pole motor?

(C) Large capacitor start, small run.

(D) Transformer coupled.
Fig.

-A motor having a copper ring around
a section of the pole piece in the direction of rotation, as shown in Fig. 3-15.
This coil is called a shading coil and
causes a phase difference between the
flux from the larger portion of the pole
piece and the flux emanating from the
smaller portion of the pole piece. This
produces a two-phase action in the
armature and is sufficient to start the
armature rotating.
FIELO COe.

3-9. Capacitor -start motor circuits.

How con on induction motor

3.10

be altered to operate as a synchronous

NORMAL

POLE
PIECE

COPPER
RING

motor? -By cutting slots in the armature which are equal in number to the
pole pieces, or a multiple thereof, and
parallel to the shaft.
What is an induction genera,-

3.11

torT-A generator designed similar to
an induction motor. To generate, it
must

be

isistraTurit

Fig. 3-15. A shaded -pole motor with o
tingle -turn copper coil on o pole -piece.

driven above synchronous

speed and excited from the same ac
supply system to which it is to deliver
power.
3.12

What is slip in a synch
motor?-The loss in rpm of a motor
when the load is applied. Upon excitation of the primary windings, a rotating
field Is set up, causing the rotor to rotate. This is called synchronous speed.
When the load is applied, the speed
drops. The difference in the two speeds

3.16 What is torque? A twisting
motion in the operation of a machine.
Torque is the product of force multiplied by the distance from the center
of rotation. For example, a force of 20

pounds applied to the end of a two -foot
pipe wrench would be equivalent to 40

foot pounds of torque. In motors, two
types of torque must be considered,
starting and pull-out. Excessive starting
torque results in low efficiency, low
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power factor, and poor speed regulation. If the starting torque is low, the
load cannot be started. High pull-out
or

stalling

torque

also

means

low

power factor, with high starting current. If the pull-out torque is low, the
motor may stall on small loads.
3.17

What is a generator?-A de-

vice for converting mechanical energy
into electrical energy. The electrical

energy may be either direct or alternating current.
What is an alternator?-An
alternating -current generator.
3.19 Whet is a dynamotor?-A
combination motor and generator, each
3.18

having its own winding. Very often the
motor section is of low -voltage direct
current design and the generator section is of high -voltage direct current
design.

3.20
erator
3.21

similar to

What is

a

dynamo?-A gen-

What is a greemotor?-lt
a

is

dynamotor.

What is a rotary converter?A motor -generator consisting of a dc
motor direct -coupled to an ac generator mounted on a common base. The
motor is battery driven from a storage
battery of 6, 12, or 32 volts The ac
generator section consists of a 250- or
3.22

pictured in Fig. 3-22. It is especially designed for driving sound equipment,

and will handle loads up to 250 watts
having a power factor of 70 percent.
The frequency of the ac voltage is con-

trolled manually by a field rheostat in
the case above the machine, and indicated on a vibrating -reed type frequency meter.
Rotary converters are also manufactured using a common winding and

armature for both the dc and ac sides
of the machine. Such machines are not
satisfactory for use with sound equipment because the common connection
between the dc and ac sides of the
circuit results in the transmission of
brush noise to the sound equipment.
3.23

What is an inverter?-A de-

vice for changing direct current to alternating current. This is generally accomplished by means of vacuum tubes.
(See Question 21.107.)
3.21 What does the term electrical

degrees mean when associated with a
motor or generatorl-Electrical degrees
are equivalent to mechanical degrees
times the number of pairs of poles in
the machine.
3.25 What is ambient temperature?

-The temperature of the surrounding

air or medium in which a device

is

500 -watt, 115 -volt unit. Both the dc and
ac sides are filtered to prevent the

operating. Motors are rated for a given

brushes on the dc side and the slip

25 136.)

rings on the ac side from transmitting
noise to the equipment being driven by

3.26 What is a delta connection?
A winding connected in the form of the

the converter.
A typical machine of this type, man-

Greek letter delta, as shown in Fig.

ufactured by the Carter Motor Co.,

3.27 What is a wye cccccc tionlA winding connected in the form of the
letter Y, as shown in Fig. 3-27.
3.28 What is a star connection?Windings connected as shown in Fig.

is

rise

in

temperature.

(See

Question

3-26.

3-27.

3.29 How may the direction of rotation of a three-phase motor be reversed?

-By reversing any two wires of the
3 -phase power source.
3.30 How may o single-phase motor
be operated from a three-phase source?

Fig. 3-22. Carter Motor Co., Model BR 1021 CP

converter,

with

manual

fre-

quency control and frequency meter.

Fig. 3-26. Delta connection for motors,
gcnerotors, and transformers.
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source, the single-phase motor may be

A

fed from any single-phase source of
power.
3.32

Will a three-phase camera
motor operate satisfactorily on either a
three- or four -wire power system?-Yes,
Fig. 3-27. Wye- or star -connected motor.

By connecting a transformer of the
correct voltage ratio between the motor
and one pair of the 3 -phase power
source leads, as shown in Fig. 3-30. It
is common practice in the motion picture industry to operate single-phase
motors in conjunction with 3 -phase
motors using the described method.

.1TrASF5

Cj
220/115 VOLT
TR45,011111ER

5

3-30. Transformer connections for

single-phase

3.31

Can

operation from
phase source.
a

sufficient power when operating on the
four -wire system. Three-phase, three wire systems arc generally of the order
of 230 volts between phases. Four -wire
systems are approximately 208 volts
between phases. This means that when
the motor is operating on a four -wire
system,

the power developed by the

motor is considerably less than normal
when operating from a three -wire sys-

tem. A motion picture camera when

220V 30

Fig.

provided the power characteristics of
the motor are such that it will develop

single-phase

a

three-

synchro-

nous motor be operated in conjunction
with a three-phase motor system and
still maintain synchronization? Yes,
provided it is operated Irons the same
power source. Many times sound equipment using single-phase synchronous
motors is operated with cameras driven
by three-phase motors, during the
shooting of motion pictures. The above
system is only used when shooting the
original picture and sound tracks. For
rerecording, a selsyn interlock system is
used. Fig. 3-30 shows how the single-

cold requires considerably more power
to operate; therefore, tests should be
made to determine whether the camera
can be brought up to speed before using
it on production.
Generally, it is necessary to rewind
a 3 -phase motor designed for 230 -volt
operation, if it is to be used on a four wire system. A four -wire, 3 -phase, 208 -

volt power distribution system is shown
in Fig. 3-32A. The voltage between any
two phases at the load side is 208 volts.

single-phase power may be
taken between ground and any one of
120 -volt

the three phases.
The characteristics

of

a

220 -volt,

three-phase camera motor operating
from a power source of 208 volts is
shown in Fig. 3-32B, part (a). It will be
noted that as the voltage is reduced below 208 volts, the motor speed starts to
drop off because of the lack of power,
which reduces the frames per second

at a voltage of 200 volts. Part (b) Is
the power curve after rewinding the
motor to operate at 208 volts. Here it

phase motor is connected to the 3 -phase
power source. If the 3 -phase and single-

may be seen the motor runs at its normal speed down to 200 volts and main-

phase power are fed from the same

taining a speed of 24 frames per second.

-FT5E. 4 -went TRANSr 0R..411
SUPPLY LINE

r

L.

Fit. 3-32A. A throe-plusse, Four -wits distribution sisteni.
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nd

230

225

220

215

210

205

200

195

SUPPLY vOL AGE

(b) Three-phase, four -wire.

(a) Three-phase, three -wire.
Fig.

3-328. Supply voltage versus sync drop -out of

a

three-phase synchronous

camera motor.

The curves arc actual curves made on
a motor that
is standard for 35 -mm
cameras and were made after running
3000 feet of film through the camera to
warns up the motor. (See Question
8.22.)

3.33

What is an asynchronous mo-

tor?-One in which the speed

is

not

proportional to the frequency of the
power source.
3.31 How many electrical watts are
equal to one horsepowor?-746 watts.
3.35 How is the speed of a singlephase camera motor affected when the

lowered?-Fig. 3-35
shows a test made on a typical singlephase camera motor plotted as line
voltage versus frames per second for
both warm and cold conditions of the
motor. It will be observed that when
the motor is warm the voltage may be
dropped from 120 volts to 114 volts before the frames per second start to fall
oft The condition is considerably worse
voltage source is

when the motor is cold, as shown by the
solid line.
This clearly indicates that the motor
must be warmed up before using it, or
that the voltage source must be maintained sufficiently high to maintain the

brake consists of an arm (Fig. 3-36)
and a friction band clamped around a
pulley mounted on the end of the motor

shaft. The tension of the friction band
may be adjusted by the wing nuts at
the top of the band. A spring balance
arm and secured overhead. The motor,
in rotating, causes the friction band to

move the arm downward and pull on
the scale which is calibrated in either
ounces or pounds. Knowing the speed

of the motor, the length of the aim
from the center of the motor shaft, and
the pull on the scale, the brake horsepower may be calculated as follows:
BUY

variable autotransforrocr. (See Question 8.8.)
3.36 What it a prony brake?-A
friction device used lot measuring the
brake horsepower

of

motor. The

a

2srL x rpm X lbs
33,000

where,

L = Length of the brake arm in feet,
rpm = speed of motor,
lbs = the pull on scales, in lbs.

ogr011

Purr

correct speed. This may be accom-

plished by the use of a continuously

is connected to the end of the

scale

5,411

Fig.

3-36. Prony brake for measuring
brake horsepower of a motor.

What is the formula for cal.3.37
rah:aim; the required sire capacitor for
a capacitor -start motor?
MOTOG COLO

24

le

23
iff. 120

10

IK

IM

ist

SUPPLY VOLTAGE

Fig. 3-35. Frames -per -second versus line voltage for a I20 -volt synchronous, singlephase camera motor.
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3.43 How is the efficiency of
electric motor calculated?

2650 x amperes
applied voltage

pF
where,

amperes is the current drawn by the
motor,
2650 is a constant.

the applied voltage
line voltage

is

equal to the

How is the efficiency of a motor calculated using a prony brake?
3.38

Efficiency

watts output
watts input

3.44 How is synchronous speed col
culotod?

Sync speed 3.45

Bier

120 x line frequeucy
number of poles

Define the term ounce -inches.

-It is the weight in ounces that a motor will lift at a distance of one inch
from the centerline of the motor shaft.

74.7

where,

Bur - brake horsepower,
one horsepower in watts.
746

3.46

3.39 How can the torque of a motor
be calculated using a prony brake?
1352 \ watts
Torque (in ounce -inches) rpm
where.

watts is the power consumed by the
motor,

rpm is the speed of the motor shaft,
1352 is a constant.
3.40 How is torque (in ounce -inches)
converted to watts?

Watts-

Efficiency

on

>c rpm

How is torque (in ounce -inches)
3.41
converted to horsepower?

oz -in x rpm
HP = Lool000
3.42 State the equation for calculating the horsepower of a motor in
watts.-The relationship of electrical
horsepower to watts may be defined as
follows:

One electrical watt is equivalent to
one joule per second, or 60 joules per
minute. Since one joule is equivalent
to 0.7374 ft -lb, 60 joules will equal
44.244 ft -lb. Also, one horsepower is

How can commutator noise be

eliminated?- -By the use of capacitors
and chokes, as shown in Fig. 3-46. The
most satisfactory method is by cut -and try, as each source of noise presents an

individual problem. As a rile, chokes
will not be required unless radio -frequency interference is noted. The frequency of the interference will determine the value of the inductance. For
large dc generators supplying several
hundred amperes, such as used on motion picture sets with arc lights, a bank
of 25 to 50,000 saF electrolytic capacitors
is connected directly across the generator brushes. The capacitors are housed

in a metal box, grounded to the frame

of the generator. No smaller than a
No. 10 gauge wire should be used for
the capacitor connections. The voltage
rating of the capacitors should be 25 to
50 volts greater than the maximum output voltage of the generator. (Sec
Question 25.117 )
3.47 What is on electrical gearing

system?-A name sometimes applied to
a
selsyn-interlock distributor system
used for synchronous operation of recording equipment. (See Question 3.49.)
3.48 What is a 'stun -interlock dls-

min.

tributor system?- A synchronous distributor system used for interlocking

Therefore, the electrical equivalent of

sound recording equipment with motion

equivalent

to

33,000

It -lb

per

one horsepower is:
33.000

44244

or 746 electrical watts.

The horsepower of a fractional horse-

(A)

161

power motor may be expressed as a
function of the torque and the revolutions per minute. For fractional horsepower motors, the approximate formula
is:

Hp = (in -oz) x 9.3 x N x 10-'
where,
in -oz, is the torque in ounce -inches,
N is revolutions per minute.

Fig. 3-46. Methods of filtering commutator ripple. The capacitor sizes from A to
C vary 0.10 to 0.50 microforod.
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Fig. 3-49A. A three-phase selsyninterlack distnbutor system.

picture cameras. Selsyn distributor systems arc described in Question 3.49.
3.49

its

impedance. As the driving motor

starts to rotate, the initial current drops

How does o throe -phase selsyn-

interlock distributor system functionl-

The diagram for such a device appears

in Fig. 3-49A. Starting at the left is a
control box consisting of a group of
relays. resistors, and three solenoids,
one connected in each phase of the
incoming power source. The solenoids
have normally a low impedance; however, at the instant current flows
through the coil, a soft iron plunger is
pulled upward into the coil increasing

the coil lowering its impedance to the
original value. The pulling up of the
plungers into the starting coils prevents
the system from making a sudden start
which might break filet or damage
equipment. When adjusted properly, a
slow smooth start is obtained, even with
10 to 20 machines being driven simultaneously. The driving motor is a 3 -phase,
220 -volt, synchronous type turning
1200 rpm and is mechanically coupled

Fig. 3-498. Control cabinet RCA selsyn distributor unit.
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Fiq. 3-49C. Selsyn interlock distributor set manufactured by Stancil-Hoffman. The
electrically controlled brake may be seen at the front of the flywheel.

to the selsyn distributor unit. A heavy
flywheel is mounted on the shaft to
provide a large amount of inertia for
a soft start
and gradual slowdown.
When running, it also helps to Iron out
small irregularities in the speed. An

becomes the master and all other units
become slaves. When properly phased,
absolute synchronism is maintained as
long as the frequency of the power
source remains constant. Under these
conditions the system may be termed

clectricaUy controlled brake may be

as a constant -speed device.

applied to the outer rim of the flywheel
to bring the system to a gentle stop

In some distributor systems, the
three solenoids shown in the control
cabinet (Fig. 3-49B) are replaced by a

when the circuit to the drive motor is
opened. When the circuit for running is
closed, the brake is lifted automatically.
The sole purpose of an interlock system for rerecording and other purposes
is that all the machines in the system,
the
projection
machine
including
(which is the heaviest to start), must be

group of resistors connected in the supply lines to the synchronous drive
motor. The voltage drop across the re-

brought up to speed in synchronism,
from a standing start, in about 6 seconds. This must be accomplished in a
smooth manner to avoid breaking film

the current through the resistors drops,
and the relay closes,cutting out the re-

and sound track.
Selsyn distributors arc sometimes
referred to as rotary transfosmers, because of the 1:1 ratio of the two windings. As a rule, the internal windings of
the distributor unit are star -connected.

It will be noted the rotor windings of
the distributor unit are connected in
parallel, but not to the power source.
The stator winding of the distributor

sistors during the high inrush of current when the motor is at rest, holds the

cutout relay open. When the system
approaches its normal running speed

sistors A typical selsyn interlock distributor set is shown in Fig 3-49C.
3.50 How may the selsyn distributor
unit in Question 3.49 be mode to open
etc at variable spoedT-At times during
the rerecording of a motion picture, a
variable -speed distributor system is required to obtain a particular sound effect. If a separate distributor system is
available, it may be made to run at
variable speed by connecting three var-

iable resistors, RI, R2, and R3, across

and all other units being driven are also
connected in parallel, but in this instance they are connected to the 3 -

the rotor windings as shown in Fig.

phase power. Phasing of each unit is
accomplished by connecting similar
numbers of the windings together and

simultaneously, the speed of the system
may he controlled. If the three resistors

to the same phase.

1800 rpm.
3.51
is

Because the distributor unit is always the largest unit in the system, it

3-49A. If the values of the three resistors are varied the same amount and

arc shorted, the machine will run at
it possible to synchronize

camera and sound with direct current
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3.53

Can single-phase selsyn motors

be used to drive sound eguipmentt-

Yes, except that single-phase systems
are not as efficient as 3 -phase systems
and arc more suhject to slipping out of

lock. A diagram of a typical single-

-

+

phase, 115 -volt, ac interlock system is
shown in Fig. 3-53. As a rule, singlephase selsyn motors arc internally connected in delta. It will be noted the
rotors have only one winding and are
connected to the source of power and

Dc

DC

Fig. 3-51. A dc synchronous drive system
for sound recorder and camera. The motor speed is set by means of a tach-

driven by a synchronous motor me-

ometer.

chanically connected to the shaft.
3.54 Describe a simple interlock

motors?-Yes. Special motors are available for this purpose. The connections

system.-A simple but effective single
three-phase interlock system can be

for such a synchronizing system are

devised by mounting an interlock motor
on a motion picture projector and driv-

shown in Fig. 3-51. It will be noted that
the dc windings of the motors are
tapped in three different places, 120 de-

ing the interlock motor from the synchronous motor on the projector by
means of a Gilmer belt and gears. Although this system is not suitable for

grees apart These taps are carried to
each motor to be synchronized. Local
batteries at each motor supply the nec-

3.52 How is frequency control obtained in other types of distributor systernsl-Other systems are available,

rerecording, it may be used for running
picture and sound track in synchronism. As a rule, the motor on the projector is around !4. to Yi horsepower.
so no difficulties should be encountered.
However, for rerecording, a selsyn interlock system is required (See Ques-

similar to the one described in Ques-

tion 3.49.)

tion 3.49, except that vacuum -tube con-

3.55 Describe on interlock distributor system, using a differentml generator
for correcting out of phase conditions.-

essary power for rotating the motors.
A tachometer is used to set the initial
speed.

trol circuits bave been added to compensate

for

changes

in

the

power

frequency. Because present day power
systems are controlled to hold the frequency within a fraction of one cycle,
the system described in Question 3.49
is used in preference to the electronically controlled type
1*V IR

Al times, during the screening of a pic-

ture it will be discovered that the picture and sound are out of sync, because
of improper splicing or threading of a
machine. This necessitates stopping the
system and correcting the fault and re r

I

I

REMOTE MOTORS
I

I

SYNC
MOTOR

C
SELSYN GENERATOR

Fig. 3-53. A single-phase selsyn-interlock distributor system.
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threading all machines If several sound
tracks are involved, this can become
quite costly, plus the time lost. One of
the major studios provided for this
situation in its review rooms by installing differential generators in the interlock system feeding three sound reproducers and two projectors. If it becomes necessary to correct for an out
of sync condition, the machine at fault,
SOUND
REPRODUCER
INTERLOCK
MOTOR

DIFFERENTIAL

PROTECTOR
INTERLOCK

GENERATOR

MOTOR

SUBTRACT

s2
R2

Fig.

3

S

The smaller generator is driven from

the larger generator by a Gilmer belt
and gears (C), and is employed for interlocking and driving 16 -mm machines
at a speed of 36 fpm (600 rpm). A third

generator (D) is provided for driving
a remote footage counter in the dubbing
stage. (See Question 18.339.) The larger
generator also houses a braking system
for bringing the system to a smooth
stop. External cabinets house the control equipment.
If desired, the 16 -mm generator (B)

may be substituted for one turning at

AIM

or -1

1I1

52

S3

3.55. Differential generator con-

nected in the line feeding a sound reproducer and projection machine, using
single-phase motors.

while running, can he advanced or retarded to correct the number of frames
to bring it back into sync. The control
dials for the differential generators are
calibrated in frames per second to aid
the editorial department in correcting
the situation later. A footage counter
indicates the exact footage of the out of
sync condition.

45 fpm for driving machines using 17.5 mm magnetic film. Dual -interlock systems are very convenient in plants

where both 16- and 35 -mm recording
equipment is in use, as this permits a
35 -mm picture to be run with 16 -mm
recording and reproducing equipment
or vice versa. Distributor systems of
this design are often referred to as a
piggy -bock distributor system.
3.57 What is a pm generator? -11th
alternator which uses permanent mag-

nets rather than coils in the rotating
member. In this respect, it differs from
the conventional type alternator. The
rotor consists of a nonmagnetic ring in
which Alnico V magnets arc embedded
and equally spaced in such a manner
that the magnetic axis of each magnet
is perpendicular of the axis of the rotor
shaft. The inner end of the magnet rests

on an iron ring which acts as a return
magnetic circuit. The number of magnets will depend on the speed and frequency of the machine. This type of
construction eliminates arcing caused
by slip rings.
3-56. Dual -speed selsyn generator
made by Magna -Tech Electronic Co.

Fig.

PERMANENT
1ABC.AET

NONNAGOIF TIC

PLATE
ol

3.56 Describe o duel -speed selsyninterlock distributor system.-A dual -

speed selsyn-interlock distributor system generator, manufactured by Mag-

Ann

s

SOFT IRON
PLATE

na -Tech Electronic Co., is shown in Fig
3-56, This device consists of two selsyn

generators. The smaller of the two (A)
is mounted above the larger generator
(B). The larger generator is driven by
a 208/230 -volt three-phase, 21/2 horsepower synchronous speed motor at 1200
rpm. This generator is used to interlock
and drive 35 -mm machines running at
90 fpm (1200 rpm).

of.S.

8

Fig. 3-57. Basic design of a permanent magnet generator. Such design is used
for sync -pulse generators mounted on the

end of a camera motor shaft.
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Small generators based on the above

design are often used for generating
sync pulses for one quarter inch magnetic recorders. Two types are in use,
two -pole and four -pole. The construction of the rotating member is shown in
Fig. 3-57. The number of magnets will
depend on the desired frequency and
the rotational speed of the motor shaft.
The frequency used for sync -pulse recording is 60 Hz; however, in some instances where the generator is mounted
on a camera shaft, turning at 1440 rpm,
the frequency is 48 Hz. The frequency
may be computed:
f = rpm/60 X the number of poles.

Thus, for a motor turning at 1800 rpm,
using two -poles:
f = 1800/60 = 30 x 2 -= 60 Hz.
3.58

What is power factor and how
is it measured?-The power factor of an
alternating current is the number by
which the apparent power in the circuit

(volts times current) must he multiplied to ascertain the true power. When

an alternating -current circuit contains
inductance, the current will lag behind
the voltage. When the circuit contains
capacitance, the current will lead the
voltage. In each instance, the current
and the voltage reach their maximum
values at different instants and the product of the voltage and the current at
any given time is less than it would
be if the two were in phase. If the voltage and current are measured separately, the voltmeter and the ammeter
will indicate the mean effective values.
If the power in the circuit is measured
using a wattmeter, the instrument indicates the combined efforts of the voltage and current synchronously, not the
product of their effective values, which
occur at different instants. Conse-

quently, a wattmeter indication will be
less than the product of separate voltmeter and ammeter readings.

The ratio of the power read by the
wattmeter and the power read by the
voltmeter and ammeter is the power
factor of the circuit.
1

PF

The power factor for a two-phase
circuit is expressed:
2 c6 PF=

and for a 3 -phase circuit:
3 c5 PF =

watts
V 3 x line to line volts X line amps

A single-phase motor drawing 5 amperes at 220 volts, as shown by the
voltmeter and ammeter, has a power
factor of 80 percent. The true power is
5 x 220 x 0.80, or 880 watts.
3.59 How is a synchronous motor

used for power -/actor correction?-lf the
synchronous motor :s driven from an
external source of power and a variable
dc voltage is applied to the rotor wind-

ings arid set to a value which will be
called, for the sake of illustration, 100
percent, no current will flow from the
stator windings to the rotor windings.
Under these conditions the voltage gen-

erated in the stator windings (counter
emf) exactly balances the voltage ap-

plied to the stator from the external
voltage source.

If the do exciter voltage is now reduced to a value less than 100 percent,
a reactive component is produced which

will lag the applied voltage. The machine will now act as a capacitor. Thus,
a synchronous motor may be used for
correcting the power factor and, when
so used, is called a synchronous capacitor or a rotary condenser.
When the motor is used as a capaci-

tor, the motor is connected in parallel
with the line to he corrected, and the
dc excitation voltage is adjusted to produce a leading current which offsets the
lagging line current. The result is unity
power factor.
3.60 How may the power factor be

corrected by the use of capacitors across
the line, and how ore their values calculated?-Power factor may also be
corrected by connecting capacitors in
parallel with the line to be corrected.
The approximate value of capacitance
required may be calculated:

IxSin4+X10"

watts

v

where,

watts is the reading of the wattmeter,
volts and amperes are the readings

on the individual meters.

watts

2(V x A)

2ofE
where,

E is the line voltage,
I is the current drawn by the load,
f is the frequency of the power source.
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The value of the capacitance required for power -factor correction may
also be determined experimentally by
connecting a dynamometer -type voltmeter across the line and adding sufficient capacitance in parallel with the

line until the voltage s brought up to
normal.

If the value of capacitance is large,
ac electrolytic capacitors may be used.
Dc electrolytic capacitors must never be

used as they will explode within a few
minutes of being connected across the
line. If practical, paper or oil -filled ca-
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should be tested under the exact con-

ditions in which it operates. A circuit
for this purpose is shown in Fig. 3-63A.

The power -factor wattmeter must be
capable of reading quite low values,
since the losses of a good capacitor are
quite low, although the product of cur-

rent arid voltage as read on the voltmeter and ammeter is quite high.
Therefore, it is desirable to have a
power -factor wattmeter that will read
about one fifth the watt volt-ampere
capacity of the test circuit.
To find the capacitance and power

pacitors should be employed.
3.61 How can the power factor be
estimated if measurements cannot be

factor of a capacitor, the voltage is adjusted to the rated value of the capaci-

takenT-For regular lighting loads and
no motors, 0.95; with lighting and mo-

ammeter are taken. The capacitance
may then be calculated:

tance, and readings of the voltmeter and

tors, 0.85; and for motors only 0.80.

How may the

3.62

current -per -

phase of an electrical system be calculated?-For a single-phase system:

E x PF

X OS.

For a three-phase system:
1

E x PF

where,
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The percent power factor is then found

by dividing 100 times the power in
watts, as read on the power -factor
wattmeter, by the product of the cur-

E X PF
For a two-phase system:
1

1 X 2650

C

X 058.

is the line current,
W is the power delivered in watts,
E is the potential existing between the
I

mains,

rent times the voltage. This is true only
for 60 Hz. The problem may be somewhat simplified by the use of the nomograph in Fig. 3-63B.
Using the test circuit shown, assuming the capacitor draws 5.2 amperes, at
120 volts at 60 Hz, and dissipates 40
watts, the percentage power factor is
found by
Percent PF

100 x Power in watts
Current X Voltage

PF is the power factor.
3.63

or

What is the procedure for test-

ing motor -starting capacitors?-For the
proper starting and operation of a mo
tor using a capacitor permanently or for
starting only, the capacitor must maintain its power factor and capacitance,
within fairly close limits. A high power
factor is manifest by reduced starting
torque and a prolonged starting period.
To test a starting capacitor properly, it
C

±

CUit

ORE AREA

FUSE

100 X 40
_ 6.4 Percent
5.2 x 120

To read this value on the nomograph
connect 120 volts from the left of "A"
to 5.2 amperes on the left of "C," with
a straightedge. Note where the straightedge intersects "B." From this point on

"B- connect the straightedge with 40
watts on the left edge of "A" and read
AC

AMMETER

0 -IA
PTVAC

VARIABLE

ac

vOLTREPE

VOLTMETER

TRANS

0-ISOV

POWER -FACTOR
WATTMETER

0- ISOV,
0-10A
MOTOR -STARTING

Fig. 3-63A. Circuit for testing motor-storting capacitors.

CAPACITOR
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Fig. 3-63B. Nomograph for determining the power factor of motor
starting capacitors.

the power factor (65 percent) on the
right edge of "C."
Capacitance may be determined from
the nomograph by placing the straightedge at 5.2 amperes on the left of "C"
to connect with 120 -volts on the right
edge of "B" and reading the capacitance
on the right edge of "A."
Motor -starting capacitors may be of
three different types, depending on the
voltage and the required capacitance.
If the required capacitance is small,
either oil or paper dielectric may be
used. If the needed capacitors are large,
(10 microfarads or greater) they arc

-

generally of the

ac or nonpolarized
electrolytic type. The characteristics of
motor -starting capacitors must remain

stable, that is,

they must hold their

capacitance and power factor within
fairly close limits. If they do not, the
motor will have low starting torque and
prolonged starting, resulting in the motor and capacitor overheating. Dc polarized electrolytic capacitors must never

be used as motor -starting capacitors.
(See Question 3.60.)
3.64 What is meant when it it said

a motor -generator is hunting?-A motor -generator is said to be hunting
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when it oscillates during the starting

watts of power consumed. Increasing

period or increases or decreases its
speed when the load is changed
3.65 Where ore torque motors used?

the capacitance to 70 iLF increased the
power consumption to 280 watts with a
power factor of 92.5 percent.
Power factor may be calculated:

-Manufacturers of professional (and
some nonprofessional) magnetic recording and reproducing equipment make
use of torque motors mounted on the
spindles for the feed and take-up reels,
to provide a constant tension on the
film or tape, regardless of the diameter
of the recording media on either reel.

The motors may be of the induction
type, or of the single-phase shaded -pole

design. Resistors connected in the ac
supply line arc used to control the
speed, and to provide an adjustment for

the desired tension. The power drops
off proportionally to the increase in

PF AC,
_WX AC,

where,

AC, is the voltage across the load,
AC, is the current drawn by the load,
W is the watts consumed.
Capacitance is

applied

in parallel

with the load until a power factor of at
least 90 percent is obtained. The proper
is the point

amount of capacitance

where the maximum power factor correction is obtained with a minimum of
capacitance.

speed, and develops maximum power at
stall speeds. Therefore, this characteristic is used to an advantage to control

the tension for the feed and take-up
reels.

One advantage of using torque motors in the feed and take-up positions is
that the tape or film may be rewound in

either direction. During the rewind cycle, the circuitry of the motor system is
such if the tape breaks or runs out the
motors stop automatically. The motor
on the feed reel always acts as a holdback. This subject is further discussed
in Section 17.
3.66 How con the power factor of
dynamotor be corrected to operate with

o low power factor motor? -11 the low
power factor motor is connected across
the ac side of a dynamotor, the dynamotor will speed up. Power correction
may be applied by adding capacitance
across the power source at the ac generator terminals in parallel with the

Fig. 3-67A. Waveform of de generator
with shorted turns in armature.
3.67

What is the appearance of the

current waveform of a maladjusted dc
generator?-Malfunctioning of the generator because of bad brushes and

power factor may be corrected is given

commutator bars or shorted turns will
produce a waveform at the ontput of
the generator similar to the one shown
In Fig. 3-67A. A well -adjusted and
operating dc generator will, after the
current has passed through a filter to
remove commutator ripple, show prac-

below.

tically a pure dc current when observed

load. A typical example of how the
A 0.5 kW dynamotor driven by a 12 volt battery, develops 115 volts ac,
which is to he used to drive a portable
recording channel and supply sufficient
power to drive a 35 -mm motion picture
camera. When the camera was applied

to the ac side of the dynamotor. the
power factor, as measured with an ac
ammeter and voltmeter, indicated a
power factor of 32 percent and a power
consumption of 190 watts.
Connecting a 20 of oil -filled capaci-

tor across the ac terminals increased
the power factor to 40 percent, with 190

3-678 Waveform of dc voltage
from a well adjusted dc generator.

Fig.
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Fig. 3-70A. This motor is often referred

to as an inside -out motor, because the

stator revolves rather than the armature. This type of motor is used extensively for the driving of 1/4 -inch magnetic -tape recorders, at speeds of 17/s to

30 inches per second. Such motors are
available in dual- and triple -speed designs. Common speeds for the dual type
Fig. 3-67C. Waveform of a properly adjusted dc generator before filtering.

are; 300/600, 360/720, 450/900, and 600/
1200 rpm; and 300/600/900 for the triple
speeds. A nonmagnetic puck or cap-

stan is pressed on the motor spindle to
obtain

the

desired

on an oscilloscope (Fig. 3-67B). The
waveform before passing through the
filter is shown in Fig. 3-67C.

magnetic tape.

3.68 How arc filter circuits connected in the input and output of a dc

for

dynamotor? --In the manner shown in
Fig 3-68. Large capacitors are con-

nected in parallel with the battery side
to remove the effects of motor commutator ripple and brush noise. An
iron -core choke and two filter capacitors are connected to the load side to
remove commutator ripple and radio frequency interference. The capacitors
and choke must be placed in a metal
can and grounded to the frame of the
machine,
3.69 How are filters connected in

the input and output of a converter?-

In the manner shown :n Fig. 3-69. Ca-

pacitors Cl and C2 at the ac output
remove any noise due to sparking at the

slip rings, and the small capacitor C3
at the output terminals removes radio frequency interference. The frame of

the machine should have a physical
ground, if possible.
3.70 Describe the construction of
on inside -out hysteresis synchronous mo-

tor.-One such type motor Is shown ir.

itr-j

- 6-12

linear

speed for

Hysteresis synchronous motors provide the exact constant -speed required
magnetic

recorders,

with

the region of the motor shaft. Impellers

on the rotor circulate air to provide
forced ventilation for the motor and
associated equipment.

Fig. 3-70B shows the internal and
external connections for a dual -speed
motor, and Fig. 3-70C shows the connections for the triple -speed unit. The
average power consumed by this type
motor is approximately 30 to 40 watts,
at 117 volts, with a rotor torque of 7
to 10 ounces. The bearings may be ball bearing or oilless sleeve type. The motor

is single hole mounting, and uses a capacitor ranging from 1.5 to 3.0 /IF.
3.71 How is speed reduction obtained for recording and reproducing

equipment?-Several methods used to

obtain speed reduction in recording and

10

PF

VOLT

high

torque and constant angular velocity.
The rotor (stator) is a dynamically balanced flywheel, which assures a constant speed under changing load conditions. A Mumetal shield is placed
over the stator winding and rotor, to
eliminate the high flux -torque from

LOAD
DYNAMOTOR

.001
RF

2

Pr

j

300
VOC

10

pF

FRAME

Fig. 3-68. Filter system used with a 6/12 volt dc to 3000 volt de dynamotor.
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6-12

I

VOLT

117

4
pF

FRAME

Fig. 3-69. Filter system used with a 6/1 2 volt dc to 1 1 5 volt ac converter.

reproducing equipment arc shown in
Fig. 3-71. Among these various systems
will be found gear reducers, intermedi-

ate idler rollers, and belt drives. Fig.
3-71(a) shows three types of puck or
idler drive systems. Fig. 3-71(b) illustrates two types of gear reducers, Fig.
3-71(c) shows two types of belt -speed
reducers, and Fig. 3-71(d) shows a
"Gilmer Timing Belt" drive system. For
the sake of clarity in the drawings, de coupling devices (compliance) generally connected between the motor and
the driven member have been left out.
Decoupling devices are generally of
a loose coupling design; that is, the
motor shaft is connected to the driven
member through a piece of rubber, felt,
leather, or adhesive tape, to reduce the
transmission of vibration from the motor to the speed -reduction system. In

Intermediate rubber -covered idler
roller drives are nsed in magnetic recorders and other types of recording
equipment because of their low cost
and smoothness of operation. Also, they
serve as decoupling devices and prevent

hunting in the drive system. The principal objection to their use is slippage,
due to the deformation of the rubber at
the point of surface contact. This slippage may be reduced to a minimum by

the use of multiple pucks with narrow
faces. Wide faces are not always best
because the wide contact surface does
not bear uniformly over the entire
surface.

Rim drive or drives on the outer
surface of a flywheel damp out the action the flywheel is intended to impart
to the drive system, that of smoothing

some systems, a second &coupler is
used to isolate the gearbox vihration
from the driven system. Pucks, idlers,
and belts serve as their own decoupling
devices.

AC INPUT

chronous motor used for driving mag-

Fig. 3-706. Connections for the Technical Development Co. dual -speed, hys-

netic -tape recorders.

teresis synchronous motor.

Fig. 3-70A. A two -speed hysteresis syn-
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300

117VAC

Fig. 3-70C. Internal and external connections for a 3 -speed hysteresis motor. The
speeds for this particular motor arc; 300/600/1200 rpm.

(a) Puck or idler roller reducers.

(b) Gear reducers.

(c) Belt reducers.

(d) Gilmer drive belt.

Fig. 3-71. Drive systems used in recording and reproducing equipment.
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out the

rotational

irregularities and

puck surfaces.

Gear drives have the advantage of
positive

nonslip

drive

between

the

motor and the driven members. However, rather elaborate decoupling devices are necessary between the gearbox and the driven member to eliminate vibrations from the gearbox, being
transmitted to the driven system.
Single- and double -belt drives arc
quiet and require no lubrication, and
also act as decoupling devices. Flat- or
round -type belts may be used, but are
subject to slippage. Belt -driven rim drive devices, such as a recording or
reproducing turntable, lose their flywheel effect when belt -driven, as the
belt applies a damping effect to the
drive system.
The best method of obtaining a posi-

tive drive with a belt

the "Gilmer
Timing Belt Drive" shown in Fig. 3-71
(d), which incorporates a unique sysis

tem of securing a positive speed reduction. Basically, it is a combination of a
belt and a gear drive system, having the
positive drive of a gear and the advantages of a belt.

16 frames per second
18 frames per second
20 frames per second
22 frames per second
24 frames per second
26 frames per second

40 Hz
45 Hz
50 Hz
55 Hz
60 Hz
65 Hz

surface imperfections of the idler or
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When a change of frames per second is

required and a calibrated scale is not
readily

available,

the

corresponding

frequency may be determined by multiplying the desired frames per second
by a factor of 2.5, which is derived by:

60;24-2.5

where,
24 is the frames per second for a standard frequency of 60 Hz. (Sec
Question 22.37.)
3.73 Describe the different types of
insulation used in motor windings.-

Progressive advances in motor design,
manufacturing techniques, and newly
developed insulating materials have advanced to where a given size motor of
a few years ago. is now considerably

smaller and more efficient. The minimum physical size of a motor and its
life expectancy are limited and determined by the destructive effects of in-

The Gilmer belt drive is made of
molded neoprene on a base of non stretch cotton material. Precision teeth
are molded into the belt which make

ternal operating temperature and winding insulation. The materials for a
motor winding are divided into groups,

contact with gear -type pulleys. Because
of the characteristics of neoprene, there

Electrical

is

and standardized by the Institute of
and

Electronic

Engineers,

( IEEE) .

a certain amount of natural com-

pliance which eliminates the noise and

Maximum
Spot Temperature

ripple generally associated with gear
driven systems. Also, no lubrication of
any kind is required. Gilmer belt systems are used in many different types
of recording and reproducing equip-

Class

H

180' C.

ment where absolute synchronous speed

C

No limit set

0

90C.

A

105' C.

B

130'C.

is required. (See Sections 17 and 18.)
3.72 What is the relationship of
frames per second to hert2T-Frequency
meters on camera supply units are generally calibrated to read in both frames
per second and hertz. This enables the
recordist to increase or decrease the
speed of the camera motor for special
effects. If the camera is run overspeed,

The electrical and mechanical properties of the insulated windings must not

when the picture is projected later the
action will he slowed -down; if the camera is run underspeed, the action will

that they be impregnated or immersed

be speeded -up. In these instances, the
camera is run wild, without sound. The
relationship of frequency to frames per second is:

be impaired by the application of

a

permissible temperature for given classification. Cotton, silk, paper and similar
materials may be used as a class -0 insulation; however, if these materials
are to be used as class -A it is necessary

in a liquid dielectric to afford greater
insulation.

Other class -A

insulations

molded and laminated materials
with cellulose filler, phenolic and other
similar resins, also films and sheets of
cellulose acetate or other cellulose deare:
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rivatives. Conductors are varnished.
Class -B and class -H make use of materials such as mica, asbestos, Fiberglas,

etc., with suitable binding substances.
Where the temperature may be higher
in class -C, materials such as mica, por-

celain, quartz, and glass may be required.
3.74

Describe the

operation of

a

centrifugal governor.-Centrifugal governors are used with both series and
shunt ac or dc motors and generators.
The governor consists of an insulated

Fig. 3-74A. Series -field connection for
centrifugal governor

plate, mounted on one end of the armature shaft, with two stationary and two
movable
weighted
contacts.
The
weighted contacts are adjusted to be

opened by the centrifugal force acting
on the movable contacts if the armature

_0
snort

rzu)

,f000 1

exceeds its rated speed by more than
5

percent.

When

the

contacts

Ir7Vetrec

are

opened, a resistor is connected in the
circuit, reducing the armature speed by
the reduction of the line voltage. When
the armature falls below the rated
speed, the contacts close, shorting out
the resistor. The voltage then rises as

does the speed of the armature. The
cutting in and out of the resistor is a
continuous action as the armature speed

varies. If the line voltage and the load
are fairly constant, the governor is not
too active, and the armature speed oscillates around the rated speed.
The disadvantage of a centrifugal
governor is the high -frequency interference generated by the opening and
closing of the contacts (with the possibility of generating noise), and the pitting of the contact surfaces. The contacts are normally shunted with a
0.25-oF high quality high -voltage ca-

0 2510

Fig.

3-746. Shunt -field connection for
centrifugal governor.

complexity, the switching circuitry becomes more involved. The braking effect to the motor is accomplished by
disconnecting the power source and
applying a direct current to one or
more windings, thus reducing the rotation of the armature by magnetic drag
until it comes to rest.
Several circuits arc available for this
purpose. Fig. 3-75A is the circuit for a
shaded -pole motor. A dynamic braking
circuit for split -phase start, capacitor
start, or permanent split -capacitor motor is shown in Fig. 3-75B. Several othAC LNE

pacitor. U this shunting capacitor opens,

contact interference will be maximum.
It may be desirable to connect a noise suppression diode across the contacts
and install a line -noise filter near the
machine to prevent interference being

fed back over the power line. This is
particularly true if the device is installed
near
high -gain
amplifying
equipment. Noise -suppression devices
are discussed in Question 24.67. The
circuitry for connecting centrifugal

governors is given in Fig. 3-74A and

NO orr
posiTioN
DC BROXE

CNNAOTORID
*WONG

MAN
faIND01.1

Fig. 3-74B.
3.75 Describe how dynamic braking

is applied to a motor.-Dynamic braking can be applied to any motor circuit.
However, as the motor increases in

Fig. 3-75A. Dynamic braking circuit for
permanent split -capacitor motor. Windings in series, when braked.

CONSTANT -SPEED DEVICES, MOTORS, AND GENERATORS

121

41.

AC LINE

AC UNE

a.

swsi
RECT

C

R

BRAKING
CAPACITOR
DC DRAKE

NO OFF POSITION

START OR
CAPACITOR

WRONG

START CR
RUN

CAPACITOR
WINDING

MAIN
WINDING

FUSED ONLY WITH SR IT -PHASE START
OR CAPACITOR START COTOR

Fig. 34513. Dynamic braking circuit for
split -phase start, capacitor start, or permanent

split -capacitor

motors.

USE ONLY ran SPLIT -PRASE
START CR CAPACITOR START MOTORS

Fig. 3-75D. Dynamic braking circuit for
split -phase start, capacitor start, or permanent

Main

split -capacitor

winding used for braking.
Speed =

ers shown in Figs. 3-75C to E are selfexplanatory. The direct current is sup-

plied from a half -wave rectifier. Extreme care must be exercised in the
braking of geared motors to avoid
shocking beyond their capabilities. This
is especially true for loads having considerable inertia.

-

motors.

120 x frequency
,Stator poles

-

Horsepower =

9.92 x Torque x Speed x 10 '

By connecting the points of known val-

ues on the nomograph, other values
may be read. Example: To find the
speed, given a frequency of 50 Hz, and
6 stator poles, the line connectiug these
two values, intersects the speed scale

0-

Fig. 3-75C. Dynamic braking circuit for
thrce-phase motor. For delta connection
only one phase of the stator is used. If
star connected, two

phases arc used.

Fig.

3-75E. Dynamic brake and speed

control
3.76

When certain motor data arc

known, how may other unknown related
factors be determined?-The nomograph
in Fig. 3-76 provides a fast convenient
way to determine factors of: Torque

(in -oz) speed (rpm) frequency (Hz)
horsepower and stator poles, as applied
Its the formulas:

of 3 -wire reversible capacitor
motor. Maximum speed will be obtained
when the resistor shunted across the capacitor is minimum and will increase
with on increase of resistance. Maximum
is obtained when contact arm
reaches the horizontal position and shunt
circuit is open. Motor is braked when
contact arm is vertical.

speed
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at 1000 -rpm, line "A." When the horsepower is 0.250 and the speed is 1500 rpm what is the torque? The straight
edge laid across the known values,
torque is read at 1.68 x
(x = 0
y = 0) = 1.68 x 10' = 168 in -oz, line
"B." Given a horsepower of ihti or 0.0143

erally found in an industrial plant.

then x
-1, with a
speed of 3,600-rps or 360 x 10' then

by using heavy copper bars running

Motors for sound work are of special
design and are of the variable reluctance type, using squirrel -cage construction for the armature, with salient
poles milled in the armature laminations. Such armatures are constructed

or 0.143 x

lengthwise of the armature, and shorted

y = 1. The torque scale is intersected
at 4 X 113.'"-" or 4 x 10'
= 4 x 10= 4 inch ounces, line "C." (See Ques-

at each end by a heavy copper ring.
Salient poles are milled the length of
the armature laminations, at an angle

tions 25.116 and 25.136.)
3.77 Describe the characteristics of
synchronous motors used for driving
sound equipment. -The
synchronous

of 7 to 10 degrees, using the armature
shaft as reference (Fig. 3-77A.)
In the early days of sound, synchronous motors were not available and in-

motor employed for driving of recording and projection equipment is not the
conventional synchronous motor gen-

duction motors were mode to run at
synchronous speeds by cutting slots in
the armature laminations. This was

10 T 1,10'

.120.19E0

1P2.931TCPOIRP9410-7

PO -ES

20

woixt-r/

2.101

0
z 30

3.10' 5

600

i

7J0

cc

BOO

900

-

47;

900

a
U

0

1200
'LI:

41101

2,0&t-ir,

500.

60

620'

70

7.101

6000
7000
90
100

9.104

8000
9000
10.000

-1000"."

Fig. 3-76. Homograph for determining the characteristics of motors. (Courtesy,
Bodine Electric Co.)
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ing -power source. This usually requires
a change in the supply voltage to main-

tain a satisfactory power input. Syn-

3-77A. Squirrel -cage motor armature showing the copper rods, rings, and
salient poles. (Courtesy, Bodine Electric
Fig.

chronous motors may also be provided
with stater ,.,indings to produce a number of different pole combinations, and
by using a suitable rotor, the motor
may be made to operate at a number of
different speeds. This is discussed in
Question 3.70.

Co.)

Because of the quick starting characteristics of squirrel -cage motors due

to the copper bars, shorting rings, and
salient poles, they have a high starting
torque and are brought into synchronism very quickly. As this is somewhat
of a disadvantage, particularly for the
cameras and projection machines, some

means must he taken to provide a soft
Fig. 3.77B. Fractional horsepower motor
manufactured by Bodine Electric Co.

Fig. 3-77C. Armature of a standard induction motor. (Courtesy, Bodine Electric Co.)

start, such as putting resistors in the
power source and cutting them out of
the circuit as the motor comes up to
speed.

Because such motors can not be interlocked at rest, a sync mark must be
provided, to indicate when they reach
synchronous speed. On production, this
is accomplished by the use of clap front of the camera, and
photographed while the sound is being
recorded. Later, the picture of the clap -

sticks and their sound is used by the
editorial department to synchronize the
picture with the sound track. (See
Question 18.334.)

3-77D. Armature of a perm
split -capacitor motor. (Courtesy, Bodine
Electric Co.)
Fig.

done

by

placing

several

hack -saw

blades in a frame and cutting a slot
about Is -inch in width, the length of
the armature, at an angle of about 10
degrees; the armature was then rebalanced.

If the bars of the squirrel -cage rotor
arc of sufficient low resistance to bring
the rotor to synchronous speed, the sa-

lient poles will pull the armature into
step with the points of greatest flux
density of the rotating field. As there
are no windings, the armature requires
no maintenance.
Synchronous motors may he designed

to operate over a limited speed range
by changing the frequency of the driv-

Motors of the above described type
are characterized by their high starting
torque, rapid acceleration, low power
factor (because the exciting current is
taken from the line through the stator
winding), and efficiency. However,
these factors are of little consequence
as the power rating is low, generally

on the order of

IA horsepower.
1,4 to
Synchronous motors of this type cannot

be used for background projection or
rerecording purposes.

In

background

projection, the shutter of the projector
must he synchronized with the camera
beforehand. If this were not done, the
camera shutter might be opened while
the projector shutter was closed, result-

ing in no exposure of the background
Sdsyn interlock motors
must be used to bring the camera and
projector up to speed and in synchronization. When sync speed has been attained, clap -sticks are used to establish
the synchronization of picture and
projection.

sound. (See Question 19.59.)
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AUDIO

TAPE
RECORDER

NAOMI* TIC

ELM
RECORDER

00/200
WATT ATATUFIER

SYNC -PULSE

6011/
POWER LINE

Fig. 3.78A. 8asic resolver system using
the

sync

pulse

to

Fig. 3-78B. Bridge circuit with reactance
tube for controlling the frequency of the
60 -Hz oscillator driving the synchronous
motor in the '4 -inch tape reproducer.

transfer

drive the

machine motor.

In rerecording installations, quite
often certain machines are equipped

3.78 Describe the methods for recording a sync pulse on quarter -inch

with dual-purpose tnotors. These motors function as both selsyn interlock
and a straight synchronous motor,
which is quite convenient during a rerecording session, where a single track
is wanted for listening purposes, and
the balance of the machines are set for
interlock running.

magnetic tape for synchronous operation
with camera.-Sync-pulse systems used

Transfers from one synchronous ma-

manner. Such systems arc said to record

chine to another are permissible, provided a start mark is recorded on the

magnetic sprocket holes, because they
produce the same results as sprocket
type machines. The first of these systems was developed by Col. H. B.
Ranger, of the Rangertone Co. In this
system, the sync pulse was the power line frequency. A low level 60 -Hz signal
was recorded in the center of the tape,

for the synchronization of motion picture camera and 1/4 -inch tape recorders
are quite common. Several different

types of systems are in general usage.
All these systems accomplish the same
end result, but in a slightly different

new sound track when the machine has
attained synchronous speed. It is quite

common practice when transferring a
magnetic sound track to a photographic
sound track to start the photographic

recorder first and then start the magnetic sound track. The machine carrying the magnetic track will settle down
in a very short time, while the photographic recorder takes longer in comparison because of the transport -loop
system. A fractional horsepower synchronous motor, manufactured by the
Bodine Motor Co., appears in Fig.
3-77B. Figs. 3-77C and D show an armature for a standard induction motor
and

also

one

for

permanent

over the sound track, at an angle of
approximately 87 degrees to the direction of the tape travel (Fig. 3-78C.)
Later, when this track was transferred
for editorial purposes, the sync -pulse
signal on the tape was amplified by a
power amplifier and used to drive the

motor on the transfer machine (Fig.
3-78A). Any variation in the line frequency or camera during the original
recording was transmitted to the transfer machine motor, duplicating the elec-

split -

capacitor motor.
PE AD

94'APE

Fig. 3-78C. Rangertone
sync -pulse head used on
1/4 -inch magnetic tape
recorder.

Fig. 3-78D. Echelon Perfectono sync -pulse head
used

on

1/2 -inch

meg-

netic tape recorder.

Fig.

3-78E. Hagra (Ku -

delski)
used

sync -pulse
on 1/4 -inch

head
mag-

netic tape recorder.
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Fig. 3-78F.Nagra III

1/4 -inch
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magnetic recorder. (Courtesy, Magnetic Sales Corp.)

trical conditions prevailing at the time
of the recording; thus, synchronization
between the sound and picture was
achieved.
A second system, developed by
Ranger for transferring the original

sound track, compares the sync -pulse
signal on the tape to the 60 -Hz power line frequency driving the transfer machine motor. This comparison is made
automatically by using a bridge circuit

in which one arm is a reactance tube
that controls the frequency of an oscillator, which is normally adjusted for
60 Hz (Fig. 3-78B). The oscillator drives
the power amplifier which, in turn,

drives the synchronous motor in the
tape recorder now being used as a reproducer. If the sync -pulse signal at a

given moment is exactly in step with
the power frequency, the bridge circuit

IS in balance and the reactance tube is
inactive. If the sync pulse on the tape
gets ahead of the power frequency, the
bridge becomes unbalanced and slows

down the motor in the recorder until
the sync pulse is again in step with the
power -line frequency. If the sync pulse
is slow, it is speeded up by the reverse
process. Corrections to the speed of the
tape must be made slowly, so as not to
produce a noticeable change to the ear.
Experience indicates that if the corrections arc less than 1 cycle in two seconds, the variation in speed is not
heard.

A third method of applying sync
pulses to a tape recorder is termed the
echelon system, used with Perfectone
recorder, developed for location work
by Ryder Sound Services. In the echelon method, the sync pulse is recorded

o s""

Fig. 3-78G. Rangertone transversal recording.
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Fig. 3-78H. Novo push-pull recording.

on the two outer edges of the tape at
heads

of tape travel. The pole pieces of the
are staggered about one half

line of the tape at a right angle to the
audio signal after the tape has passed
over the recording head. Some cross
talk between the sync pulse and the

an angle of 90 degrees to the direction

wavelength of 60 Hz, running at a speed

audio signal may be expected using this

of 7.5 -inches per second, or approxi-

system.

mately 1/li; inch (Fig. 3-78D). The sync pulse signal may be generated by a permanent -magnet generator mounted on

In Fig. 3-78H is shown the position
of the sync -pulse head on a Nagra recorder using the NeoPilot system. Since
in this system the sync -pulse head is of
push-pull design, no cross -talk interference is ohserved between the sync

the camera motor, or taken from the
camera motor -supply voltage as discussed in Question 337.

A fourth method called the NeoPilot
system, developed by Stefan KudeLski
of Lausanne, Switzerland, is used with
the well-known Nagra recorders. This
system employs a sync -pulse head that
records a 50- or 60 -Hz push-pull signal
in the center of the tape, at an angle of
90 degrees of the direction of tape travel
(Fig. 3-78E). Although the construction
of the NeoPilot head appears to be similar to the echelon type, it is not, since
the pole pieces are in -line and staggered. The sync -pulse signal may be
taken from the camera power source,
or from
a
sync -pulse generator

pulse and the audio signal. All three

mounted on the camera motor. All of
the systems that have been discussed
employ approximately 1.25 Vac at the

ously discussed. (See Question 3.80.)
3.79 Can frequencies other than 60
Hz be used for sync -pulse signals?-Yes,
they may he operated sit 50, 00, 100, 120,
and, in some instances, 14,000 Hz. How-

sync -pulse head.

A Nagra III recorder -reproducer is
in Fig. 3-78F with the head

systems are compatible except for the

different methods used for taking off
the sync -pulse signal. For the Ryder
echelon head, it is placed in the same

position as for the NeoPilot system.
In the absence of a recorder especially designed for sync -pulse operation, a stereophonic two -track recorder
may be used. In this instance the sync pulse signal is recorded on one track
and the audio signal on the other. The
sync -pulse signal is then reproduced
and used to drive the transfer recorder,
or interlock other machines as previ-

shown

ever, if the higher frequency is used,

placement indicated. At "A" is the erase
head, "B" the sync -pulse head, "C" the

the recorder must be capable of record-

head, and "D" the playback
head. The supply reel for the tape is
record

shown at "E." This recorder is treated
in detail in Question 17.177.
The positioning of the sync -pulse
head

for the

Rangertone system is

shown in Fig. 3-78G. Here, the sync pulse head is mounted on the center

ing a strong 14,000 -Hz signal on the
tape, and precautions taken to prevent
leakage of the sync signal into the recording circuits and causing beats. Pictured In Fig. 3-79 is a resolver manufactured by Magna -Tech Electronic Co.,
Inc., Model 92B. This device is designed
to operate at both GO and 14,000 Hz. The
sync -pulse head is mounted between
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for the camera consists of a three-phase
220 -Vac 60 -Hz generator driven from

batteries. With the sync -pulse voltage
taken from the camera motor -driven
generator, any change in camera speed
is reflected in the frequency of the sync
pulse and recorded on the tape, along

with any small variations in the battery -driven motor in the recorder.
The system shown in Fig. 3-80B

is

similar, except that the sync -pulse volt-

age is taken from a step-down trans-

3-79. Magna -Tech Electronic Co.,
Model 92B playback synchroniser operating in conjunction with an Ampex I/4 inch tape recorder.
Fig.

the normal head assembly. The capstan

and pinch -wheel arc at the right.
3.80 Describe the methods used to
connect a tope recorder and camera for
operation.-Five different
sync -pulse
methods of connecting or operating a
1/4 -inch tape recorder and camera for
sync -pulse operation are shown in Fig.
3-80A through E. In Fig. 3-80A the tape
recorder is operated from its internal
batteries and is fed a sync -pulse signal
from a permancrit-Magliel generator

(60 Hz) nraunted on one end of the
camera motor shaft. The power supply

former connected across two phases of
the three-phase voltage fed to the camera motor. Any change in the frequency of the camera -supply voltage is
recorded on the tape. When shooting in
a studio, the camera is generally supplied from the house mains, which also
supply the sync pulse through a stepJown transformer (Fig. 3-80C).
Systems are also available where the
sync pulse is transmitted by a small
radio transmitter to the recorder, as in
Fig. 3-80D. Another system for driving
the camera employs a transistorized inverter operated from batteries, and
generating

117

Vac,

at

60 Hz

(Fig.

3-80E). The frequency of the generator
is precision -controlled. The sync -pulse
signal is taken front a small precision

unit which generates 60 Hz with an accuracy of =0.0005 percent. The manufacturer states the inverter and sync pulse generator have an accuracy of 20

parts per Million, over a temperature
range of minus 20°C to plus 50°C (minus 40F to plus 122*F); or 5 parts per
million over a temperature range of
plus 8°C to plus 34'C. Using this synchronization, several cameras can be
used simultaneously without interconnecting cables. While there are other

SYNC-PuiSE
GENERATOR
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D
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CANER".
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Fig. 3-80A. Recorder operated from internal batteries; the sync -pulse signal is
obtained from pulse -generator on camera; camera powered from battery power
supply.

Lava

Fig. 3-80B. Recorder powered from internal batteries. camera from battery
power supply; sync -pulse from step-down
transformer across two -legs of camera
three-phase power supply.
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Fig. 3-80C. Recorder is battery operated;
camera operates from 220 -volt, threephase mains pulse signal from stepdown transformer across 117 Vac mains.
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variations of the described systems,

mately so. They are subject to slight

and nonsynchronous machines, with a
trade name of Unilock.
To explain its operation, in Fig.
3-81A is shown a tape recorder with a
sync -pulse recorded on the tape (see
Question 3.78), interlocked with a standard 35 -mm or 16 -mm projection machine. The only piece of equipment
required at the projector is a rate -generator mounted in the film path. The
moving film drives a drum containing
holes that chop a light beam between a
small lamp and photodiode, generating

speed changes due to possible variation

a 60 -Hz signal at a frame rate of 24

of the coupling angle between the rotating field and the rotor. The angular
velocity may not be constant, but the
average speed will be synchronous.
Nonsynchronous motors never operate at synchronous speeds, even at no
load, and the difference between synchronous and actual speed will depend

frames per second. The output voltage

those shown in Figs. 3-80A through C,
are the most commonly employed. (See
Question 3.78.)
3.87 Describe a system for interlocking nonsynchronous recorders and
reproducers.-The problem of interlock-

ing nonsynchronous sound equipment
and picture has been one of the chief
difficulties of the sound industry, besynchronous motors, although
rated constant -speed, are only approxicause

upon the design,

power input,

and

torque requirements. They are also affected by the line voltage and the load.
To overcome this difficulty, the Radio
Corporation of America, has developed
a system of interlocking synchronous

of the rate generator is applied to the
input of a Schmitt -trigger amplifier in
channel "B" of the Unilock system. The
output from the sync -pulse head on the
tape recorder is applied to a second
Schmitt -trigger in Channel "A." To operate, the tape and film are threaded at

their respective start marks, and the
system thrown to the interlock mode
and the projector and tape transports
started.

During the acceleration period, the
tape will attain sync speed almost in hoc

RAM
TRANSMITTER

RADIO

RECEVER
RECORDER

CAMERA

RECORDER

BATTERY

60N5

*0 0005%
CAMERA
POWER

SUPPLY

60M1

A 0.0005%

BATTERY

3 80D. The camera is operated
from a battery -operated generator. The
Fig.

sync -pulse

is

sent to the recorder
radio.

by

Fig. 3-80E. Camera operated from 60-14x
generator with a regulation of 0.000500.
60 -Hz signal with same percent regula-

tion applied to recorder.
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Flg. 3-81A. Film projector and tope recorder interlocked using a Unilock system.
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Fig. 3-81B. Tape recorder, 35- or 16 -mm magnetic -film machine, and video tape
recorder interlocked using a Unilock system.
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Fig. 3-81C. Basic block diagram for RCA MI -29845 Unilock system for interlocking
nonsynchronous recording and reproducing equipment.
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Fig. 3-81D. Unblock sync or pick -off head mounted on an RCA TP-66 16 mm
projector.

stantaneousiy, while the projector accelerates more slowly. This produces a
lower pulse rate in channel "B." As the
pulse -count

differential

between the

two channels builds up, the stepping
motor turns potentiometer P1 so as to

for the system to stabilize is approximately 5 seconds. Even if the system is
stopped,

It can be started again with

both machines in synchronism.
To use the system with a video-tape
recorder, a magnetic -film reproducer,

slow down the tape -transport capstan.
As the projector attains full speed, the
pulse rate from the rate generator approaches 60 Hz. The number of pulses
in channel "B" will eventually catch
up with the total pulses of Channel "A."

or a projector, the equipment is con-

In

so doing, the stepping motor will
bring potentiometer PI back to the
position where the capstan motor is

drives a 230 Vac three-phase power

driven at synchronous speed, thus synchronism is attained The time required

drive amplifier, which supplies the motive power for the magnetic -film reproducer. Many other combinations of this
system are possible and any number of

nected as shown in Fig. 3-81B. The 240 -

Hz control -track signal from the video
machine, after suitable amplification, is
applied to a converter which reduces
the 240 Hz to 60 Hz. The inverter output

Fig. 3-81E Reference signal rote -generator mounted on RCA TP-66 16mm projector.
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Fig. 3-81F. RCA Unilock control modules.

machines can he interlocked. Control
equipment is available for either 50- or
60 -Hz operation.

A basic block diagram in Fig. 3-81C
is completely solid-state. The inverter
unit will supply 30 watts at 117 Vac for
driving the capstan motor of 1/4 -inch
tape recorders, or 300 watts at 230 Vac

for driving the motor of a magnetic film recorder/reproducer. To operate a
1/4 -inch tape recorder, a sync or pick -off
head is required, and is shown mounted
on an RCA RT-21 tape recorder. A reference signal rate -generator is shown
installed on an RCA TP-66 projector in
Fig. 3-81E. Three modules associated

with the control system are shown in
Fig. 3-81F, with an inverter, preamplifier, pulse resolver, control, and power
supply shown in Fig. 3-81G.

3.82

Describe the methods used for

phasing a selsyn interlock system.-Assuming the system is designed for
three-phase operation, the phasing is
started at the synchronous motor driving the selsyn generator set. The driving motor is phased for the correct
direction of rotation by connecting its
leads to the three-phase power source,
and noting the direction of the rotation,
which should be clockwise when facing
the shaft end driving the selsyn generator unit. If the rotation is counter-

clockwise, reverse two of the power
leads. The generator unit will have 6
leads, numbers 1 to 3 being the stators,
and 4 to 6 the rotors. These G leads are
run to each machine to be driven, and

the leads numbered similarly to the
generator leads. The stators of all mo-

Fig. 3-81G. RCA Unilock control modules.
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tors are connected to the stator lines
from the selsyn generator, number for
number. The selsyn generator is started
and the rotors of each motor shorted to-

gether, without load, and the direction
of rotation noted. If the motor rotates
in the wrong direction, reverse the two
stator leads. This procedure is followed

through for the whole system. After
phasing the motors, two phases of the
power line (locking position) are
closed. The rotors should then all pull
into lock. Rocking the rotors by hand,

the lock should feel firm. Closing the
third phase, the motors should all run
at 1200 rpm in the same direction.
It is possible in some selsyn systems
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signed to hold the machines in sync,
while reversing and running back to
a portion to be again rehearsed. After
reversing, they may he run forward
again without loosing synchronization.
This may be done as many times as required.

Interlock systems designed for reversal operation require special treatment. The picture gate in the projector
must be suitable for running in reverse,
or modified to do so. The modification
will differ with each make of machine.
Solenoids must be installed to lift the
pad roller off the impedance drum in

the sound head when running in reverse. Also, the fire shutter must be

to have what appears to be correct
phasing, but one motor does not lock
solid, and has a tendency to run away

closed when the picture comes to a stop

at the point of reversal. Most magnetic
film machines will run reverse as they

(1800 rpm). This condition must be cor-

have torque motors on the feed and

rected or the motor will overheat and

take-up spindles.

run away frequently. This condition

Li some installations, the magnetic
recorder is provided with an erasure
system for erasing a portion of the
sound track, while running in reverse,
to permit recording that portion over

can be caused by the leads on the stator
side not being properly phased, al-

though about 90 percent of the time it
operates normally.
Single-phase interlock systems are
somewhat simpler to phase. The singlephase line is connected to the rotors,

and two of the three stator leads are
reversed for the correct direction of
rotation. If the selsyn is a dual-purpose
(selsyn and synchronous) designed for three-phase operation, it will
have 9 leads. Leads 7 to 9 are for synchronous operation. These leads are
connected to a source of 230 -volt threephase power and reversed for the correct direction of operation. Care must
type

be taken that the synchronous switch
is never thrown when the system is
operating as a selsyn motor.
3.83 What is the purpose of reversing a rerecording systeml-Reversible

rerecording systems serve two important purposes; they save rehearsal time.
and they afford the operating personnel
greater convenience of operation. It is

the current practice to rerecord a full
reel of picture and sound track that
may run from 940 to 980 feet in length.
Many times a difficult cue or sound effect is encountered down in a reel 500
to 600 feet from the start. If the cue is
such that it may require several rehearsals, this can become costly and
time consuming, as all the sound tracks
and picture must be rewound for each
rehearsal. Interlock systems can be de-

again. Recorders are available that will

permit a single word or musical note
without a trace of the substitution.
Distributor systems can be reversed

in several different ways. Two of the
most common are the reversing of the
power leads by a system of relays, and
reversing the power circuits and rotat-

ing the distributor unit in reverse by
means of a separate motor running at
120 feet per minute. Reversal systems
are usually designed to fit a particular
installation.
3.80 Describe a resolving system for
transferring 1/4 -inch tape, using a sync pulse to drive a sprocket -driven recorder.

--A resolver is a device used for transferring a 1/4 -inch magnetic tape sound
track employing a sync -pulse signal, to
a sprocket driven recorder, while maintaining absolute synchronization. Several different methods are available;

they will be discussed in their proper
order. The reader is referred to Question 3.78, before reading the following
discussion.

Assume a motion picture is being
shot, where the camera is being supplied with a three-phase 220 -volt 60 -Hz

voltage from a battery -driven power
supply, and the 3/4 -inch tape recorder
is driven from internal batteries. The
camera motor power supply does not
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generate a constant frequency, even
with constant -frequency control, but

corder is now used as a reproducer
(Fig. 3-84A). The sync -pulse signal is

will vary both above and below the

amplified by a 60- to 100 -watt amplifier, which drives the synchronous motor in the sprocket -driven transfer re-

nominal frequency. If the alternator is
generating 61.0 Hz, the camera motor
is turning 1.66 percent faster, and if
the alternator is generating only 59 Hz;
the rotor is 1.66 percent slower, with
reference to 60 Hz.

In the first method of transfer that
might be used, the battery -driven re -

corder. Since the power for the transfer
recorder motor is the original pulse
signal recorded during the shooting of
the sound track now undergoing transfer, the sprocket -driven machine motor
will increase and decrease its speed in
TRANSFER RECORDER
SPROCKET DRIVEN

ERASE

RECORD

POLSE

-.
I/ 41 -TAPE RECORDER -REPRODUCER

Fig. 3-84A. Direct method of transferring 1/4 -inch tape using a sync -pulse signal to a
sprocket driven machine.
MOTOR CONTROL

POWER LINE

DC

MANUAL
CONTROL

RECORDER

S/NC-PULSE
AC

RESOLVER
MOTOR

BATTERY
OPERATED

AtJD10 SIGNAL

RECORDER

TRANSFER RECORDER

Fig. 3-84B. Kudelski Negro III 1/4 -inch tape recorder connected to a sync -pulse
resolver. The sync -pulse signal is fed to the resolver from the recorder. After correction, it is returned to the motor -control circuits in the recorder. The manual control extends the range normally outside the resolver range. The audio signal is fed
from the recorder to the transfer machine in the usual manner.

Fig. 3-84C. Kudelski Negro III and Model SLO resolver, with Variator manual control at left.
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Fig. 3-84D. Block diagram for Kudelski Model SLO resolver for use with Nagra
recorders or similar equipment. The two plugs at the left connect to the motor -con trol circuits in the recorder and the switch circuitry. The Variator control plugs into
the recorder.

accordance with the record of the sync
signal on the tape. Thus, the same result
is obtained as if the original sound
track had been recorded on the
sprocket -driven machine. It will be oh -

served that in this system and all others
to be discussed, corrections are automatically made for variations in the
speed of the tape recorder, elongation
of the tape, and any other elements that
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disturbed the linear speed during the
recording of the original tape. This

method can be used with satisfactory
results, when other methods of transfer
are not available.
In the second method, the same results are obtained by reversing the procedure. Here, the sprocket -driven machine is powered from the studio power
line, and the speed of the motor driving
the tape recorder is controlled by a resolver to synchronize it with the studio
power -line frequency. The advantage
of this method over the first is that

there are always slight discrepancies
between the sync signal on the tape
and the power line frequency, and in
many instances it is next to impossible
to avoid parastic oscillations, resulting
in slow drifts and low frequency flutter.

This second method eliminates these
difficulties, and is the system used by
Rangertone. (See Question 3.78.)
A third resolving system (Fig.
3-134B), developed by Kudelski of Laus-

sane, Switzerland for the Nagra line of
recorders. is of different design. The

principal component of the circuitry is
a phase -discriminating circuit for comparing the frequency of the sync pulse

on the tape to that of the studio line
frequency. The phase difference is converted into a pseudodirect current

which is used to correct the speed of
the de motor in the Nagra recorder as
it

reproduces

the sync -pulse

signal.

Three types of reference signal may be

employed: the internal line frequency
(50 or 60 Hz), twice the line frequency
(100 or 120 Hz) of any voltage up to 50
a signal generated from a
quartz crystal clock for instrument use.
volts, or

Kudelski uses the name NeoPilot for
the

sync -pulse voltage.

For

normal

transfer work, a cathode-ray tube displays the reference signal (line frequency) horizontally, and the sync signal from the tape vertically. When the
reference and pulse signals are in absolute synchronization, the oscilloscope
display is a steady oval nonmoving Lissajous pattern. The latitude of the
speed control on the tape recorder mo-
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for extending the speed control range
where a Variator is not available. If a
malfunction occurred during the original recording, it may be necessary to
control manually the motor speed correction. This is accomplished by slowly
rotating the Variator. As a rule, most
transfers will fall within the 1.5 -percent
range. If the power line was used for

the sync signal during the recording
of the original tape, the differences in
speed will fall well within 0.5 percent.
Included in the resolver is a control
for selecting either automatic or manual
control of the tape recorder motor
speed. If a tape is being transferred automatically and a dropout occurs, a

marker trigger circuit becomes operative when the pulse sigma' drops to a
predetermined level. The trigger circuit
actuates an audible signal from a builtin loudspeaker, turns off a green sync signal indicator light, turns on a yellow
warning light, and actuates an external
circuit which may be applied to a pencil -marking device on the transfer recorder. This latter device, however is
not necessary, but is quite handy if the
transfer operator cannot keep a steady
watch on the operation, since it indicates dropouts in the original sound

track and where they appear on the
transfer track. The resolver may also he
used to record a sync signal when a 1/4 inch tape is being rerecorded from a
sound track on a sprocket -driven machine for playback purposes

A front view of a Kudelski type
SLO resolver is shown in Fig. 3-84C,
with a Variator manual control at the
left. Above the resolver is a Nagra III
1/4 -inch tape recorder. A simplified
block diagram for the internal circuitry
of the resolver appears in Fig. 3-84D.
3.85 Show a block diagram for playing bock 1,4 -inch tape on location using
a

resolver.-The Kudelski Type SLO

resolver can be quite useful on location
fur making immediate playbacks after
recording. or from tapes previously re-

corded in the studio. A block diagram
of the connections appears in Fig. 3-85.
Here is shown a Nagra recorder being

tor circuit is -±2.5 percent, for a linear
speed of 7.5 ips. If a greater spread is
required, a manual control, called a
Variator. is connected to the recorder

used as a playback machine, in conjunction with the resolver, fed from a

by means of a cable, which permits the
speed control operating range to be extended. There are also internal controls

speaker.

source of 50 or 60 Hz. The audio signal

is fed to a power amplifier and loudIf local power is not available, the
equipment may he fed from the cam-
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Fig. 3-85. Location playback system using a camera power supply unit for a source
of 60 -He power. The power supply must be adjusted carefully to hold the frequency
as near 60 Hz as possible.

era -motor power supply system. In this
latter instance, the camera power -sup-

ply frequency must be maintained as
near to the line frequency of the studio
as possible. A camera supply system
with automatic frequency control is
ideal for this purpose. Generally, for

chronous sprocket -driven machine, and
recorded in the usual manner. The
sync -pulse signal is fed to the resolver
unit, amplified, then applied to a stroboscopic lamp in the resolver. This lamp

playbacks on location the tapes arc prerecorded (using the studio mains) with
the sync -pulse signal on the tape. This
assures absolute synchronization of the

picture with the playback.
3.86
solver

Describe o synchronous reusing a stroboscope lamp.-A

unique method of obtaining synchronous sound transfer is by the use of a
Strobelite resolver (Fig. 3-86A) developed and manufactured by Magnetic
Sales Corp. Using this device, absolute
synchronization can he obtained be-

tween any type of 1/4 -inch sync -pulse
recorder and a synchronous
sprocket -driven recorder. Synchronization is achieved by manual control of
either machine, depending on the basic
tape

setup.

In Fig. 3-8GB is shown a 1/4 -inch
sync -pulse tape recorder reproducing
an audio signal which is fed to a syn-

lie8"1.411"--

Fig. 3-86A. Strobelite resolver manufactured by Magnetic Sales Corp.
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Fig. 3-868. Block diagram for transferring Ii -inch sound track to magnetic film
using a Strobelite resolver manufactured by Magnetic Soles Corp.
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Fig. 3-86C. Basic setup for making synchronous sound transfers from a sync -pulse
tape recorder to a 16 -mm projector with sound recording facilities.

recorders come factory equipped with
these discs). When the image on the
disc is brought to rest, the tape is running at the exac speed as when it was

flashes once for each cycle of the synchronizing signal. The lamp flashes are
employed to illuminate a stroboscope

disc, mounted on the recorder (some
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Fig. 3-86D. Schematic diagram for Magnetic Solos Corp. Strobelite resolver.
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originally recorded with the picture.

The external manual control for the
tape recorder is adjusted to bring the
tape recorder to the proper speed for
stopping the image on the stroboscope
disc.

A second method for using the
Strobelite resolver is shown in block
diagram in Fig. 3-86C. In this setup,
the tape recorder is run at a fixed speed
and the audio signal is applied to a 16 mm projector equipped with magnetic
recording facilities. A stroboscope disc
is mounted on one of the exposed rotating shafts. (See Question 3.87.)
The sync -pulse signal from the tape
is applied to the resolver input, and the
stroboscopic lamp placed in front of the
stroboscope disc mounted on the pro-

jector. The speed of the projector

is

adjusted manually for a standing image

on the disc by connecting a variable
resistor (about 150 ohms, 50 watt) in

place of the fixed resistor connected
normally in the speed -governor control
circuit (see Question 3.74). This will
permit the speed of the projector/recorder to be varied above and below
24 frames per second.

To operate the system, the recorder
is started and the speed of the projector/recorder adjusted for a steady image on the stroboscope disc, and thus
maintained throughout the transfer.
The sound may be recorded on a striped
picture or on magnetic film.
The schematic diagram for the
Strobelite resolver is shown in Fig.
3-86D. The sync -pulse signal is applied

to a transistor amplifier, which feeds
the signal to the gate of a silicon controlled rectifier (SCR). (See Question
11.150.) When the SCR fires, it applies
a sharp pulse to a flash tube through a
pulse transformer stepping up the voltage high enough to fire the stroboscopic
lamp. The power supply provides 200
Vdc for the SCR tube, and low voltage
for the transistors. (See Questions 3.81
and 3.84.)
3.87 Show a group of stroboscope

discs suitable for use on a rotating shalt
to indicate synchronous speed.-Several

stroboscopic discs that may be duplicated and fastened to the end of a rotating shaft or sprocket, for checking
synchronous speed, using a neon or

regular lamp operated from the power
mains, are shown in Fig. 3-87. For
speeds other than those given they may

1%

10 M. 11.41,1

Fig. 3-87. Stroboscope discs. (Courtesy,
Magnetic Sales Corp.)
be calculated
13.117.

as

given

in

Question

For shaft speeds of 3600 rpm, only
one bar is used to make it easier to distinguish. At speeds where the bars are

large in number, they may he divided
into even multiples of the basic number.
3.88 Describe a portable camera
motor -drive unit for a constant source of

3 -phase 60 -Hz 230 Vac.-In the production of motion pictures, the demand
for a portable synchronous motor -drive

system has been going on for years,
with many different systems having
been proposed and developed. The basic
requirement of such a system is a

source of 230 Vac, 60 -Hz three-phase

power, that will interlock the camera
with the sound equipment and hold the

frequency to within a very small percent of the basic frequency (in USA it
is 60 Hz), and yet be operated from
batteries.
Since the advent of

the

battery -

driven 1/4 -inch tape recorder for location work, the load of the sound equipment has been eliminated. Thus, the
power -supply unit is now only required
to supply power for the cameras and a
low voltage (1.5 Vac) for the sync -pulse
signal recorded on the tape recorder.
(See Question 3.78.)

The schematic diagram for a camera
control and generator unit, developed
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by F. G. Albin and manufactured by
Magnetic Sales Corp, is shown in Fig.
3-88A. The system consists of a control
cabinet and a soundproof case, which
houses a 250 Vac 3 -phase SUO-watt (al-

ternator) rotary inverter turning 3600
rpm

driven from

a

30 -volt battery

supply. The control cabinet supplies a
means for manually or automatically
controlling the frequency of the supply
voltage. The control circuit consists of
an elaborate network of transistors and
diodes, which maintain the dc voltage
constant at the motor terminals driving
the alternator. In addition, the alternator is fitted with a centrifugal mechani-
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When more than one camera is used,
it is generally necessary to add capaci-

tance across each leg of the 3 -phase
alternator to provide power -factor correction. For convenience, external capacitor banks consisting of two banks
of 10 and 20 uF each, are plugged into
the power supply for switching across

each leg of the alternator. The same
value of capacitance is always used
across

each

phase.

The

capacitors

should be oil -filled. Under 110 circumstances are conventional electrolytic capacitors permissible, because of their
internal leakage and the possibility of
exploding. Nonpolarized electrolytic ca-

cal governor, which holds the dc voltage

pacitors

approximately constant to the driving
motor, when the field current is adjusted for a given value. With the two

paper or oil -filled type is preferred. In

methods of control, it is possible to hold
the frequency to within less than -1-1/2cycle in 60 Hz. (See Question 3.74.)
Provision is also made for manual control of the camera speed for special effects shots, where the camera must run

faster or slower than 24 frames per
second. Three meters are installed on

the control unit for monitoring the dc
driving voltage, generated 3 -phase volt-

age, and frequency read in frames per
second. (See Question 3.72.) The 1.5 Vac sync pulse for the tape recorder is
supplied through a step-down transformer from one leg of the 230 Vac. Individual controls are provided for adjusting the field current for manual and
automatic control modes.
When such a system is operated in
the manual mode, the frequency must
be continuously monitored to assure a
constant frequency of 60 Hz. In the
automatic mode as soon as the start
switcb is thrown (the generator settles
down, in I to 2 seconds), the frequency
is held constant at 60 Hz and requires
no further adjustment, provided the

field current has been adjusted for a
particular camera load in advance of
the shooting, since cameras vary in
their load requirements. Operating in

can

be

used;

however,

the

most portable alternator sets capacitors
permanently connected across the three
phases serve two purposes. First, they
act as noise suppressors for the slip
rings; second, they provide power -fac-

tor correction for a single camera
When two or more cameras are to be
driven, the cameras are run in advance
and the capacitance adjusted for proper
operation. In Fig. 3-88B, is shown a
typical capacitor hank, consisting of six

10-uF banks, that may be connected
for either 10- or 20-uF operation.
3.89

Describe a printed -circuit me-

tor.-The printed -circuit motor is a direct -current

electrical

machine,

in

which the conventional wire windings
of a cylindrical armature have been replaced by printed circuits. Printed -circuit motors may be operated from one
revolution per day up to several thousand revolutions per minute, and may
be designed to deliver torques from a
few ounce -inches to hundreds of
pound -feet. Since the motor is basically
of pancake form, it is well adapted to

applications where the motor would be
integral with the driven device. Because
of its design, there is no magnetic attraction between the rotating armature
and the stationary portion of the
machine.

An exploded view of a motor, manu-

the automatic mode saves considerable
camera film, and is an important factor,

factured by Printed Motors, Inc., is
shown in Fig. 3-89A. At the left is a flux

particularly if the picture is being shot

plate, a portion of the housing support-

in color. To prevent damage to the tran-

sistors, a fan in the control unit automatically starts if the internal temper-

ing the brushes which make contact
with the 132 segments shown in the
center. A similar winding is printed on

ature of the control cabinet rises above
100*F. The fan is automatically turned
off during a take.

the reverse side, and connected to the
front side by plated through holes. At
the right is the opposite portion of the
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housing,
stator.

with

comparison to conventional motors. For

permanent magnet

a

an armature diameter

An important aspect of the printed
motor is the fact that the printed armature is a single -wave winding. As a result, the operating voltage

is low

in
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GE -CIA0111

PIV-150r - 201

or *con

'

3.5 to

of

8.5

inches, the terminal voltage will range
from 6 to 150 volts dc. Consequently
they are suited to control circuits employing semiconductor devices.
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Fig. 3.88A. Schematic diagram for por able camera motor -drive unit and
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The armature consists

of

a
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faces of the armature segments. Since
the effective number of commutator
bars is large and the rotating armature
contains no iron, the motor provides a
smooth modulation -free output torque
in response to a constant input current.

disc

printed and electroplated with the pattern of conductors rotating in a planar
air gap permanent -magnet structure.
Commutation is provided by the use of
brushes bearing directly on the flat sur-

1
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250 -volt, 3 -phase 500 -watt alternator. Manufactured by Magnetic Sales Corp.
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Fig. 3-888. Camera motor power -supply capacitor bank for correcting power factor.
Switch open, two cameras. Switch closed, three cameras. In some instances all the
capacitance may be required for two cameras.

Fig. 3-89A. Exploded view of a printed -circuit motor. At the left is the housing cover
with the brushes, armature, and permanent -magnet stator. (Courtesy, Printed
Motors, inc.)

Fig. 3-898. Printed -circuit motor armature at left and the conventional armature it
replaces. (Courtesy, Printed Motors, Inc.)
A printed -circuit armature. compared to a conventional armature it replaces is shown in Fig. 3-89B, Since the
magnetic field in a printed motor is
supplied by a structure which does not

rotate with the shaft, the rotation of
the armature does not tend to modulatt

or vary the permeability of the magnetic path. Due to the design, cogging
has been eliminated and there is the-
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(a) View of exterior.

(b) View of interior.
Fig. 3-90. Model -700 portable dc generator for motion picture set lighting. Manufactured by Mole -Richardson. Generator is capable of developing 650 amperes at
120 Vdc.
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oretically no limit on the angular accu-

demands, the output voltage may be

racy.

controlled either manually by means of
a rheostat, or automatically by a voltage

The lack of armature inductance displayed by a printed motor is significant
in applications where fast response is
desired. If the mechanical time -constant
is defined as the time for the machine
to complete 63 percent of the velocity
transition resulting from a step change

in terminal voltage, printed motors lie

regulator which controls the speed of
the engine. The ripple voltage from the
commutator is less than 0.5 percent;
thus, the noise generated by arc lamps

a minimum. Such power plants
may be used for lighting either incanis at

descent or arc lamps

between 0.010 and 0.050 second. Printed

The silencing of a generator for mo-

motors are best suited to applications

tion picture use is a compromise between portability and the degree of

involving direct drive of loads at speeds
in the range from zero to several thousand rpm, where a premium is placed
on the smoothness of generated torque,
freedom from preferred armature position, fast response. and high accuracy.
3.90 Describe the construction of a
portable dc generator, for motion pkture

lighting. -Although portable lighting plants are under the jurisdiction of
the electrical department in a motion picture studio, in small organizations,
very often the sound engineer Is responsible for them; therefore, a basic
knowledge of their design is useful.
Generating plants designed for motion picture use are generally portable
either as a unit that may be loaded on
a flat-bed truck, or built on a truck as
set

integral unit. Generally the plant
consists of a gasoline motor driving a do

noise reduction required. The housing
wall of this particular plant consists of
20 -gauge sheet metal outer skin, with
3M Co. undercoating applied to the inner surfaces. A fibrous asbestos

is

sprayed over the undercoating to form
an additional sound absorbing layer
about 3/4 -inch thick. This is protected
by two coats of casein base paint and

metal hardware cloth. The bottom of
the plant is closed with covers consisting of 1/2 -inch Celoter set between
18 -gauge steel sheets. An acoustical

partition within the housing, made of
1/2 -inch Celotex faced on both sides by
1/2 -Inch Transite, prevents the engine
noise from escaping through the radiator. All access doors are gasketed. A

an

blanketed baffle spaced a short distance

generator with automatic voltage control. A portable plant, manufactured by

in front of the radiator reduces air and
fan noises. The engine exhaust is muffled by a series -parallel system of si-

Mole -Richardson, is shown in Fig. 3-90.
This plant is capable of generating 650

amperes at 120 Vdc. The generator is
driven by a V-8 Cadillac gasoline engine. Depending on the electrical load

lencers. One 3 -pass muffler is connected

to the exhaust of each 4 -cylinder bank
of engine, with the outputs of the mufflers joined
muffler.

at

the input

to

a third
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Section 4

Microphones
Since the invention of the microphone by Dr. Alexander Graham Bell, many
types and designs of microphones have been developed over the years, each having

served well until its replacement.
Microphones may be classified according to their physical design, such as carbon,
capacitor, ribbon -velocity, moving -coil, semiconductor, crystal, and ceramic. They
also may be classified according to their polar patterns as omnidirectional, bidirectional, directional, polydirectional, superdirectional, and cardioid. Nomenclature given to microphones designed for special use, such as wireless, dual -stereophonic, in -line, and high -intensity, might be considered yet another category. All
of these microphones have been covered in this section, and also their electronics,
phasing, and such ancillary equipment as cables, wind and rain screens, and
concentrators are discussed in this section. In some instances, the description of a
particular microphone is only basic since the design will vary with different manufacturers.

Average threshold of the human ear
= 0 -dB SPL (sound pressure level)

4.1
What is a microphone?-A
transducing device which converts
acoustical energy into electrical energy.
Also called an electroacoustic transducer.
4.2 What are the basic principles
of microphone operation?-Microphones
are divided into two categories of operation, velocity and pressure. Pressure operated microphones employ a dia-

= 0.0002 dynes/cm' = 0.0002 microbar

10-" watt/cm' (free field in air) = 10'"
watts/ft=.

1 microbar = 1 dyne/cm' = 10' bar
= 74 -dB SPL

1 atmosphere = 1 bar = 14.5 lb/in'
= 10' dynes/cm'
= I94 -dB SPL.

phragm with only one surface exposed
to the sound source. The displacement
of the diaphragm is proportional to the
instantaneous pressure of the sound
wave. At lower frequencies such microphones are practically nondirectional.

A velocity microphone

is

one

Microphone sensitivity

is

defined as

output voltage in dB re: 1 volt for a
sound pressure of 1 dyne/cm', or 74 -dB

SPL. As an example: the sensitivity
rating for a given microphone of minus
85 dB re: 1 volt/dyne/cm' states; the
output voltage is 85 dB below 1 volt for
74 -dB SPL; for 174 -dB SPL, the output

in

which the electrical output substantially corresponds to the instantaneous
particle velocity in the impressed sound
wave. A velocity microphone is also re-

voltage would be 174 - 74 + (-85) =
+15 dB re;
volt. An output voltage

ferred to as a gradient microphone. A

1

15 dB above 1 volt equals 5.6 volts.
4.4 What types of microphones arc
classed as pressure operated?-The carbon, crystal, dynamic, pressure, capacitor. and frequency -modulated.
4.5
What type of microphone is
classed as velocity operated?-The ribbon. The electrical response corresponds to the particle velocity.

gradient microphone is a microphone in

which the output corresponds to the
gradient of the sound pressure. The

quality of a microphone can he judged
by the frequency response, sensitivity,
distortion, internal noise, and field
pattern.
4.3
What ore the terms and equations associated with microphones?147

148

THE AUDIO CYCLOPEDIA
gradient

able that will permit the field pattern

microphone?-A ribbon velocity microphone such as described in Question

to be varied to fit almost any situation

What

4.6

is

a

pressure

4.50.

What is a polar field pattern?-

4.7

It is a plot employing polar coordinates,

to show the magnitude of a quality in
some or all directions from a given
point for three hundred sixty degrees.
Polar plots are used to present the directional pattern of microphones, loudspeakers, and other devices having directional characteristics. The term field
pattern is also used to denote direc-

tional qualities; however, either term
may be used interchangeably. In some
instances the term directional pattern
or characteristic is used. The term free field denotes the device under measurement is in space, in an area free from
obstructions and reflections, such as

would be found in open air or in an
anechoic chamber. Polar plots are also
used in the measurement of magnetic
fields and many electrical devices not
having acoustical properties. Typical
polar plots or field patterns are shown
in Fig. 4-57.

At (a) is an omnidirectional or circular or nondirectional field pattern for
the crystal, dynamic (moving coil), capacitor (condenser), carbon, electronic,
frequency modulated, and inductor type
microphones.

At (b), a semidirectional pattern obtained with an adjustable field pattern
microphone is Illustrated. The microphone is directional at the higher frequencies but nondirectional at the low
frequencies.

and include all of the foregoing patterns
in some form or other.
4.8

How

carbon

microphone

surface of the diaphragm disturb the
carbon granules, thus charging the contact resistance between their surfaces.
The change in contact causes a current
from a battery connected in series with

the carbon button and the primary of
a transformer to vary in amplitude, resulting in a current waveform similar
to the acoustic waveform striking the
diaphragm. After leaving the secondary
of the transformer, the minute changes
of current through the transformer pri-

niary are amplified and reproduced in
the conventional manner. The circuit
diagram and construction of a carbon
microphone ore shown in Fig. 4-8. The
output voltage from a carbon or pressure microphone is proportional to the
displacement of the diaphragm. The
field pattern is omnidirectional. This is
shown in (a) of Fig. 4-7.
One of the principal disadvantages
of the carbon microphone is that it has
continuous high -frequency hiss caused
.wet.
NOVI,

x114

C4111

Rd

AT qr

sic, -II

CANNA

W ASS

The bidirectional pattern obtained
with a ribbon microphone is shown at

a

is

constructed and what is its principle of
operation?-Several hundred small carbon granules are held in close contact
in a brass cup called a button, which
is attached to the center of a metallic
diaphragm. Sound waves striking the

TAMISFIMIK MI

O JT TON

BRASS O

(c). The microphone is essentially dead

MTV!

to picknp at the sides. This pattern is
generally referred to as a figure -8 field

119,1

AU/W.,

pattern.

INCOIT

The pattern for a unidirectional microphone, called a cardioid pattern, is
shown at (d). Microphones are avail -

(a) Omnidirec-

(b) Semidirec-

tional.

none!.

V

1 -"SG -..1
OSIM

Sal

Tel PM

Fig. 4-8. Connection and construction of
a singlebutton carbon microphone.

(c) Bidirectional.

Fig. 4.7. Basic microphone field patterns.

(d) Cnrdioid.
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Fig. 4.9B. Early model Western Electric type 600a, double -button, stretched -diaphragm, carbon microphone.
in the single -button type. One
button is mounted on each side of the

by the changing contact resistance between the carbon granules. In addition,
the frequency response is limited and
the distortion is rather high.
1.9 What is a double -button carbon
microphone and host does it lunctionlThe double -button microphone employs

used

two carbon buttons similar

the single -button microphone described
in Question 4.8. As the diaphragm

to

those

RUBBER MOUNT
5T RI:ETA& GMAE TA L
BUT TONS
CARBON

GRAM.LES

CARBON
DRAMA. ES

diaphragm. Pressure waves striking the
surface of the stretched diaphragm

cause it to move and disturb the contact resistance of the carbon granules
in the buttons in a manner similar to

moves, the contact resistance of the
granules in the button mounted on the
pressure -wave side is reduced, while
the resistance of the button on the opposite side is increased. When the pres-

sure wave reverses itself, the reverse
action takes place in the carbon buttons. Thus, the current through the buttons corresponds to each half of the
pressure wave at the diaphragm. This
action is somewhat similar to that of a
push-pull amplifier stage. The circuit
--STEP-UP
TRANSFORMER

OUTPUT

Fig. 4-9A. Connections and construction
of a double -button carbon microphone.

+20

connections and construction are shown
in Fig. 4-9A The exterior appearance of

an early model double -button carbon
microphone, manufactured by Western
Electric Co., is shown in Fig. 4-9B.
The disadvantages of the double button microphone are about the same

- SINGLE BUTTON ---DOUBLE BUTTON,STREltHED DIAPHRAGM

4-20
+10
0
10

-20
100

000

20
10000

FRFOUENCY th Hz

Fig. 4-9C. Frequency response of early model single- and double -button
carbon microphones.
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as for the single -button type, except
the waveform distortion is less. The

fectl-When a crystal is subjected to

frequency

strain,

responses for

single-

and

double -button microphones arc given
in Fig. 4-9C. The solid line is the single
button and the dotted line the double
button. It will be noted the resonant

peaks of the diaphragm have been reduced in

the double -button type by

stretching the diaphragm.
4.10 What precautions should

be

observed when using carbon button -type

microphones?-The current through the
buttons should not exceed that recom-

4.13

electrical polarization takes
place. The polarization is proportional
to the mechanical strain and sine with
it. The inverse effect is produced when
electrical current is applied to the crystal. The mechanical movement in this
case is proportional to the applied current. Advantage is taken of this characteristic in the design of crystal microphones, pickups, speakers, and recording heads. The subject of piezoelectric
effect is discussed further in Question

mended by the manufacturer, or the
carbon granules may be fused. If the

25.191.

microphone

in

is

of

the

double -button

type, the currents through each button
must be the same when the diaphragm
is at rest. Carbon microphones should
not be subjected to heavy jars when the
current is flowing, unless they are designed for such service.
4.11 What causes packing of the
carbon granules in a carbon microphone?

What is the piezoelectric el-

What type crystals are used
crystal microphones?-Rochelle salt
crystals. They are grown from a supersaturated solution of sodium potassium
4.14

tartrate tetrahydrate by cooling at
temperature

a

crystals
should not be operated or stored in
temperatures exceeding 140' F. Crystals
of

40'C.

Such

of this nature should not be confused
with the quartz crystals used in radio

-Excessive current through the but-

transmitters. (See Questions 25 102 and

tons and moving the microphone when
the current is flowing. However, carbon
microphones used in communications
work are designed to be moved while
there is current through them.

25.103.)

4./2

4.18

What type Crystal microphones

in general use?-The direct-actnated, Fig. 4-15, part (a) and the indirectly actuated, Fig. 4-15, part (b). In
are

Describe a crystal microphone.

the former type, the sound waves strike

-A microphone employing one or more
Rochelle salt crystals placed in such a

the surfaces of the crystals creating
mechanical strain. In the latter, the

manner that when their surfaces arc
struck by a pressure wave they are
bent or twisted out of shape. This action
results in the generation of an electrical
current because of the piezoelectric
effect of such crystals. A typical crystal

microphone is shown in Fig. 4-12.

sound waves impinge on a diaphragm
attached mechanically to the crystal
elements.
4./6 What is a sound -cell crystal

microphone?-One in which a number
of crystal elements are stacked in a pile,
as shown an Fig. 4-15, part (c).
4.17 What is a Bimorph crystal?-

A type of construction used in crystal
microphones to increase their sensitivity. The crystal consists of two slabs cut
on axes which determine whether they
are to be benders or twisters. The two
slabs are separated by a thin piece of
foil which connects to one side of the
external circuit. The outer surfaces of
the crystal slabs are covered with foil
and connected to the other side of the

external circuit as shown in Fig 4-15,
part (a). The name Bimorph is a trade
name of the Clevite Corp., Piezoelectric
Div.
4.18 What is a bender element?-A

crystal element cut on an axis which
Fig. 4-12. A typical crystal microphone.

results in a piezoelectric effect only as
a result of bending.
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CRYSTAL

ELEMENT

frequency response is limited because
The sound cell,

of the construction

Flg. 4-15, part (c) has the hest frequency
response but the lowest output level.
4.23

How

is

the greatest output

voltage obtained from a crystal micro
phone with the lowest output impedance? -By

connecting the crystal ele-

ments in series -parallel.
4.21 What is the maximum length
of cable that may be used with a crystal
rnietophone?-Approximately 50 feet.

(a) Blmorph.
DIAPHRAGM

Because of the high impedance, a crysCRYSTAL

ELEMENT

tal microphone must not be separated
too far from the input of the amplifier

The capacity of the cable acts as a
capacitor in parallel with the crystal
elements. A long cable attenuates the

OUTPUT

(b) Indirectly actuated.

over-all level but has little effect on the
frequency response.
4.24 What is the internal capacitance of a crystal microphone?-Gener-

ally on the order of 0.03 tiF, for the
diaphragm -actuated type. For the
sound -cell type, 0.0005 to 0.015 uF.
CRYSTAL
ELEMENTS

4.26

What is the frequency response

of a crystal microphone?-About 80 to

6500 Hz for the diaphragm type, with
a peak occurring around 3500 Hz. High quality crystal microphones will respond up to 16,000 Hz; however, they

show a rise in the higher frequencies
necessitating equalization to obtain a
uniform frequency response. The frequency response of a typical high -qual-

crystal microphone of the soundedl type is shown in Fig. 4-26
ity

(c) Sound cell.
4-15. Direct and indirect actuated
crystal elements used in microphone
construction.
Fig.

1.19

What is a twister element?- A

crystal element cut on an axis which
results in a piezoelectric effect only as
a result of twisting.
1.20 Whot is the field pattern for
a crystal microphone?-Circular, as for
all pressure microphones. See Fig. 4-7,

part (a)
What is the output impedance
1.21
of a crystal microphone? -Generally on

the order of 60,000 to 100,000 ohms.
4.22 Which type crystal microphone
has the greatest output, the diaphragm
or the sound cell?- The diaphragm type

has the greatest output voltage, but the

4.27 What type amplifier input circuit is recommended for crystal microphones?-Resistance-coupled similar to

that shown in Fig. 4-27. Because a crystal microphone appears as a capaci-

it may be considered to be in
series with the grid resistance of the
input stage. The grid resistance (R.:)
should be from 3 to 5 megohms for a
tance,

microphone of the sound -cell type and
from 1 to 5 megohms for the diaphragm

type. Lowering the resistance

in the
grid circuit attenuates the low frequencies.
4.28 What types of microphones are
considered to be high impedance?-

Crystal, ceramic and the head of a capacitor microphone (condenser) are included in this category. The ceramic
microphone may be considered from an
impedance standpoint to be similar to
the crystal microphone. The head of a
capacitor microphone is of extremely
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Fig. 4-26. Frequency response of a high -quality sound -cell type crystal microphone.

Fig. 4-27. Method of coupling a crystal
microphone to the input of on complier.

sure at the surface of the diaphragm.
This microphone is also referred to as
a pressure or moving -coil microphone
(nicknamed "eight ball" because of its
appearance). Typical examples of this
design are the Western Electric 630B,
shown in Fig. 4-30A, and the AltecLansing Model 633a/c (nicknamed "salt
shaker"), shown in Fig. 4-30B. Due to

high impedance, running into several
megohms; therefore, it must be oper-

their similarities, the following explanation will suffice for both types, al-

ated adjacent to a preamplifier. An out-

though the case arid frequency response
of the Aticc-Lansing 633a/c is somewhat
different than the Western Electric

put transformer in the amplifier supplies a low output impedance, ranging
from 50 to 250 ohms. Dynamic microphones may be obtained, with impedance ranging from 50 to 40,000 -ohms.
4.29 Describe a ceramic micro-

phonel-A microphone similar in characteristics to the crystal, except that it
employs a barium-titanate slab in the
form of a ceramic. It has piezoelectric

630B.

Shown in Fig. 4-30C is a cross-sectional view of the 630B. The diaphragm
(A) is of Dural, approximately 0.5 -mil
in thickness, and it weighs 25 milligrams. Cemented to the rear of the diaphragm is a voice coil (B) constructed

characteristics and may be operated in
higher temperatures and humidity.

of edge -wound Dural ribbon 8 mils
thick x 8 mils wide. The body of the
microphone (C) consists of a molded

Generally speaking a ceramic micro-

spherical housing, containing a perma-

phone may be used wherever a crystal
microphone is employed; however, the

piece over which the voice coil is cen-

equalization may have to be revised

tered. The edge of the diaphragm is

slightly. Ceramic microphones, like the
crystal microphone, must be operated

hinged and supported at the edges by
the housing. The outer surface of the

into an input impedance from 1

diaphragm is protected from mechanical

to

5

megohms. Such microphones are ideal
for walkie-talkies, hearing aids, dictating machines, public-address systems,
and many other services. Typical output levels are minus 59 to 50 dB, where
zero dB equals 1 voltImicrobar, with an
output impedance of 100,000 ohms.
4.30 Describe the construction and
characteristics of a dynamic microphone.

-A dynamic microphone employs

a

small diaphragm and a voice coil, similar to a dynamic loudspeaker, moving in
an intense permanent magnetic field.
Sound waves striking the surface of the
diaphragm cause the coil to be moved
in the magnetic field, thus generating a
voltage proportional to the sound pres-

nent magnet (3) with a center pole

injury by a perforated grid (E). A two layer 16 -mesh circular screen baffle (F)
with layers of silk between the screens
is placed in front of the diaphragm. The
perforated grid and screen act as acoustical equalizers to improve the omnidirectional characteristics. At the lower

left is a small metal tube (G) termed
an acoustical equalizer. Its function is to
release

air pressure behind the dia-

phragm to prevent distortion of the diaphragm during its inward travel. Work-

ing in conjunction with this tube are
two air -release vents (H) under the
voice coil, to provide acoustical resistance. External pins (I) provide connections to the voice -coil leads (J).
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Fig. 4-30A. Western Electric 630B dynamic

(moving -coil)

microphone.

Microphones of this type do not employ an output transformer; the output
voltage is taken directly from the
voice -coil winding. The frequency response of this microphone is little affected by the angle of incidence up to
120 degrees as may be seen in Fig.
4-30D. The output impedance is 20
ohms, but is operated into a 30- to 50 ohm preamplifier. The polar pattern is
omnidirectional, with a frequency re BAFFLE

Fig. 4-308. Altec-Lansing Model 633a/c
dynamic (moving -coil) microphone. The
Bb baffle is used to assist in achieving
a directional characteristic.
sponse as shown in Fig. 4-30D. The out-

put level is minus 55 db/10 dynes/cm'.
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Fig. 4-30C. Cross-sectional view of Western Electric 6308 dynamic (moving -coil)
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Fig. 4-30D. Frequency characteristics of Western Electric dynamic (moving -coil)
microphone for different angles of incidence.
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Some directional effect may be obtained

by hanging the microphone overhead
with the diaphragm downward; however, this will attenuate the high frequencies to some extent.
4.35 Show an exploded view of a
dynamic microphone.
An exploded

view of an Electro-Voice Model 635A
dynamic microphone is shown in Fig.
4-35. Starting at the left, is a protective

screen (A) which combined with ele(B) and (C) compromises a
four -stage pop -filter for close talking.
ments

Element
4-31. American Microphone Co.,
type D-22 pressure (moving -coil) microphone with windscreen and boom hanger.
Fig.

similar to that described in Question

(B) consists of a special
Acoustifoom material developed by the
manufacturer. Element (D) is a fine
screen of magnetic material for attracting metal dust particles to prevent
them from falling on the diaphragm and
its associated magnetic assembly (F)

microphone

and (G). The plate (E), with the diaphragm assembly, forms a Helmholtz

manufactured by American Microphone

resonator in front of the diaphragm

is pictured in Fig. 4-31, with a wind

(F). The inertance of the holes in the
plate resonate with the compliance of
the air between the retainer and the

4.30.

A typical

pressure

screen and hanger for fish -pole operation. The construction of the wind
screen is discussed in Question 4.90.
4.32 What is a moving -coil micro-

phonel-A dynamic or pressure microphone such as the ones described in
Questions 4.30 and 431.
4.33 What is an acoustical equal-

ixer2-A small metal tube located at the
rear of a dynamic microphone to release
the pressure hehind the diaphragm and
thus prevent distortion of the diaphragm. The acoustic equalizer (see
Fig. 4-30) also tends to smooth out the

frequency characteristic of a dynamic
microphone.
4.34 What is the field pattern of a

dynamic microphonel-Omnidirectional.

diaphragm. The moving elements consist of an Acousticailoy diaphragm fa
special material developed by ElectroVoice) which is quite stable to pressure
and temperature changes. A voice coil
mounted at the rear of the diaphragm
is centered in a strong permanent magnetic field (G).
As this microphone is designed to be
hand-held if desired, mechanical shock
must be reduced to an absolute minimum by isolating the voltage -generating elements from the case. This is
accomplished by the use of a low -du remoter plastisol sleeve (H). If the isolation between the case and the moving

y1

1r

Fig. 4-35. Exploded view of Electra -Voice Model 635A dynamic microphone.
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elements is not sufficient, vibrations will

be transmitted to the moving coil and
diaphragm assembly, resulting in unwanted noise.
The diaphragm is '/a inch in diameter
and 0.0015 inch in thickness. No output
transformer is used, as the moving coil

ployed. The center hole of the substitute
baffle is covered with a single layer of

thin silk. The use of a baffle with this
type of microphone not only increases
its directional qualities, but also increases the response at the lower frequencies.

The

increase in

low -fre-

is wound using a number 48 copper
wire for an impedance of 150 ohms.

quency response may be desirable for

Since there is only one opening to the
diaphragm, the polar pattern is omnidirectional. This system of controlled

dialogue. Therefore, the low -frequency
attenuation normally used for dialogue
recording may have to be increased.

leakage allows for pressure equalization

4.37 How should a pressure microphone be used suspended from o boom?

on both sides of the diaphragm. The

certain types of pickups but not for

high -frequency response is held up by
the use of the Helmholtz resonator (E).
The last three elements are the case
(1), the three -pin male connector (J),
and the female cable plug (K). The fre-

-The diaphragm is tilted downward
with the diaphragm almost parallel to

quency response is 60 to 15,000 Hz, with

cies and any small loss of high fre-

an output level of minus 55 dB re:
1
mw/10 dynes/cm'. Microphones of
this type are used for professional and
public-address work, and in television

quency response is not detrimental to
the pickup. A second reason is that for

and broadcast studios.
Since the advent of rock and roll recording where the artist sings or shouts
directly into the microphone one or two
inches from the mouth, special blast type microphones have been developed.
This has been necessary because of the
extremely high sound -pressure levels
(SPL) distorting the diaphragm. Special
precautions must also be taken to prevent the overloading of the microphone
preamplifier input circuit. (See Question 9.51.)
What precautions must be
taken when using pressure -type microphones with an omnidirectional polar
4.36

pattern?-A characteristic of pressure

microphones is their lack of discrimination to low -frequency sounds arriving from random directions. Sounds
which originate at the rear of the microphone will

be

hent

the floor. One reason for this suspension

is that pressure -type microphones are
highly efficient at the higher frequen-

large angles of incidence, the directional

response changes less rapidly than for
small angles of incidence. Thus, a more
quality of pickup may be

uniform

inn in to in ed.

4.38 What size baffle is recommended for use with the microphone discussed

in

4.307-The

question

baffle

should be 3' inches in diameter with a
1 -inch hole in the center. The material
may be 1/8 -inch Bakelite or Dural.
4.39

Describe

a

dynamic

micro-

phone with cordioid characteristics and
a variable -frequency response. - Many

times it is necessary to intermix microphones, which generally poses a problem because of the difference in frequency response. The ideal microphone
would be one that would permit its fre-

quency response to be varied so as to
match other microphones, while retaining its directional characteristics. The

around the

microphone housing and actuate the
diaphragm as if they had arrived from
the front. This is especially true of

sounds whose wavelengths approach
the dimensions of the microphone housing. At the higher frequencies, for

sounds originating at its rear, the frequency response will drop off due to
diffraction. When recording dialogue
with this type of microphone, it may
be desirable to increase the directional
qualities by the use of a small baffle on

Fig. 4-39A. Electra -Voice Model 668 dy-

the front of the microphone in place

namic cardioid microphone mounted in
its wind screen and boom hanger.

of the small screen baffle normally cm-
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with a cross-sectional view of the windscreen and hanger construction given in
Fig. 4-39C.

Basically the microphone is an in line type, with two slotted tubes coupled to the back of the diaphragm. The
acoustic length of the tube varies inver-

Fig. 4-398. Electro-Voice dynamic cardi-

oid microphone Model 668. The basic
design is of the in -line type. Thirty-sia
different frequency -response curves are
possible by the connections in the base.

microphone to be described is of the in -

family, and has been developed
especially for this purpose by Electroline

Voice. Complete with wind screen and
boom hanger (Fig. 4-39A), it is light
enough to be "fish -poled." The micro-

phone proper is shown in

Fig. 4-39B,

sely with the frequency of the sound
source, permitting the phasing -out of
unwanted sound from all portions of
the spectrum for a maximum front to
back ratio. The transducer consists of
a single moving -coil element. Contained

in the base is a passive equalizer network, which provides a choice of three
variations in the high -frequency response (A) (B) and (C) in Fig. 4-39D,
and a choice of three variations in low frequency response identified as (1) (2)
and (3). A filter network for reduction
of the response above 8000 Hz and be-

low 80 Hz, having a 50 dB per octave
cutofT rate, is also provided. The output
level is minus
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1511.1.01.1111111k
I l lIlIlll

dB re: 1 mw/10
0

357,

0

I.

51

11111

tNtl

437.225A10135*

111-

*O.

0

C) 300 Hs

0

eacioows
cc)10,clico to

Fig. 4-39C. Cross-sectional view of Elec-

tro-Voice Model 668 dynamic cardioid
microphone, with its wind screen.

4-39E. Polar pattern for ElectroVoice Model 668 dynamic cardioid
microphone.
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Fig. 4-40A. Typical preamplifier circuit for a capacitor microphone using o single
vacuum tube.

dynes/cm'. The polar pattern,

Fig.

4-39E, is unaffected by the frequency

response changes.

Referring back to Fig. 4-39C, at (A)
is the microphone. The in -line port may
he seen at (B), and the three sections
of the wind screen at (C) (E) and (F),
held

in place by shock -rings (D). A

cover (G) encloses a group of terminals

for setting the desired frequency response and output impedance. Plate
(11) shows graphically the frequency

(K). The hanger is suspended from a
boom turret -head by a thumbscrew.
4.40

Describe the basic principles of
(condenser) microphone.The head of a capacitor microphone
consists of a small two -plate capacitor,
capacitoro

about 40 to 50 pF in capacitance. One
of the two plates is a stretched diaphragm; the other is a heavy back plate
or center terminal (Fig. 4-41A). The

back plate is insulated from the diaphragm and spaced approximately 0.001

response possible by the plugging -in of
the phone tips sects in Fig. 4-3913. The
whole assembly is supported by rubber

inch from, rind parallel to, the rear surface of the diaphragm. Mathematically,
the output from the head may be cal-

cords (J), held in place by steel rings

culated:

E..

EA'

P = 8dt

where,

P is the pressure in dynes per square_
centimeter,
t

is the diaphragm tension in dynes
per centimeter.

a is the radius of active area of the
d

E.

diaphragm in centimeters,
is the spacing between the back
plate and diaphragm in centimeters,
is

the dc polarizing voltage in

volts.

If referred to a reference level of 1 volt:

dB =

20Log..-

2()Logi.

8

E.adt

Fig. 4-40A is a schematic diagram of
a typical preamplifier used with a capacitor microphone.

Here,

the

back

plate is connected to the control grid of
the tube, and the diaphragm polarized

at 40 Vdc, through a 30k resistor, RI.
Thus a fixed charge accumulates on the
Fig. 4-4013

Altec Model 29B solid-state
microphone system.

diaphragm. As sound waves enter the
head cavity through the side openings,
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the pressure causes minute changes in
the spacing of the two head members,

thereby varying the internal capacitance. The

resulting signal voltage,

which is proportional to the pressure
wave, is applied to the control grid of
the tube, amplified, and passed on

through the output transformer.
It will be observed, the lower end
of the 150-megohm resistor R2 is returned to a position of plus 2.4Vdc
above ground. Also, the cathode is connected to the plus 4 Vdc of the heater
circuit. This makes the control -grid

minus 1.6 Vdc with respect to the cathode. Negative -feedback elements R3 and

CI reduce the distortion, and aid in the
control of the frequency response. In
some capacitor -microphone amplifiers,
the grid resistor R2 is omitted, since the
microphone head is a capacitor, and to
obtain a good low -frequency response
the shunt resistance must be as high as
possible. The source impedance, as seen
by the control grid of the tube, consists
of capacitance and resistance in parallel.
The thermal noise is least when the resistance is the highest. The effective
grid resistance is established by the
tube itself.
A microphone system, manufactured
by Altec-Lansing and illustrated in

Fig. 4-40B, consists of a single diaphragm; the directional (cardioid) head
is of small size and low mass, for good
high frequency and transient response.
The cardioid characteristic is obtained
by controlling the relative phase of the
sound pressure reaching the back side
of the diaphragm. This method provides
the greatest front -to -back discrimination over a wide frequency range.
The microphone head is mounted on
a base containing a field-effect transis-

tor (FET) and the necessary components. The FET converts the extremely
high impedance of the microphone capacitor head to a low impedance suitable for connection to a standard two conductor cable. One conductor of the

to permit it to be inserted at any point
in the microphone line when long cable
runs are being used, thus increasing the
signal-to-noise ratio of the signal in the
cable. Power is supplied by two 4.2 -volt

and three 21 -volt mercury batteries,
with an expected life of about 2500
hours. A meter is provided on the rear
of the power supply case for monitoring

the batteries. The frequency range of
this microphone is 20 to 20,000 Hz, with

output level of minus 53 dB
mw/10 dynes/cm'.
4.41

re:

1

Describe the construction of a

capacitor microphone heaci.-In earlier
types of this microphone (Fig. 4-40A),
the internal capacity of the head varied
from 200 to 400 picofarads, for a diaphragm diameter of 13/4 inches. Present

day capacitor microphone heads have
an internal capacity of 90 to 50 picofarads with a diaphragm diameter of
0.5 inch. The impedance of such a head
is approximately 30 megohms; therefore, it must he operated within a few
inches of the amplifier input. Generally,

the head and amplifier are assembled
as a unit. A cross-sectional view of a
head assembly manufactured by AltecLansing, is shown in Fig. 4-41A. Capac-

itor microphones may be designed to
have ornni, hi, or unidirectional (cardioid) polar characteristics. A capacitor
CAP

90 -NO
I NT RYKE
CKAMPIti

:1717:11:liANIPAQA

allij

NCR

MRER

CO TER T
CACX Pt -VI

WELD MO CASE

4-41A. Cross-sectional view of a
capacitor microphone head used with the
Altec capacitor microphone pictured in
Fig. 4-408.
Fig.

cable carries both signal current and
the direct current for the FET, while
the second provides a microphone polarizing potential of 64 volts. The output from the microphone amplifier is
unbalanced until it joins the power
supply unit which also contains an output transformer.
The power -supply unit is provided
with both male and female cable plugs,

Fig. 4-418. Capacitor head for Neumann
Model U-64 capacitor microphone.
(Courtesy, Gotham Audio Corp.)
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head for the Neumann Model U-64 cacapitor microphone is shown in Fig.
4-41E1. The diaphragm consists of an
extremely thin mylar base, gold plated,
less than 3/4 inch in diameter. Although
the head shown has only a single diaphragm and hack plate, capacitor microphone heads designed for directional
characteristics employ two diaphragms,
with a common polarized hack plate

centered between the two. (See Ques-

improved methods of stretching the
diaphragm. Three common causes of
cavity resonance are given in Fig. 4-44.
In part (a) are shown the effects of diffraction, which result when the reflected component of the sound -wave

incidence upon the surface of the diaphragm causes a standing wave sufficient enough to produce pressure doubling and tripling. Part (b) shows the
phase -difference effect, which is caused
the wavelength of the sound

tion 4.115.)

when

4.42 What is the output level of
capacitor microphone head?-Approximately minus 90 dBm.
4.43 What is pressure doubling in
a capacitor microphone?-It is the re-

wave is comparable to the diameter of
the diaphragm and occurs when the incident wave front strikes the diaphragm
at an angle theta (6) to cause pressure

sult of pressure waves, which are small
in comparison to the diaphragm dimensions, coming to a complete stop at the
face of the diaphragm. Pressure dou-

diaphragm. Part (c) shows cavity resonance caused when the wavelength of
the sound wave is comparable to the
inside dimensions of the diaphragm assembly. This causes an increase in the
sound pressure in proportion to the
ratio of the diaphragm dl to the dimen-

bling in earlier types of microphones
often caused a peak of 4 to 6 dB in the
midrange frequencies. This peak caused

extreme sibilance and high -frequency
distortion. This defect has been eliminated in present day designs by reducing the physical size of the capacitor
head. (See Question 441.)
4.44 Describe the effects of cavity
resonance in a capacitor microphone.-

the older model capacitor micro-

lit

phones, cavity resonance

was quite

common because of the large diaphragm
(about 2 inches), the design of the case,

and the method of stretching the diaphragm. Most of these effects have been

eliminated in modern microphones by
the reduction in size of the diaphragm
to diameters of 3/4 inch or less, and by

variations across the surface of the

sion of the cavity depth d2 (dl/d2).
4.45 What are the general characteristics of a capacitor microphone?-

Capacitor microphones have wide frequency response, low distortion, and
little internal noise. Although the earlier models were omnidirectional, they
may now be obtained with omni, bi, and
unidirectional characteristics. A typical

frequency response for a capacitor microphone,

using

an

omnidirectional

polar pattern is shown in Fig. 4-45.
Capacitor microphones require a pre-

as an integral part of the
housing and a source of polarizing voltage for the head, plus a source of power
amplifier

CLAMPING RING

dl

BOGY

(a)

Diffraction

effect

causing frequency doubling or tripling.

(b)
Phase -differences
caused by pressure differences across the face
of the diaphragm.

Fig. 4-44. Cavity effects

in

(c) Pressure increases
because of the resonance

of the cavity area at certain wavelengths.

front of a capacitor microphone.
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Fig. 4-45. Typical frequency response for a capacitor microphone using a transistor
amplifier. Omidirectionol pattern.

for the amplifier section, which may be
either transistor or vacuum tube. Such
microphones, if operated in a high humidity, may develop noise due to mois-

ture getting into the head, and cause
arcing between the diaphragm

and back

plate; however, in present day microphones, this has been almost completely eliminated. If the device is being
operated in high humidity, the head

should be stored

in

a desiccator jar

The capacitor head is at (A) with a
series of portholes (B) to permit the
sound to enter the rear of the capacitor
head, thus producing a cardioid pattern. The solid-state amplifier (C) consists of an FET, capacitors, resistors,
and an output transformer (D). A
solid -electrolyte polarizer (E) supplies
a permanent polarizing potential of 62
volts to the capacitor head. This polarizing system has a capacity of 15,000

when not in use.

microampere hours, and because of

0.16 Describe a completely selfcontained capacitor microphone.-The
microphone shown in Fig. 4-46A, Model

careful control of leakage, the expected

S-10, manufactured by Syncron Corp.,
is completely self-contained and employs a field-effect transistor (FET),
operated from a 8.4 -volt mercury
battery. Fig. 4-46B shows a cross-sectional view of the internal construction.

life

is around 20 years. At (F)

is a

Type TS -126 8.4 -volt mercury battery
with an expected life of 1000 hours. The
output transformer supplies a balanced

output, with a nominal impedance of
200 ohms.

One of the interesting features of
this microphone is its transient re -

Fig. 4-46A. Synchron Corp. Model S-10 capacitor microphone.

Fig. 4 46B. Cross-sectional view of Syncron Corp. Model S-10 capacitor microphone.
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4-46C. Rise time oscillogroph for
Syncron S-10 capacitor microphone

Fig

sponse, as seen in Fig. 4-46C. The oscilloscope display shown was made
with a shock -wave having a rise time
of 1 microsecond, followed by a small
amount of ringing and overshoot. The
frequency response for three angles of
incidence is shown in Fig. 4-46D, and
the polar pattern appears in Fig. 4-46E
The total harmonic distortion is less
than 0.5 percent for an SPL up to 124
dB The outpnt level is minus 53 dB re:
1 my/10 dynes/cm'. The nominal outpnt
impedance is 200 ohms; however, it is
unaffected by loading from 30 ohms to
infinity.

e7;

Fig. 4-46E. Polar pattern for microphone
shown in Fig. 4-46A.

Fig. 4-48B. Tne microphone consists of
two completely independent but similar
capacitor microphones in a single case,

one above the other (A) and (B). The
upper unit may be rotated to achieve
the MS (midscale) method of stereo-

4.47 What is a unidirectional microphonet-One having a greater sensitivity to sound pickup in one direction
than another. The average unidirectional microphone has a back-to-front
picknp of 20 to 26 dB; that is, it has

phonic recording technique, discovered

by Lauricison, and sometimes termed
the intensity system.
Each microphone system is of the
pressure -gradient type head, employing

26 dB greater sensitivity to sound waves

two diaphragms (A and AA) and (B

approaching from the front than from

and BB), monied on either side of two

characteristics

fixed -polarized electrodes. Each half of

may he obtained by using capacitor,

the system, (A) and (B), can be combined in a different manner, in order to
obtain three different polar patterns:
omnidirectional, cardioid, and bidirectional (figure -8). Below the capacitor
head assembly are two preamplifiers,

the

rear.

Directional

ribbon -velocity design.
Unidirectional microphones are used
extensively for motion picture and television work.
4.48 Describe a dual -type microdynamic,

or

phone for stereophonic recording.-Microphones of the dual type are especially designed for the recording of
stereophonic sound and may be of the
capacitor or ribbon -velocity type. The
first type to be discussed is the Neumann Model SM-2, manufactured in
West Germany by George Neumann,
previously known under the name,

each employing a single AC -701K vacuum tube (C and CC). The second amplifier, not shown, is opposite (C). The

polar pattern of each microphone can
be independently and remotely adjusted for the three polar patterns and
six intermediate patterns by changing
the value of the polarizing voltage. This
permits great flexibility and the variation of the polar patterns for optimum

Telefnnken (Fig. 4-84A). An interior
view of 'ts construction is shown in

results.
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Fig. 4-48A. Neuman Model SM-2 stereophonic microphone in its case. (Courtesy,
Gotham Audio Corp.)

Because of the small diameters of the
microphone capsule (less than k4 inch)
the directional properties arc almost independent of frequency; thus, the rear
rejection ratio does not increase at the
higher frequencies, relative to the mid-

dle or lower frequencies. This permits
the microphone to he used close up in
a more reverberant sound field. The
high frequency rise which is generally

required to compensate for the narrower pickup angle is unnecessary.
The frequency response as measured

in a linear sound field shows only a
small rise at the high frequencies.
The frequency response for the three
polar patterns is shown in Fig 4-48C.

Interior view of Neumann
Model SM-2 stereophonic microphone.
Fig. 4-488.

The two capacitor heads may be seen at
the top. (Courtesy, Gotham Audio Corp./

up to an SPL of 110 d13. The output
impedance may be set for either 50 or
200 ohms, with an effective output level

of minus 43 dBm An external power
supply model NSM supplies the operating voltages for the preamplifiers, and
polarizing voltage for the capacitor
heads. The output transformer is wound
hum -bucking, to eliminate magnetic
fields. The schematic diagram for a
single side is shown in Fig. 4-48D.

Harmonic distortion is less than 0.4 per-

A second dual -type microphone to

cent over the entire frequency range,

be discussed is Model -200 stereophonic
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Fig. 4-48C. Frequency response for Neumann Model SM-2 stereophonic capacitor
microphone, for three polar patterns.
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Fig. 4-480. Schematic circuit for one side of Neuman SM-2 stereophonic
capacitor microphone.

microphone, manufactured by Bang and

Olufsen of Denmark (Fig. 4-48E). The
device consists of two individual monophonic pressure -gradient bidirectional
ribbon -velocity microphones, arranged
one above the other. with provisions for
rotating the upper unit 100 degrees.
The lower section is converted to

lower element. Such a design reduces
phasing problems, since for practical
purposes,

both

microphones

occupy

nearly the same space with respect to
the source of sound pickup. The lower
section includes a three -position switch

(T) for talking, in which the low frequencies arc rolled off at the rate of 3

stereophonic by plugging a second mon-

dB per octave, whereby 125 Hz is minus

ophonic microphone in the top of the

9 dB with respect to 1000 Hz. This is
accomplished by muting the upper section and connecting a small inductance

in parallel with a portion of the output
transformer, making the microphone
suitable for dialogue recording at distances of 8 to 20 inches. The polar pattern appears in Fig. 4-48F, and as can
be observed, is quite constant from 200
to 10.000 Hz. The frequency response
in

music

position

is

shown in

Fig.

4-48G. The output level is minus 60 dB
re: 1 volt/microbar. The output impedance is 150 and 250 ohms.

I

1

i

Bong and Olufsen, Struer
Fig.
Denmark Model 200 stereophonic ribbon
4-48E.

microphone.

Left.

single

monophonic

unit; center, stereophonic; right, stereophonic with
separated.

units
Courtesy, Dynoco Inc.;
upper

and

lower

The moving element of each individual element consists of a dural ribbon,
0.0001 inch in thickness and weighing
1.3 milligrams. The ribbon, because of
its weight, eliminates resonance in the
normal operating frequency range. The
magnetic structure consists of an anisotropic permanent Ticonal-E magnet in
a magnetic circuit having negligible
leakage. To obtain a smooth frequency
response, the microphone must be hung

on a soft suspension rather than on a
stand; otherwise, a rise in frequency
response below 50 Hz may be noted.
In stereophonic recording it is of extreme importance that the electrical
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Fig. 4-48F. Polar pattern for Bang and Olufsen Model 200 stereophonic microphone. (Courtesy, Dynaco Inc.)

outputs from both microphone systems
be in phase.

very light metallic ribbon is suspended
in a strong magnetic field. Pressure

4.49 What is a bidirectional microphone? -A microphone which picks up

waves cause the ribbon to vibrate in

the magnetic field generating a voltage
corresponding to the particle velocity
of the pressure wave. Velocity micro-

at the front and back equally well, with
little or no pickup at the sides. The field
pattern is a figure -8. (See Fig. 4-7, part
c.) Ribbon -velocity microphones have
this characteristic.

phones may be designed to have a wide
frequency range, good sensitivity, low
distortion, and low internal noise. Typical examples are the RCA 77DX and

1.50 What is a ribbon -velocity microphone? -A microphone in which a

the MI -10001-C ribbon -velocity micro -
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Fig. 4-48G. Frequency response for Bong and Olufsen Model 200 stereophonic microphone. (Courtesy, Dynace Inc.)
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Fig. 4-51. Internal const action of a ribbon -velocity microphone.
phones discussed in Questions 4.59 and
4.77 respectively.
4.5f Describe the construction of a
ribbon -velocity microphone.-Referring
to Fig. 4-51, the magnetic structure con-

sists of a horseshoe magnet with extended tapered pole pieces. A ribbon
made of aluminum foil approximately
0.001 inch in thickness and corrugated
throughout its full length for greater
flexibility is suspended between the
pole pieces on insulated supports.
4.52 Why are the pole pieces of a
ribbon microphone tapered?-Because of
the mechanical design, the magnetic
structure acts similar to a baffle at the
sides, obstructing the sound waves in

their travel from the front to the rear
surfaces of the ribbon. When a pressure wave passes, the ribbon is actuated by the variations in pressure and a
voltage is generated by the movement
of the ribbon in the magnetic field. This
voltage is applied to the primary of an
impedance -matching transformer and
then to the input of a preamplifier. The
ribbon in a velocity microphone may
be looked upon as an inductive react-

ance. The higher the frequency, the
higher the reactance of the ribbon. This
causes the ribbon velocity to vary with

frequency; however, the pressure on
the ribbon surfaces will also increase
with frequency and will continue to do
so up to a point where the baffle dimensions equal one quarter the wavelength

of the pressure wave frequency.
The greater the baffle dimensions
(distance from front to rear surfaces
of the ribbon) the greater will be the
pressure; hence, a greater output results at the lower frequencies. At the

higher frequencies the baffle affects the
frequency response by reducing the
output as the wavelengths of the pressure wave approach the baffle dimen-

sions. When this situation occurs, the
pressure is at a minimum for both surfaces of the ribbon. Holes are provided
in the upper section of the magnetic
pole

pieces

to

reduce the length of

travel for the higher frequencies. M a
result, a greater output is obtained at
the higher frequencies with a smoothing out of the frequency response.
When sounds originate at the side

of the microphone in the same plane
with the ribbon, a cancellation effect
will take place, since the pressure on
both the front and rear surfaces of the
ribbon is equal. This cancellation action
causes the field pattern to take the
form of a figure -8, as shown in Fig. 4-7,

part (c).
4.53 What is the impedance of the
ribbon in a ribbon -velocity microphone?

--Approximately 0.10 ohm, a value almost equivalent to its dc resistance. An
impedance -matching transformer brings
this low impedance up to the line
impedance.
4.54 What is the resonant frequency

of the ribbon in a ribbon -velocity micro-

phone?-The ribbon is generally tuned
so that the resonant frequency falls between 30 and 40 Hz. For microphones
with a higher cutoff frequency, the
resonant frequency is generally made
higher.
4.55

What is a voice filter used
with a ribbon -velocity microphone?-A
small reactor connected in parallel with
the output of the microphone to reduce
the low -frequency response for speech.
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Fig. 4-56A. A typical frequency response for a bidirectional ribbon velocity microphone.

At frequencies above 200 Hz, the reactor

has little or no effect. Below this frequency, the response is slowly tapered
off to the point where 40 Hz is attenuated 7.5 dB with respect to 1000 Hz.
This is shown graphically in Fig. 4-56A.

When recording music, the reactor is
not nsed. Connections for the voice
filter are shown in Fig. 4-51.
4.56

Show the frequency response
a bidirectional,
ribbon -velocity microphone.-The fre-

and polar pattern for
quency

response for a typical bidirec-

tional

ribbon -velocity microphone is
shown in Fig. 4-56A, with and without

a voice filter. The polar pattern is
shown in Fig. 4-5613. It will be noted
that the response at 90 degrees is zero.
This is caused by the pole -piece construction as described in Question 4.52.
4.57 Show the relationship of fre-

quency to distance of a sound source for
bidirectional ribbon -velocity micro-

a

phone. --As the distance

between the

sound source and the microphone is de -

Fig. 4-56B. Polar pattern showing the bidirectional characteristics, of a typical
ribbon-veloci y microphone.

O
NCRFASE Ia FREOlENC"' [N

Fig. 4-57. Typical relationship of microphone diston r to frequency response for
ribbon -velocity bidirectional microphone.
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creased,

the

low -frequency

response

will rise, as shown iu Fig. 4-57. If the
microphone is being used for dialogue
pickup, the low -frequency response
below 200 Hz must be rolled off, other-

wise the reproduction at the low end
will be excessive and tubby. The rolloff
may be accomplished by the use of a
voice filter, generally installed as an integral part of the microphone, or by the
use of one of several dialogue equalizers discussed in Section 6.
Ribbon -velocity microphones should
not be used closer than 4 feet from the
sound source without a low -frequency

rolloff. With the rolloff they may be
used to within a few inches of the
sound source. The increase in low -frequency response is characteristic of this
type microphone. Ribbon -velocity microphones employing a directional
characteristic give considerably less increase at

the low frequencies for

a

given distance from the sound source,
as illustrated in Fig. 4-57. This effect is
referred to as the proximity effect.
4.58 What type microphones arc
generally used for motion -picture and

television recordingl-Capacitor or dynamic or ribbon -velocity microphones
may be used if they provide a directional pattern and are suitable for boom
operation. Typical types are the Altec-

Fig. 4-59A. RCA MI -10001C unidirectional

ribbon -velocity

microphone

for

motion picture and television use.

Lansing M-30 system nd the 689BX,
Electro-Voice 642 and 6691, and RCA

not limited to
the above microphones, but they do
represent typical microphones develMI -11010-A. Choice

is

oped for these express purposes.
4.59 Describe the construction of a
microribbon -velocity
unidirectional

to the movement of the ribbon cutting
the magnetic field of force is the electrical equivalent of the velocity of the

air particles. An acoustical labyrinth
in the cylindrical section below the
magnetic structure is filled with hair -

phone.-A typical example of a unidirectional cardioid microphone designed

for motion picture and television production recording, and broadcasting, is
the RCA MI -10001C, shown in Fig. 459A, with its boom -suspension mechanism. The internal magnetic structure is

similar to that of the bidirectional ribbon -velocity type, discussed in Question

4.51, with the exception of the added
mechanism for obtaining the directional
characteristics (Fig. 4-59B). The mov-

ing element is a single extremely light
corrugated dural ribbon, suspended in
an air gap, between the poles of a very
highly charged permanent magnet (A).
Thus, the ribbon can vibrate freely with

the motion of the air particles of the
sound wave. The voltage generated due

Fig.

4-596. Interior view of RCA MI 10001C microphone.
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Fig. 4-59C. Horizontal polar pattern for
RCA MI -10001C ribbon -velocity unidirectional microphone -200 to 800 Hz.

Fig. 4-59D. Horizontal polar pattern for
RCA MI -10001C ribbon -velocity unidirectionol microphone -1000 to 8000 Hr.

felt and terminates at the rear of the

phones have a quite uniform frequency
response for sound incidence at the zero
axis (front of microphone), with output

magnetic air gap by a tubular connector (C). The tubular connector is sealed
to the rear of the air -gap, and contains
a small silk covered opening, facing toward the ribbon (see Fig. 4-65). The
area of the opening as of suitable dimensions to provide a cardioid or unidirectional polar pattern.
The ribbon and magnetic assembly
are enclosed in a circular silk -lined
grill, to provide protection to the mechanism and prevent metallic dust particles from entering the air gap. The
hemispherical shell (B) also contains
impedance -matching

decreasing as the angle of the sound
source with zero axis increases The
pickup angle s approximately plus or
minus 50 degrees from the zero axis,
with less than 1 -dB difference in the
output level, and approximately plus or

minus 90 degrees before the output
level decreases 6 dB over the frequency

range normally employed. The broad
angle of relativity equalizes the re-

sponse, thereby reducing and simplify-

ing "panning the microphone, where
two or more persons are concerned. The

transformer,
with taps at 30. 150, and 250 ohms. The

polar patterns in Fig. 4-59C and Fig.

output signal is taken through a stan-

4-59L)

an

dard 3 -pin male connector. Such micro -

are based on a plane -wave sound
incidence. Referring to the plot in Fig.
1000 HI
8000 to

0

MO'

ieer*
vERTICAL

VERTICAL

4-59E. Vertical polar pattern for
RCA MI -10001C ribbon -velocity unidiFig.

rectional microphone -200 to 800 Hz.

4.59F. Vertical polar pattern for
RCA MI -10001C ribbon -velocity unidirectional microphone -1000 to 8000 Hz.
Fig.
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Fig. 4-59G. Frequency response of the RCA MI -10001C unidirectional microphone.

4-59C, cancellation for a plane wave at
the rear is such that the cancellation is
20 dB or more at 180 degrees incident
angle over a broad band of frequencies.

just outside the camera angle. The zero -

As the distance between the micro-

facing unwanted sound sources, such as
noises from camera, lights. traffic, and
reflections from hard walls of a set. Referring to Fig 4-59G. again the response
changes as the angle of incident sound

phone and sound source is decreased
and the wavefront becomes increasingly

curved, cancellation at the lower frequencies is reduced.
A loss of directional characteristic at

the lower frequencies and short distances is such that the output level at
a distance of 1 foot from the sound
source is very nearly the same at the
back and the front. As an example, the
80 -Hz output is approximately plus 1 5
dB at 180 -degree incident angle, re to
zero dB at 1000 -Hz for a zero -degree
incident wavefront at one -foot distance.

degree axis (perpendicular to the front

of the ribbon) should be directed toward the sound source, with the back

varies from zero to 45 degrees, and as
the distance between the sound source
and

microphone

is

decreased

(ap-

proaching the minimum of 3 feet), the
lower frequencies are accentuated. Vertical polar patterns arc shown in Fig.
4-59E and Fig. 4-59F for frequencies
ranging between 200 and 800 Hz. Sensi-

tivity to extraneous magnetic fields is
quite low. For an exciting field of 0.001

The 80 -Hz zero axis output is accentuated approximately plus 3 dB, due to
the low frequency tip -up characteristic
of a velocity microphone.

It can be observed from Fig. 4-59G
that the frequency response is relatively
uniform over a range of 50 to 10,000 Hz.
However, when the microphone is operated close to the sound source, the

response will exhibit to a certain extent the low -frequency accentuation of

4

a velocity microphone, although to n
lesser degree than the conventional bidirectional ribbon microphone discussed
in Questions 4.51 and 4.56. Under nor-

mal conditions the microphone under
discussion should not be worked closer
than 3 feet from the sound source. and
preferably 4 feet, as shown in the
curves of Fig. 4-59H.
As a rule, the RCA MI-1000IC microphone is suspended at an angle of 45 degrees to the floor, with the microphone

rwE .:ENCY N wr

Fig. 4-5911. Relationship of microphone
distance to frequency response for ribbon -velocity, unidirectional microphone.
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gauss, the output level is minus 128
dBm. The signal output at 1000 Hz for
a pressure of 10 dynes/cm' at the ribbon
is minus 49 dB, using the 30 -ohm output impedance.
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ing at 800 Hz to where it is down 8 to
12 dB at 100 Hz. This is the standard
dialogue characteristic used by most
motion picture studios. (See Questions

Since random energy response of a
unidirectional or cardioid microphone is

2.109, 6.80, and 18.81.)
4.60 Describe an early model unidirectional microphone.-One of the

one-third that of a nondirectional mi-

original unidirectional microphones de-

crophone, for the same permissible reverberation it may be used 1.7 times the
distance of a nondirectional microphone, for a given set of conditions The
characteristics discussed were obtained

veloped for motion picture sound re-

operating the microphone into a preamplifier, using an unterminated input
transformer. (Sec Questions 4.76 and
12.170.)

cording was the Western Electric RA 1142A. The magnetic structure of this
microphone was quite similar to the
639A microphone used for broadcasting
work. However, certain modifications
were necessary to meet the require-

ments for sound recording and boom
operation. The perforated metal case

The hanger mechanism is designed

was added to improve the high fre-

for boom operation. The housing is
clamped by two rings, supported by

quency response and a boom hanger

heavy rubber bands from a larger ring
supported by the hanger arms, and

the magnetic structure Although this

hung from a boom turret -head by a

years, its design is still of interest. The

single wing nut. Although the grill with
the silk covering acts somewhat as a
wind screen, it is not satisfactory for
outside work if the wind is blowing
more than 7 miles per hour. A large ball

frequency response is given in Fig.
4-60B. (See Question 4.66.)
4.61 Describe the construction of a
unidirectional microphone using two dy-

type wind screen that slips over the

model D-202es unidirectional microphone, manufactured by AKG G.M.B.H.

outside is generally employed.
As the distortion is quite low for this

type microphone, it may be used for
either dialogue or music recording. For
dialogue, the low end is rolled off start-

added with a shock mounting to protect
microphone has been obsolete for many

namic units.-The construction of the
of Vienna, Austria. is shown in Fig.
4-61A. It employs two independent dynamic -unit (moving -coil) microphones,
placed one above the other in a single

Fig. 4-60A. Interior view of an early (1935) Western Electric RA -1142A unidirect.onal microphone for motion -picture sound recording. Now obsolete, but it is still of
his toricol interest.
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Western Electric RA -1 1 42A unidirectional
microphone.

of

housing, and connected electrically by
a phase -correcting, dividing network.

The frequency response of each dynamic unit is adjusted for optimum response at the low and high frequencies,
crossing over at 500 Hz.
Referring to the cross-sectional view

of the interior in Fig. 4-61B, at (A) is
shown the high -frequency unit, employing a domed diaphragm (B) with
a compensating coil (C) for eliminating
the effect of extraneous magnetic fields.
The high -frequency unit is mounted
above the low -frequency unit by

mounting plate (G). The domed diaphragm and its moving coil may be seen

at (D), its magnets at (E), supported
on shock mounts (F) and (H). A mass

frequency response at 50 Hz to be rolled

off continuously to minus 20 dB, with
reference to 1000 Hz. Item (N) is a
standard 3 -pin male connector. The upper end of the microphone housing (P)
is covered with a sintered bronze cap

(R) attached by a mounting ring (Q).
The frequency response is 30 to 15,000

Hz plus or minus 2 dB. with an output
level of minus 53 dB re 0.2mvimicrobar. The output impedance of 200 ohms
is practically independent of frequency.

The polar pattern is cardioid with a
front -to -back ratio of 20 dB minimum
over the entire frequency range. The
off -axis response (90 degrees) is parallel with the on -axis (zero degrees)
front curve. The microphone is designed

tube (I) projects into the low frequency
microphone unit and connects with a

for either boom or stand operation.

smoothing

communicating

used for recording stereophonic sound.-

with the outside sound field by means
of a series of slotted openings (0), cov-

The so-called classical method of re-

ered with a damping material to the

called the AB or XY method) involves

lower end of housing (1'). Because of
the long sound-hypass distance (ap-

the

chamber

1.62

Describe

the

basic

methods

cording stereophonic sound (sometimes

use of two bidirectional micro-

phones with identical characteristics

proximately 51/2 inches) afforded by the

mass tube and the subdividing of the
frequency response between the high and low -frequency units, it is possible
to achieve a reduction on the distance
effect or change in frequency response
as a function of distance to the sound
source.

The high -frequency diaphragm has
a diameter of approximately 3/4 inch and
a sound bypass of 1/2 inch. A phase -cor-

recting network, consisting of an RC
network combined with an LC network,

corrects the phase and frequency response at the higher frequencies. At (J)

is a central screw for holding the assembly together, at (K) the crossover
network, (L) an off -on switch, and at
(M) a low -frequency attenuation
switch and control that permits the low -

4-61A. Unidirectional microphone
Modcl D-200es manufactured by AKG
Fig.

G.M.B.H,

Vienna,

Austria.
Sonocraft Corp.)

(Courtesy,
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as were the microphones, to avoid differences in the distance from the sound
source to the microphones. This may be
accomplished in two different manners.
The first method is by placing two microphones of similar electrical characteristics on a support as shown in Fig.
4-26B, suggested by Madsen, 12 to 20
inches apart, separated by a small baffle
or sphere, thus creating a dummy head
to enhance the left -to -right impres-

sions. The use of the dummy head or
bailie causes laterally displaced sound
sources to be shadowed, resulting in a
more uniform sound reproduction. The
baffle has the effect of reducing the
crowding of the sound source. Diffraction of the sound around the dummy
head or baffle causes attenuation of the

high frequencies on the far side The
resulting field pattern is shown in Fig.
4-62C.

The

second

method

requires

the

mounting of the two microphones by a
support, as shown in Fig. 4-62D Here
two capacitor -type microphones are
placed one above the other as suggested

by Lauridsen. The microphones must
have similar electrical characteristics
and their physical size must be small

enough that they do not distort the
sound field when they are placed in

Fig. 4-61 8 Cut -away view of unidirectional microphone Model D20 2.es manufactured by AKG, G.M.B.H. Vienna, Aus

trio. (Courtesy, Sonocraft Corp.)

Thr microphones are placed side by
side, spaced 12 to 48 inches apart, the
exact distance depending on the desired
working angle, relative to the source of
sound. The microphones are connected
as given in Fig. 4-62A. If additional vocal or solo microphones are required,
they should consist

of

pairs

placed

fairly close together. An additional control (PS) is connected across the output
from the vocal or solo microphones to
provide a leakage path (or reducing the
effects of movement by the vocalist and

the possibility of apparent movement
when reproduced from one loudspeaker
to the other.

For the listener to locate the sound
source from the two loudspeakers, the
speakers must be in the same position

close proximity. They are rotated to a
position where each microphone picks
up the sound from half the studio.
The German (MS) method, also developed by Lauridsen. eliminates many

of the drawbacks to the intensity system developed above. In the MS method
(midside stereophony), one cardioid
microphone supplies a complete pickup.

similar to a single microphone pickup
for monophonic recording The second
microphone having a bidirectional polar
pattern is placed either above or below

the cardioid and rotated to where its
null point (x) meets the axis in the
polar pattern of the cardioid microphone (Fig. 4-62E). Referring to Fig.
4-62F. if the output from the two microphones (A) and (B) in Fig. 4-62E
are interconnected by means of differential transformers (5) and (M) to
form an (A 4- B) and an (A - B) signal, two channels will result. In each
channel one half the pickup area is
preferentially received, relying on the
fact the two principal axes of the pressure gradient microphone correspond
to voltages of opposite polarity. Again
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Fig. 4.62A. Classical two -channel method of recording stereophonic sound.

referring to Fig. 4-62E. and assuming
the instantaneous value of the sound
from the left microphone produces an
instantaneous positive voltage (B) in
the bidirectional microphone, the sound
source on the central axis (M) will rise

to the voltage (A) in only the cardioid
ACOUSTIC BARRIER

they correspond to the apparent direc-

tion. The size of the angle (Al + A2)
may he varied by changing the relative
gain of the microphone channels. Experience indicates that sound sources

lying outside angle (Al + A2) will be
more centralized, because the output
from the bidirectional microphone predominates, causing the loudspeakers to

he driven in opposite phase, resulting
in a loss of direction to persons listening in a central position. This indicates
that an individual microphone is necessary for a vocalist.

LIFT -

The advantages gained by the use of

the MS method lie in the fact that one
channel, namely the midchannel, pro-

NICROPNONE

duces

a

satisfactory

single

channel

transmission; thus, the recording may
Fig.

4-62B.

be reproduced stereophonically or monophonically. To satisfactorily record
Stereophonic

microphone

placement using two ribbon -velocity bidirectional microphones set at an angle

of 4Sdegrecs each side of zero. (After
Madsen.)

stereophonically using the MS method
requires dual microphones (see Ques-

or two individual microphones placed as near as possible to
the same position (Fig. 4-62D). Dual tion 4.48)

type microphones, when added for vocal

microphone, thus creating a central impression. Sound sources making angle

(Al) with the central axis, give rise to
a voltage (A + B)
at the left loudspeaker, and (A - B) at the right loudspeaker. In a condition where (A = B)
only the left loudspeaker is operative,
and to the listener, the source is from
the left. For sound sources at angle
(A2) the sound appears to be com-

ing from the right loudspeaker. For
smaller angles in the recording studio,

or solo position, may be connected as
shown in Fig. 4-6211.
The British E.M.I. system employs
two bidirectional ribbon microphones
(figure -8 pattern) placed at a 45 -degree

angle to the source of sound The field
patterns of the two bidirectional microphones create a pattern similar to a
four-leaf clover (Fig. 4-62G). Since
both microphones have equal sound
pickup in the designated areas, Al and
A2, they may be connected in or out of
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Fig. 4-62C. Polar pattern for two bidirectional ribbon -velocity microphones using an
acoustic barrier between the microphones. Each microphone is turned 45 degrees
from the zero point. :After Modsen.;
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Fig.

4-62E. Polar pattern for o micro-

phone combination using cardioid and
bidirectional microphones.

[AFL!

Fig. 4-62D. Two cardioid capacitor microphones mounted vertically head -to head for
phonic recording.
phase to produce a given signal at the
cutting -head coils.
Connecting the output of the microphones in phase produces a lateral sig-

nal component equivalent to the (M)
component in the German MS system
(Fig. 4-62E). If the outputs are con-

signals of random differences, the resulting signal at the cutting head is a
complex one, a combination of both
lateral and vertical motion.
In the United States and Europe,
many variations of the methods of
sound pickup described above as used
in combination with the 45/45 degree
system of disc recording developed by
Davis and Frayne of the Westrex Corp.,

(USA). Reproducing characteristic in
the United States is that standardized
by the Record Industry Association of
America (RIAA). Fig. 13-95 As a rule.
each recording activity develops a sys-

nected out of phase, the resulting field

tem

pattern is that of the (S) or vertical

method of operation which is peculiar

component of the German system. For

to itself.

of

microphone

placement

and
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Fig.

4-62F.

Differential

transformers

connected at the output of two microphones to obtain sum and difference
voltages for MS stereophonic recording.
4.63 How does the transient response of a dynamic microphone compare

Fig. 4-62G. Microphone placement and
field pattern for British E.M.I. method
of recording stereophonic sound.

to a capacitor microphone?-The transient responses of a dynamic and ca-

4.64 Show the methods used for
grounding microphones and microphone
cables.-The grounding of microphones

pacitor

and tbeir interconnecting cables is of

microphone

arc

compared

since any hum

graphically in Fig. 4-63. It can be observed that the capacitor microphone
has a much faster rise time than the

extreme importance,

dynamic microphone. The dynamic mi-

audio signal. Professional systems gen-

crophone has a longer rise time because
of the diaphragm and the inductance of

the moving coil. Although the capacitor
microphone appears to have better
transient response, in both instances the
rise time amounts to microseconds; the
capacitor rising from 10 percent of its
rise time to 90 percent in approximately
15 microseconds, while the rise time for
the dynamic microphone is on the order
of 40 microseconds. The measurement of
rise time is discussed in Question 22.74.

frequencies or noise picked up by the
cables will be amplified along with the

bw
CAPACITOR

DYNAMIC

Fig.

4-63. Transient time of capacitor

microphone compared to that of a dynamic microphone.
PRE AVP

DUAL
MICROPHCAIE

(;)

CAJAZATTO

p4

Fig. 4-62H. Mixing circuit for two dual -type microphones when added for vocal or
solo positions.
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Fig. 4-64A. Grounding method for 3 -conductor microphone cables. The physical
ground connection is made at the amplifier or miser console.
itaPt. 5L5
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Fig. 4-64B. Grounding method used for 3 -connector microphone cables using pin plugs. The physical ground is connected at the amplifier end only.

erally use the method shown in Fig.

again the physical ground is connected

4-64A. Here the signal is passed through

only at the preamplifier chassis. Pin

a three -conductor cable to the input

counts are also discussed in Questions

transformer of a preamplifier. It should
be observed, that the cable shield is
connected to conductor and pin number
1, arid the audio signal is carried by
conductors and pins 2 and 3. The actual
physical ground is connected at the preamplifier chassis, and carried to the microphone case over conductor number

24.42 and 24.100.

1. In no instance is a second ground
ever connected to the far end of the
cable, as to do this will cause the flow
of ground currents between two points
of grounding. The grounding of electronic circuits and their associated
equipment is discussed in Section 24.
In the making up of microphone cables, precautions must be taken to establish a color code and follow it
through all cables. The pin count shown
is that used by RCA. The plus or minus

side of the audio signal (hot side)

is

connected to pin number 2.
In systems designed for semiprofessional and home use, the method in Fig.
4-64B Is used. It will be noted that one
side of the audio signal is carried over
the cable shield to a piu-type connector.
The bodies of both the male and female
connector arc grounded, the female to
the amplifier case and the male to the
cable shield. The microphone end is
connected an a similar manner; here

4.65 Describe how a cardioid polar
pattern is obtained with a ribbon -velocity
microphone. - The basic principles of

securing a directional patteru with a
ribbon -velocity microphone are shown

in Fig. 4-65. The dural ribbon is suspended in a strong magnetic field, as
described for the ribbon -velocity microphone in Questions 4.51 and 4.52. The
ribbon is anchored at its mechanical

center and grounded to the case. This
effectively divides the ribbon into two
separate parts. Directly behind the upper ribbon is a metal tube which connects to an acoustical labyrinth located
in the base of the microphone case. The

labyrinth is filled with hair felt and dissipates sound waves traveling down the

pipe in the form of heat. With this type
construction, the upper portion of the
microphone becomes a pressure -oper-

ated device, while the lower section
operates as a normal ribbon -velocity
microphone. The overall device now
becomes a combination of a pressure
and a velocity microphone. The extreme

ends of the ribbon are connected to a
transformer.

Pressure waves striking the front of
the ribbons cause voltages, which are in

series and in

phase,

to be generated
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Fig. 4.65. Basic principles of operation of a unidirectional ribbon velocity microphone.

simultaneously in both the upper and

duce a cardioid polar pattern. The out-

lower

put impedance is approximately 35
ohms and is operated into a 30- to 50 -

ribbon sections.

Hence,

these

voltages are additive. However, pressure waves, either reflected or direct,
which strike the ribbons from the rear
will have little effect, since they generate voltages which are in series, but
out of phase. Furthennore, it is difficult
for waves approaching from the rear to

ohm input. The output level is minus
52 dB. re: 10 dynes/cm".

strike the upper ribbon, due by the
mechanical interference offered by the
pipe connecting to the acoustical labyrinth below. Thus, the effect of waves
approaching from the rear is minimized,
since the waves are able to actuate only
the lower half of the ribbon and have
little or no effect on the voltages gen-

erated by waves striking the front of
the ribbous. (See Question 4.59.)
4.66 Describe the construction of a
directional microphone employing both a

ribbon -velocity and pressure unit.-Microphones of this design (Fig. 4-66A)
make use of both a pressure and ribbon -velocity unit to obtain a cardioid
omidirectional or bidirectional polar
patterns_ The output voltages from the
two microphones are used independently, or combined in various propor-

tions to obtain a variety of polar patterns. Six different patterns are available by means of a switch at the rear
of the microphone housing. The pressure uuit is a moving -coil dynamic unit
microphone, similar to the Altec-Lansing 633a/c, described in Question 4.30,
and when used alone, has an omnidirectional polar pattern_ The ribbon velocity section has a bidirectional pattern. Combining the output voltages of
these two units results in the phasing
of the voltages in such a manner to pro-

Fig. 4-66A. Alter -Lansing Model 6398
microphone. Si: different field patterns
are made available by means of a switch
at

4.67

the rear of the housing.

Show the frequency response

and angle of incidence for the microphone discussed in Question 4.66.-Both

the frequency response and field patterns for this microphone are shown in
Fig. 4-67. The single letter at the top of
each characteristic may be interpreted
as follows: R -ribbon, D -dynamic, Ccardioid. Numbers 1, 2, and 3 are variations of C.
4.68 What is a polydirectional mic-

rophonel-A microphone in which the
polar pattern may be changed from
omnidirectional to a bidirectional, a
cardioid, or a combination of the three.
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two oscillatory circuits are excited and
tuned to the exact same frequency of
3.7 MHz. The output voltage from these
circuits is rectified by a phase -bridge

GLASS

rELOPE

C_

POST-

detector circuit, which operates over
a large linear modulation range with

NANO:IA(3M-

very
MOVAOLL

ELEMENT

250Y

Fig. 4-69. The RCA type 5734 mechanoelectronic transducer. This device is a
vacuum -tube type microphone.
Such a microphone
Question 4.77.

is

discussed in

4.69 What is an electronic microphonet-A microphone constructed in
much the same manner as a vacuum
tube. One of the internal elements is
connected to an external diaphragm.
Pressure waves striking the diaphragm
move the internal element causing it to
be

displaced.

This

action

causes

a

change in plate current proportional to
the diaphragm displacement. The output voltage is amplified in the usual
manner. Since the device is pressure
operated, its field pattern is circular. A
drawing of its construction is shown in Fig. 4-69. It is
sometimes referred to as a mechanoelectronic microphone. It was developed
by RCA but is not used commercially.
1.70 What is a frequency -modulated
microphone?-A capacitor microphone
which is connected to a radio -frequency
oscillator. Pressure waves striking the
diaphragm cause variations in the cacross-sectional

small

tected by the phase curve of the oscil-

lator circuit, and an audio frequency
voltage is developed at the output of
the bridge circuit. The microphone. head diaphragm is of metal to guarantee
a large constant capacitance. An automatic frequency control (ate) with a
large range of operation is provided by
means of capacitance diodes to preclude

any influence caused by aging or temperature changes on the frequency determining elements, which might
throw the circuitry out of balance.
The internal output resistance is 200
ohms, fed directly from the bridge circuit through two capacitors and delivering an output level of minus 51 to 49
Pqa:POPHDNE

FIEVSLE_

., ft

frequency -modulates the oscillator. The

Describe

a

41

is

passed to a discriminator and amplified
in the usual manner.
1.71

voltages

impinges on the surface of the diaphragm of the microphone head, the
vibrations of the diaphragm are de-

pacity of the microphone head, which

output of the modulated oscillator

radio -frequency

from the oscillator. The amplitude and
polarity of the ontput voltage from the
bridge depends on the phase angle between the two high -frequency voltages.
The microphone capsule (head) acts
as a variable capacitance in one of the
oscillator circuits. When a sound wave

BATTERY

capacitor micro-

phone using a radio frequency oscilla-

tor-Capacitor microphones using

a

radio -frequency oscillator are not entirely new to the recording profession,
but since the advent of the transistor

OUTPUT
PLUS

improvement has been
achieved in design and characteristics.

considerable

An interesting microphone of this design is the Schoeps Model CMT26U
(Fig. 4-7IA) manufactured in West
Germany by Schall-Technik. and named
after Dr. Carl Schoeps. the designer.

The basic circuitry is shown in Fig.
4-71B. By means of a single transistor,

4-71A. Schoeps !West Germany)
Model CMT26U radio -frequency capaciFig.

tor microphone, with 8102 battery supply unit. ; Courtesy, International Electroocoustics Inc.)

180

THE AUDIO CYCLOPEDIA

dB (depending on the polar pattern
used), into a 200 -ohm load for an SPL
of 10 dynesicm'. The signal-to-noise

ratio and the distortion are independent

from 30 to 200 ohms. The manufacturer
suggests that no output transformer be
used; however, this will be determined

of the load because of the bridge cir-

by the mixer input circuits employed.
The audio signal and a de operating

cuit; therefore, the microphone may be
operated into load impedances ranging

potential of 8.5 volts are carried over a
two conductor cable; the battery volt ,4

OSOLLATOR

- 9VDC

CAPSULE

o2

4

PRASE
DEMODULATOR

AIODUL ATC4
OUTPUT

01

II

3

NM.

114
CAPACITOR
CAME

9VDC

Fig.

4-718. Basic circuit for the Schoeps radio -frequency capacitor microphones,
series CMT.

1000MATION
OUTPUT

9 VOLTS
1

Fig. 4-71C. Schematic circuit for Schoeps battery supply unit 8102.

MODULATOR
OUTPUT

Fig. 4-71D. Network for operating a series CMT microphone from an available power

supply, either 12 or 24 volts dc.
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Fig. 4-71E. Cardioid frequency response and polar pattern for Schoeps Model

CMT26U capacitor microphone.
age is

fed across the center point of

the output circuit and the cable shield.
The center or neutral point is created
by the two resistors across the output
of the microphone bridge circuit, and
the two resistors on the input side of
the battery unit (Fig. 4-71C).
The advantage of supplyiug the operating voltage in this manner is that

since the modulation voltage is not
superimposed on the supply voltage,

the crosstalk damping

is around 100
dB, even when operating several micro-

phones from the same supply source.
The internal noise voltage when terminated in 1000 ohms ranges from 0.30 to
0.44 microvolt, depending on the polar
pattern used. lium pickup is negligible
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F q. 4-71F. Bidirectional frequency response and polar pattern for Schorr.), Model
CMT26U capacitor microphone.
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Fig. 4-71G. Omnidirectional frequency response and polar pattern fo Schoeps Model
CMT26U capacitor microphone.

because interference superimposed on
the supply voltage does not directly
reach the modulation. The phase of the

output voltage may be reversed without modification to the power -supply
source A resistive network for supplying the operating voltage from an exist-

ing power supply

is

shown

in

Fig.

4-71D. Frequency response and polar
patterns for three methods of operation
arc shown in Figs. 4-71E, F, and G.
A second microphone of the capacitor

Fig. 4-71 H. Microphone head for rt type
microphone used as a lapel microphone.
ORA10.01

type, developed by Stephens, utilizes
the advantages of the capacitor microphone in a circuit that does not require
the use of a preamplifier at the capacitor head, as it differs in the manner in
which the minute changes of capac-

ar

111 WI

rrr

ava

Fig. 4-711. Scitgoistie diagram for capacitor microphone oscillator -demodulator unit.
After Stephens.)

MICROPHONES

183

0- YEW YCL E
CRYSTAL
CONTROLLED
OSCLLATOR

Fig. 4-71 K. Basic circuitry for Sennheiser capacitor microphone Model 404 employing on rf oscillator.
itance arc used. No polarizing voltage is
required. as in the conventional capacitance microphone. The head assembly.

Fig 4-71H, contains a resonant circuit
link -coupled by a coaxial cable to a
crystal -controlled oscillator. Tuning of
the circuit to a frequency that is approximately that of the crystal oscillator is provided by the capacitance of
the head (Fig. 4-711). Sound waves at
the diaphragm cause small changes in
the head capacitance and shift the frequency of the oscillator either above or

Fig. 4-71.1. External appearance of Sennheiser Models MKH404 and MKH405 capacitor microphones having cardioid directional characteristics.

below the nominal operating frequency.
A demodulator (detector) converts the
rf changes into audio frequencies, which
are amplified in the usual manner. Typical operating frequencies for the crystal are: 8.6 kHz and 8.725 kHz. The
cable length between the capacitor head

Fig. 4-71L. Basic circuitry for Sennheiser capacitor microphones Model 405 and 805.
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Fig. 4-7 M. Freguen y response and manu acturing tolerance for Sennheiser Model
NKH405 capacitor microphone.

is of lower impedance, since the effect
of a small change in capacitance at rf
frequencies is considerably greater than
at audio frequencies. Instead of the capacitor head being subjected to a high
dc polarizing potential, the head in this
microphone is subjected to an rf voltage of only a few volts.
Since the preamplifier and crystal controlled oscillator are of transistor

0.4
Oie

0;9

0

design, they are assembled in an integral unit. An external power supply

Fig. 4.17N Field pattern for Sennheiser
Model MKH40 5 capacitor microphone.

of 12 Vdc is required. The circuitry for
a Model MKH404 microphone is shown

30.

i0

830'

in Fig. 4-71K, with the circuitry for a
and the oscillator is quite critical, and
is cut in lengths of 37.5 inches. The
oscillator -modulator may be placed up
to 400 feet from the capacitor head.
A capacitor microphone of somewhat
different design, manufactured by Senn-

heiser of West Germany and also employing a crystal -controlled oscillator,
is shown in Fig. 4-71J. In the conventional capacitor microphone (without
oscillator) the input impedance of the
preamplifier is on the order of 100
megohms; therefore, it is necessary to

place the capacitor head and preamplifier in close proximity. In the Senn -

!wiser microphone, the capacitive element (head) used with the rf circuitry

rec
OUTPUT

AU00

loon

Model MKH40.5 shown in Fig. 4-71L.

Referring to Fig. 4-71K, the output
voltage of the 10 -MHz oscillator is periodically switched by diodes Dl and D2
to capacitor C. The switching phase is
shifted 90 degrees from that of the

oscillator by means of loose coupling,
and aligning the resonance of the microphone circuit M under a no -sound
condition As a result, the voltage across
capacitor C is zero. When a sound impinges on the diaphragm, the switching
phase changes proportional to the sound
pressure, and a corresponding audio
voltage appears across capacitor C. The
output of the switching diodes is dionfeon
MeROPmONE
OUTPUT

150 -0.0A

on

/OR OPE ATER)

OU TPu T

TIPEOAKIE -MATCr+

won

TRANSFORMER

son
4-71P. Impedance -matching transformer connected in the output of a miFig.

4.710. Duplesing the operating
voltage for a microphone over on audio
Fig.

line

crophone,

with the operating

voltage

duplesed over the audio line.

MICROPHONES

IBS

WOO

mon

Fig. 4-71Q. Al
ing current power supply for sis capacitor microphones. The de
operating voltages ore duplesed over the audio lines. The schematic diagram shown
is for the Sennheiser Model MZN-6 power supply.
rectly connected to the transistor amplifier stage, whose gain is limited

to 12 dB by the use of negative feedback.

To eliminate the effects of rf oscil-

in the output circuit to prevent rf interference and also to prevent external rf
fields from being induced into the microphone circuitry. Shown in Fig. 4-71M
is the frequency response, with manu-

lator noise, the oscillator circuit is crys-

facturing

tal controlled. Noise in an oscillatory

dashed

circuit is inversely proportional to the
"Q" of the circuit, and because of the
high "Q" of the crystal and of its stability, compensating circuits arc not
required, resulting in extremely low
internal noise. In Model MICH404 mi-

shown

crophone. only one stage of amplification is employed. For model MKH405
and 805 two stages are used as shown
in Fig. 4-71L.
The output stage is in reality an

over the audio lines. This

impedance -matching transformer. In
the Model MR.114114, the output is adjusted for 100 -ohms. and for the MICH
405 and 805, 10 ohms. With proper pre-

ers, the circuit shown in Fig. 4-71P is

cautions, they may be operated into a
balanced, symmetrical, or unbalanced
input circuit. For an output impedance
of 100 ohms, the load impedance must
be 2000 ohms or greater; and for the
10 -ohm output, 150 ohms or greater.
Using an output impedance of 10 ohms
permits long cable runs without an appreciable loss of the high frequencies.

current through the windings. If the
transformer does not have a split pri-

Radio -frequency chokes are connected

tolerances shown by the
lines; the polar response is
in Fig. 4-71N. Two types of

power supplies are available, mercury
battery and ac operated. The battery
supply will provide 50 to 60 hours of operation on one set of batteries. The operating voltage (12 Vdc) is duplexed
is

accom-

plished by connecting the battery across
the audio line through two series resistors of 180 ohms each

(Fig. 4-710).

With impedance -matching transform-

used. Here a capacitor (C) is connected

in series with the split primary of the
input transformer to prevent the flow of
mary, a capacitor is connected in each
side of the line.
The schematic diagram for an ac
power supply appears in Fig. 4-71Q.
This supply is capable of operating up
to six microphones simultaneously. The
voltages are well stabilized, using zener
diodes for each microphone supply cir-
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cult. The output level for the Model
MKH405 is minus 27.5 dB re: I mw/
10 dynes/cm'. Frequency response is

transmitter may be tuned from 25 to 45
MHz, with a signal-to-noise ratio of 60
dB, or better, for a plus -minus 20 -kHz

40 to 20,000 Hz; THD distortion 0.5 percent; EIA rating 121.5 dB. Mode of operation is pressure gradient, with a
cardioid directional characteristic.
4.72 What is a wireless microphone?

modulation swing.
The receiver consists of 11 tubes, including radio -frequency amplifiers, limiters, automatic frequency control talc),
intermediate amplifiers, audio stages,

-It is a miniature microphone attached
to a frequency -modulated radio transmitter and as worn on the body of the
user. For motion picture and television

and an adjustable squelch control for
reducing background noise. The unit

use, the microphone and transmitter are
concealed. Two systems are in use. One

system uses a small transmitter worn
on a coat lapel or mounted on the housing of a miniature frequency -modulated

radio transmitter. The second system
employs a hand-held or lavalier microphone housing a transistor radio transmitter (Fig. 4-72A); this is the system
to be discussed. The antenna is wrapped

around the body of the user and he
becomes a part of the antenna system.
Or,

in the instance of the hand-held

microphone. the antenna is attached to
the microphone -transmitter or it may
be built into a helmet. The transmitted
signal is picked up by a remote receiver.
The maximum transmitting distance is
about one half mile, depending on the
frequency used and the antenna system.

also contains a built-in 36 -inch collaps-

ible antenna, or it may be used with a
72 -ohm remote transmission line and
antenna. A tuning eye is provided for

setting the receiver to the exact frequency of the transmitter. The sensitivity is 1.5 microvolts for 20 -dB quieting. The audio frequency response is 20
to 20,000 Hz. The output has an impedance of 150 or 600 ohms designed to
operate directly into a mixer console.
A loudspeaker is also included for
monitoring purposes. The schematic
diagram for the receiver portion is
shown in Fig. 4-72B.
The microphone with Its transmitter
is completely transistorized. Its schematic diagram appears in Fig. 4-72C,
and consists of a dynamic microphone
element, with a frequency range of 80
to 14,000 Hz. The transmitter has a
swing of 20 kHz at normal voice levels,

As a rule, the distance between the
transmitter and the receiver is kept to
within 200 feet or less. When several

with a power output of 40 milliwatts

microphones

The battery is a 6.5 -volt mercury type,
with an expected life of 20 hours. The

are

required, such

as

might be used with several characters
in a play, a separate receiver is required
for each microphone, each receiver
tuned to a different frequency. The

to the final amplifier, depending on the
frequency and the antenna system used.

whip antenna. shown on the side of
the microphone in Fig. 4-72A, is used
for personal interviews or when walk -

Fig. 4-72A. Vega Electronics Corp. wireless microphone system. The microphone and

and its fm radio transmitter arc shown at the right, and the receiver at the left.
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Fig. 4-7 2 8. Schematic diagram for Vega Electronics Corp. wireless
microphone receiver.

around in a crowd, and may be

mission, and such devices are operated

extended to 23 inches. Frequencies for
wireless microphone operation in the
United States are under the jurisdiction
of the Federal Communications Corn -

in the general business frequencies,
3314, 35.02 and 42.98 megahertz. or 26.25

ing

for radio and television relay operation.
Permission must be obtained from the
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FCC in advance, before any type of

former. This method of operation in-

wireless microphone can he operated
4.73 How far con a low -impedance
microphone cable be run without a pre-

creases the voltage at the control grid
of the first tube in the preamplifier 6 dB
or a voltage gain of 50 percent, which
results in a substantial increase in the
signal-to-noise ratio. Open -circuit operation is discussed in detail in Ques-

amplifier?-Microphones with an output
impedance ranging from 30 to 200 ohms

can he run to a distance of 200 feet
without seriously affecting the frequency response. It is a fairly safe rule
to follow, that the lower the impedance

tion 12 170.
4.76 What effect does the terminat-

of the line, the greater the distance it
can be run However, unless the cable

acteristicsl- Microphone specifications
relative to their frequency -response
characteristics and output level are
based on an open -circuit voltage mea-

well shielded, the signal-to-noise
ratio may be seriously affected. Also for
such long runs, the cable must be kept
is

clear of all ac lines and equipment A
good practice to follow when long runs
are necessary is to insert a preamplifier
in the cable run at about 100 feet. This

preamplifier may be of transistor design with a gain of 40 to GO dB adjustable In steps of 20 dB. (See Question

surement Such measurements are made
using a high -impedance voltmeter, con-

nected directly across the microphone
output terminals (Fig. 4-76). However.
in actual practice the microphone is fed
into a preamplifier with an input transformer using art unterminated secondary. (See Question 12.170.)

If the microphone characteristic

4.76.)

4.74

ing impedance have on microphone char-

II an oscilloscope u connected

to the output of a microphone, what is
the relationship between the pressure
wave and the image?-The vertical deflection will be proportional to the amplitude of the pressure wave at the diaphragm of the microphone.
4.75 What does the term open circuit voltage moan?-It is the voltage
measured with a high impedance
vacuum -tube voltmeter at the output of
an unterminated microphone. As a rule,
preamplifiers designed to be used with
microphones do not use a termination
across the secondary of the input trans -

is

measured

using a load impedance
approaching the microphone internal
output impedance, the performance
characteristics will differ from those

specified for an unloaded measurement.
A typical example of a loaded condition
is operating the microphone into a low 17010 5ED0.410
IMPEDANCE

MK
vs*

42>

50/200 Et

Fig.

4-76.

Measuring

the open -circuit

voltage of a microphone.
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level mixing circuit, a transistor preamplifier with a low input impedance,

or into an input transformer with a

ter grounded and the upper portion terminated in an acoustic impedance consisting of a small tube sealed at the back

terminated secondary.

of the ribbon and connected with an

(See

Question

9.2.)

If the microphone is terminated in
a resistive load equal to Its own impedance, only a drop in level will be

acoustic labyrinth situated in the lower
portion of the housing. An aperture in

the hack of the tube near the top

is

response

made variable by a rotating plate controlled from the exterior at the rear of
the housing. Controlling the size of the
aperture determines the types of polar

will be affected. This can easily occur
if the interconnecting cables have an

pattern. When the aperture is cornpletely open, the ribbon is not termi-

experienced with no appreciable change

in the characteristics. If the load varies

with frequency, the overall

appreciable amount of capacitance such

nated by the acoustic labyrinth; there-

as might be encountered with a high -

fore,

impedance microphone. The greater the

cable capacitance per foot, the more
the high frequencies will be attenuated.
This is particulary true for microphones
having an output impedance of 10.000
to 20,000 ohms. Generally about 18 to
20 feet is the maximum distance that
can be run.
Mass -controlled

microphones,

such

as the bidirectional and cardioid types,
generally have an impedance curve that
decreases sharply as the frequency is
increased in the range of 100 to 2000 Hz.

Connection of these microphones to a
resistive load causes a change in both
the output level and the frequency response, particulary at the low frequencies. For professional usage, microphones are fed into an open circuit
preamplifier; thus, the problem of loading is eliminated. They are also operated at an impedance of 50 ohms, therefore cable lengths may be up to 600 feet
with about a 1 -dB loss at 10,000 Hz.
(See Question 4.73) Operating a 50 -ohm
impedance into a 250 -ohm input results

both sides of the ribbon are
exposed to the sound source. Under
these conditions, the microphone operates as a ribbon -velocity microphone

with a bidirectional polar pattern (Fig.
4-77B).

Closing the aperture to about half
size, one half of the ribbon has both
surfaces exposed to the sound pickup
and therefore operates as a ribbon -velocity microphone; however, the other
half of the ribbon is terminated in the
acoustic labyrinth and operates as a
pressure unit. Operating under these
conditions, the voltages generated by
the upper and lower sections of the rib-

bon, tend to reinforce each other for
sounds arriving from the front, but tend
to cancel each other for sounds arriving

from the rear, resulting in a cardioid
polar pattern (Fig. 4-77B). By closing
the aperture completely, the two sections of the ribhon are terminated in
the acoustic labyrinth and the polar

in a 7 -dB loss of output level, but no
appreciable change in the frequency response. (See Question 4.98)
1.77

Describe a ribbon -velocity mi-

crophone with variable polar patterns.A variable polar pattern microphone
can sometimes be quite useful and convenient as it may be changed from a

directional to a bidirectional or omnidirectional polar pattern by a simple
adjustment. The microphone to be discussed is the RCA 77 -DX M1 -4045-F
ribbon -velocity microphone (Fig. 4-

77A). The general design of this microphone is similar to the unidirectional
ribbon -velocity microphone discussed

in Questions 4.59 and 4.65. As in the
RCA MI -10001-C, the 77DX ribbon is
divided into two sections, with the cen-

Fig. 4-77A RCA Model 77DXMI-4045-F
polydivectionul microphone.
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4-77B. Polar patterns for RCA 77DX/A1-4045-F polydirectional ribbon -velocity
microphone.

pattern becomes omnidirectional (Fig.

the output of the

microphone. The

Because the aperture is vari-

smaller the value of the reactor, the

able, six polar patterns are possible. In
the unidirectional position, the attenuation between front and rear is approximately 20 dB, or a ratio of 10:1.
The bottom of the housing contains

greater the attenuation will he.
The frequency response is shown in
Fig. 4-77C. In the flat position the re-

4-77B).

sponse is 30 to 20,000 Hz, within plus -

transformer,

minus 5 dB at the low and high ends,
with output impedances of 30, 150 and

and a switch for selecting two types of
low -frequency rolloff for voice, and a
flat position for music. Position VI is
used for sound pickups within 1 foot
of the microphone, and V2 for distances
greater than
foot (see Fig. 4-59H).

250 ohms. The output level ranges from
56 dBm(omnidirectional) to minus 50
dElm for the bidirectional position, for
sound pressures of 10 dynes/cm'. Hum
level is minus 128 dB, referred to a field
of 0.001 gauss. Microphones of this type,

Low -frequency attenuation

offering adjustable polar patterns are

an

impedance -matching

1

accom-

is

plished by connecting a reactor across

often termed polydirectional.
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Fig. 4-77C. Frequency response for RCA 77DXMI-4045-F polydirectional microphone.
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4.78 What is the impedance of a socalled high -impedance dynamic micro-

phenol-The term high impedance

is

generally associated with crystal or cerBMW microphones and will range from
100,000 ohms to
megohin. However.
1

dynamic microphones rated high impedance are usually 40,000 ohms output
impedance, although the moving -coil
element may be on the order of 1 5 to 50
ohms. An output transformer of 40,000 ohms impedance with taps at 250, 150,

used informally in television
broadcasting interviews and public address applications. The frequency response and directional qualities are engineered to complement human speech
so that a correct frequency balance is
maintained when the speaker is talking
off mike.
An internal resonator placed in front
of the diaphragm reduces the high frequency emphasis while extending the
upper frequency limit.

when

The output impedance may be set

and 50 ohms is included in the microphone housing.
4.79 What

is a uniaxiol
microphone?-A unidirectional microphone in
which the maximum response is in the
principal cylindrical axis.

4.80

What

is

a

cephloid

micro-

phone?-A mannikin head with microin the head at the
normal ear level to create a diffraction
pattern and simulate human hearing.

phones mounted

for 30, 150, or 250 ohms. The output
level is minus 67 dB, for a pressure of
10

dynes/cm'. The polar pattern

is

shown in Fig. 4-81B and the frequency
response is shown in Fig. 4-81C.
1.82 What is a throat microphone?
-One in which the diaphragm is actu-

ated by being directly in contact with
the external portions of the throat. Such
microphones are widely used in aircraft

Such microphones are used in acoustical

for radio and internal intercommuni-

laboratones for binaural work.

cation, or where the ambient noise level
is high.

4.81

What is a lovelier microphone?

-A small dynamic microphone worn

To obtain the maximum intelligibil-

around the neck as a :avalier A typical
microphone of this type is the RCA
BK-6B shown in Fig. 4-81A.
This microphone has been especially
designed for correct speech balance

ity, the high frequencies are attenuated.

The unit may be of the moving coil or
button design.
4.83 What is a sound -powered mi-

crophonel-A microphone constructed
similarly to a dynamic microphone, with
the exception that it generates considerably more output power and may be
used without amplification over a con -

r.

Fig. 4.81A. RCA 8K-68 dynamic !wreaker
microphone, designed to be worn around

the nrck.

Fig. 4.818. Polar pattern for RCA BK-6B
!Grolier microphone.
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Fig. 4-81C. Frequency response of RCA BK-68 lovelier microphone.

siderable distance. It is frequently used

phase, and later corrected electrically.

intercommunication systems. The
frequency response is limited to the

If the microphones are of the directional

in

microphone pickup?-Whea two or more

type, only the output or cable connections can be reversed. After phasing a
bidirectional microphone, the rear
should be marked with a white stripe
for future reference.

microphones are being used on the
same channel and they are within ten

4.86 Describe the methods used for
calibrating microphones. -Generally a

feet of each other, they should he electrically in phase. If they are not, serious

microphone is calibrated using one or
chore of four calibrating instruments- the pistonphone, thermophone, electrostatic actuator, or a reciprocity calibra-

voice frequency range.
4.84 How important is the phasing
of microphones when making a multiple

distortion may take place due to cancellation.
4.85

How are microphones phased?

tor.

-The microphones to be phased are
placed alongside each other and con-

Pistonphones are used for calibrating
below 150 Hz, and consist of a pressure

nected to their respective preamplifiers
mixer inputs. While someone
speaks into the microphones, one mixer

chamber, tightly sealed to the front of

and

pot is

adjusted for a normal output

level as indicated on a VU meter. The
setting is noted and the pot closed. The
same adjustment is made for the second microphone and the setting of that
pot noted. Now both pots are opened to

the above settings and, if the microphones are out of phase, the quality of
reproduction will be distorted and there
will be a distinct drop in level. Reversing the electrical connections to one
microphone will bring them into phase.
A second test is then made similar to
the first. U the microphones are in
phase, the output level will be greater
and undistorted.
If the microphone is of the bidirectional type (figure -8) it may be re-

versed

180

degrees to bring it into

the microphone housing to be calibrated
(Fig. 4-86A). The voltage developed at

the output of the microphone for

a

given pressure at the diaphragm is

noted. The pistonphone is then disconnected, and a voltage of the same frequency is connected in series with the
microphone head and adjusted for the
same output level as developed by the
pistonphone. The response E../P is then

the ratio of the second voltage to the
applied pressure.
Two practical applications of the pistonphone are shown in Figs. 4-86G and
H. Referring to Fig. 4-86G, the piston phone consists of a sealed glass jar, with

a mechanically driven piston

in

the

base, which produces known sinusoidal
fluctuations in air pressure. The actual
pressure is calculated from the volume

of the chamber, the dimensions of the
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Fig. 4-86C. Frequency range of instruments used in the calibration of microphones.

piston, Its stroke, and the constants of
the air. With devices of this type, frequencies of a fraction of a cycle are
possible, with sound -pressure levels of
94 to 115 dB, re: 043002 dyne/cm'.

A second design appears in Fig.
4-86H, and is somewhat similar to a
dynamic -loudspeaker mechanism. The
small piston in the chamber at the left
produces the pressure for the measure-
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ment. A calibrated eyepiece and a
marker on the piston shaft permit the
calibration of the piston movement. A
capacitor microphone is shown under

chamber constructed of two lead cas(!s,
one inside the other, separated by
acoustic absorbent. The noise level is

measurement, with its electronics and

vacuum -tube voltmeter.

then measured at the output, using a

case mounted at the right end of the

The

pressure chamber. Noise contributed by
the electronics may be measured by re-

4-86B,

placing the microphone head with a

insulated blocks in front of the microphone diaphragm. A measured, steady
direct current is passed through the
gold -foil strips with the audio fre-

thenrnophone,

shown

in

Fig.

is constructed of one or more

very thin gold -leaf strips, supported on

low -leakage capacitor of the same value

capacitance as the head, or the microphone may be placed in an acoustic

oc
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4-86D. Cross section of an electrostatic actuator used in the calibration of
(Courtesy, LTV Research Center Western Division)

capacitor -type microphones
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Fig. 4-86F. Driving circuit for electrostatic actuator The amplifier should be capable
of developing 100 worts of power with low distortion. The dc polarising voltage is
approximately 1500 volts. (Courtesy, LTV Research Center Western Division
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quency signal superimposed on the dc.
The cavity of the thermophone is filled
with hydrogen gas to shift standing

waves in the cavity beyond the range
of measurement. Thus, the variation of

COVER

GLASS
JAR
MICRORiONE

pressure in the cavity occurs at the
applied frequencies.
Microphones designed for use in
space require frequency calibrating
ranges from 0.01 to 1 MHz per second,
with sound pressures up to 195 dB, re:
0.0002 dyne/cm', also at extremely high

and low temperatures, with low static
pressures equivalent to those found in
high altitudes. The various methods

PISTON

BE I T

GE AR REDUCTION

CRAW

used for microphone measurements and

their frequency range is given in the
tabulations in Fig. 4-86C. Both the reciprocity and pistonphone techniques
provide a high degree of accuracy, the
pistonphone being capable of measurements down to 0.01 Hz, with an upper
limit of 15,000 Hz, using a closed coupler, and up to 100 kHz in a free field.
Calibrations at high pressure levels are
performed in standing and progressive
wave tubes, the high -intensity piston phone, and shock tube. However, the
ahove instruments are difficult to apply
to calibrations at environmental conditions similar to that experienced in the
field. These difficulties have been over-

come to a great extent by further development of the electrostatic actuator
(Fig. 4-860) which is used primarily
for the calibration of capacitor microphones.

The electrostatic actuator was described by Olson in 1931, by Ballantine
in 1932, and further developed by
Brown and Dahlke. The actuator con-

sists of a slotted perforated flat metal
plate, which is insulated and placed
MOVEMENT
CAL 'BR ATKA

PE RR AN( N T
',WORE T

4

tocTeR

Fig. 4-86G. Pistonphonc for calibrating
microphones. A piston in the bottom of
the glass jar is driven by crank and gear

reduction, from the motor at the floor
level. The microphone to be calibrated is
suspended

in the

jar over the piston.

parallel to the diaphragm of the microphone at a known distance. A direct current voltage applied between the
actuator plate and the diaphragm of the
microphone to be calibrated generates
an electrostatic force, simulating a
sound pressure, at the surface of the
diaphragm. The sound pressure thus
generated is the function of the product
of the applied voltage, the square of the
effective spacing, the permittiyity of the
vacuum, and the dielectric constant of
the gas between the plates. Since the
temperature

influence of

and

static

pressure on the dielectric constant is
considerably less thau the accuracy in
determining the pressure, the simulated
1.1.CROPROW

PISTON

UNDER TEST
INCA. UDANG

veCE

ELECTRONICS

ASuFeNG C IFECLV

SAKE -COIL SUPPORT

PRESSURE CHAMBER

Fig. 4-86H. Pistonphonc built along the lines of a dynamic loudspeaker. The piston
is actuated by the movement of the voice coil, creating a sinusodial pressure in the
chamber containing the head of the microphone (after Glover and Baumsweiger ).
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sound pressure is not affected by the
environmental conditions. In addition,
the sound pressure is not a function of
the applied frequency.
The effect of the actuator plate and
its geometry is shown in Fig. 4-86E. If

termed real voice testing. In this test,
a person speaking in a normal tone of
voice replaces the usual sound pressure
generating device. As the speaker talks,

a frequency analysis is made and the
average output level established. Thus,

the effective spacing of the slot D,,
which Is not identical to the actual

the average output for a number of
speakers is the real voice calibration.

spacing, can be determined, the effective sound pressure can be expressed:

The test equipment consists of the microphone to be tested, preamplifier, and
a magnetic tape recorder. Portions of
the recording are made into a loop, and
the output fed to an octave -band analyzer and graphic level recorder. The
result of this test is the average power

P. =

KE.

- E..

where (D) is the effective spacing between plates, E. permittivity of free space and equals 8.85 x 10-" farads/m,
K the dielectric constant of the insula-

tor between the plates, and E the dc
potential between the plates. For a complete mathematical treatment pertaining

to the actuator, the reader is referred
to the reference.
Since the simulated sound pressure

output from the microphone. It

has

been found for some types of research,
the real voice test is more satisfactory
than the usual pressure calibration.
4.87

Describe how the linearity of

o capacity microphone is determined at
high intensities.-It is tested by measuring its linear response to a step

is produced by an electrostatic force,
the signal driving the system will de-

function generated by the

termine the low -frequency response of
the electrostatically driven diaphragm.
If the driving system cutoff frequency is

to 5 pounds per square inch. The linearity of an Altec-Lansing Model 21 -

low enough, the output voltage of the
microphone system will be the response
of the microphone electronics. To obtain

use of

a

shock tube at pressure levels equivalent

high -intensity microphone is
shown in Fig. 4-87A, for SPL of 140 to
180 dB, re: 0.0002 dyne/cm' at a frequency of 400 Hz. To provide a primary
BR -200

the low -frequency response, the front
to back vent of the microphone must be
present in the sound field. The electrostatic actuator does not fulfill this re-

calibration, the sensitivity of a group

quirement.
The schematic diagram for the actu-

pressures arc then generated in a standing -wave tube to provide nearly undistorted sinusoidal pressures at extremely
high levels.
Essentially, a standing -wave tube
consists of two cylindrical tubes having

ator driving system is shown in Fig.
4-86F. The maxiiuum sound pressure
level (SPL) for 5 -mil spacing of the
actuator and the microphone diaphragm, and a 20 -percent safety factor
in breakdown voltage is 127 dB. For
2 -mil spacing, the SPL rises to 134 dB.

However, for this spacing, some dilliculty may be experienced in keeping
the actuator and diaphragm parallel.
To reduce harmonic distortion below
2.5 percent, the ratio of the dc polarizing voltage to the ac signal voltage must
be greater than 10:1; as 150 volts of signal is a reasonable value, the dc voltage

will be on the order of 1500 volts. Frequency measurements, using this device, are possible to within plus or
minus I dB. Microphone calibration using the reciprocity method is discussed
in Section 23.
Considerable work has also been
done in the testing of microphones,

eight microphones was measured,
using a pistonphone at an SPL of 124
dB at frequencies up to 400 Hz. Sound
of

lengths which are nonharmonically related. The tube is driven by an electrodynamic driver, which produces a somewhat distorted signal at the amplitudes
necessary to generate sound pressures
at the desired levels. This distortion is
suppressed by the design of the standing wave tube, which acts similar to an
acoustic bandpass filter. The standing wave tube measurements are performed

at a single frequency associated with
the tube resonance. To verify the mi-

crophone linearity at the higher frequencies, shock -tube
employed.

techniques

are

A microphone is placed at the end
of the shock tube. A shock is generated
by bursting a diaphragm which isolates

the drive section of the tube. The mi-
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4-87A. Standing -wove tube linearity calibration of Altec-Lansing capacitor
microphone Model 21-812-200. Sensitivity -86 dB re: 1 volt/dyne/cm'.
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Fig. 4-87B. Standing -wave tube and its associated equipment used in the linearity
measurement of microphones. :Courtesy, LTV Research Center Western Division)

crophone experiences a sudden rise in
pressure associated with the reflection

of the shock wave at the end of the
driven section of the tube. The rise time, overshoot, and decay time of this
response exhibit the linear characteristics of a simple system transient response.

The

system

resonance

and

damping constant are established from
this transient response to yield the
steady-state response characteristics.
The basic test setup for using a standing -wave tube is shown in Fig 4-87B.
A cross-sectional view of a high inten-

sity microphone head is given in Fig.
4-115A. Details for the use of standing wave and shock -tube devices are given
in the reference.
4.88 What does the torrn "gunning
a microphone" meant-To point the microphone at the source of sound. If the
microphone is suspended from a boom

on a turret head, it is turned towards
the actors as they speak, to secure a
uniform sound quality. As the microphone is generally moved quite rapidly,
it is referred to as "gunning."
4.89 What happens when o ribbon velocity microphone is
through the air? --A

rapidly
low -frequency
moved

flutter is generated due to the passage
of air between the ribbon and the pole
pieces. It is not practical to use standard ribbon microphones on a boom
and attempt to gun them. Ribbon -velocity type microphones used for motion
pictures and television are especially
designed to be used on a boom and may

be gunned without producing noise.
4.90 Describe a microphone wind
screen, its construction, and effectiveness.-A wind screen is a device placed

over the exterior of a microphone for
the purpose of reducing the effects of
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ant095ellt Pits PSI.

types of wind screens employing a special type foam -rubber manufactured by
Electro-Voice, and marketed under the
trade name Acoustifoam are shown in

SPY494CAL Y1186
CRAW 1204661

11/104J3 aek-W 0082

Figs. 4-39A and 4-97E. This material
has no effect on the high frequency response of the microphone because of its
porous nature. Standard styrofoam is

not satisfactory for wind screen construction because of its homogenous
nature.

A cross-sectional view of a typical
wind screen employing a wire frame

4-90A. Typical silk -covered wind
screen and microphone. (Courtesy, B and
Fig.

covered with nylon crepe for mounting
on a one inch diameter microphone is
shown in Fig. 4-90A. The effectiveness

K Technical Review )

of this screen as measured by Dr. V.
Brae' of Etruel and Kjaer is given in

wind noise when recording out of doors,

or when panning or gunning a microphone. The screen consists of a wire
frame covered with silk or a special
type foam -rubber composition. Micro-

Figs 4-90B, C, D, and E. When recording
dialogue using a wind screen, its effec-

tiviness is increased if dialogue equalization is used as discussed in Questions

phones designed for television and motion picture recording are generally
constructed with the wind screen as an
integral part of the microphone. (Wind

4.114, 6.122, and 1881.
1.91 What it a rain screen and how
is

gags.)

With

properly

a

designed

it constructed?-During the filming

of rain and snow scenes, a protective
covering called a rain screen is placed
over the microphone. as shown in Fig.

screens arc also referred to as wind
wind

screen, a reduction of 20 to 30 dB in
duce the sound of the raindrops. The

wind noise can be expected, depending
on the sound pressure level at the time,
wind velocity, and the frequency of the

screen consists of an inverted shell approximately 18 inches in diameter. The

exterior is covered with hair felt and

sound pickup. Wind screens may he
used with any type microphone and
they vary in their size and shape. Two

metal fly screen. to break the raindrops

into fine particles. The interior is coy-
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Fig. 4-9013. Wind noise as a function of frequency, measured in Vs octaves, but with
the wind direction parallel to the membrane. (Courtesy, B and K Technical Review 1
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Fig. 4-90C. Wind noise measured with different sizes of windscreens. (Courtesy, B
and K Technical Review )

ered with oilcloth anti a layer of fly
screen. The microphone is suspended
inside the screen on a flexible support.
4.92 What type of microphone is
recommended for dialogue recordinglIt is the practice in the professional field
to use either dynamic, capacitor, or ribbon -velocity microphones having directional characteristics. This is an absolute necessity to reduce unwanted noise
pickup at the sides and rear of the
pickup area. Bidirectional microphones

should not be used, if the microphone
is to be suspended from a boom. It is
common practice in the broadcast field
to mount bidirectional microphones on
a floor stand, placing one person on
each side of the microphone. Dialogue
equalization should always he used for
voice pickup, or the microphone should
be connected with the internal voice filter in the circuit. Dialogue equalization

is discussed
6.122, and 18.81.

in

Questions 4.114,

120
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Fig. 4-90D. Wind noise as a function of wind speed in the range 20 Hz to 20kHz.
(Courtesy, El and K Technical Review 1
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4.93 What types of microphones are
recommended for music recordingl-

on one end and a male ping on the

Capacitor, ribbon -velocity, and dynamic
types. Similar types of microphones employing
are

the two that are shown in Fig. 4-95. The
pin count should be determined before
attempting
service. Under no circumstances is a
volt -ohmmeter or buzzer ever to be applied to the output connections of a microphone. To do so will severely damage the internal strneture. (See Ques-

preferred to aid in the separation of
various sections of the orchestra. For
stereophonic recording, the dual -type
microphone similar to those discussed
in Question 4.48 is used.
4.94 How close may two microphones be placed when feeding the same
recording channel?-As dose as their

other. The pin count may be either of

tion 24.100.)

physical dimensions will permit, provided they are in phase electrically
with each other. If they are not in
phase, the output will be distorted and
show a decided loss in output level.

BOOM

FLY SCREEN
NAM FELT

(See Questions 4.84 and 4.85.)
0.9.5
What is the standard pin count
for microphone plugs? - It is standard
practice to employ a recessed male plug
on the microphone. Microphone cables

are then made up using n female plug

-OIL CLOTH
LY SCREEN
UNIDIRECTIONAL
MICROPHONE

Fig.

4-91. A microphone rain screen.
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Fig. 4-95. Pin count used on microphone cables.
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Fig. 4-97A. Directivity index for:

4.96 How may the signal-to-noise
ratio be increased on a long microphone
cable run?-See Question 4.73.
4.97 Describe the basic principles of
a cardioid in -line directional microphone.

-Both television and motion picture
production have suffered greatly from
the fact that to pick up good sound, the
microphone must be reasonably close
to the person speaking. On a motion
picture set, this causes difficulties for
both the camera man and the sound
man. Also, getting in close restricts the
movement of the microphone boom and

the cardioid in -line directional microphone, described by Olson in 1938.
Two of the most important character-

istics of any microphone are its sensitivity and directional qualities. Assuming a constant sound pressnre source,
increasing the distance of the microphone from the source requires an increase in

the gain of the ainplifyinf

system after the microphone. This
accompanied with a decrease in signalto-noise ratio and an increase in environmental noises, such as reverberation
and background noise, to where the

is often the cause of poor pickup and

indirect sound may equal the direct

excessive camera noise. These problems

sound. The pickup then deteriorates to
where it is unusable. Distance limitations can be overcome by increasing

have been overcome to a great extent
by the development and introduction of

Fig. 4-978. Electro-Voice Model 642 Cardiline (in -line) directional microphone, with
boom hanger.
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Fig. 4-97C. Basic components of the Electro-Voice Model 642 Cardiline directional
microphone.

the sensitivity of the microphone, and

used microphone for boom operation

equally sensitive to equal sound pressures, and will cause equal voltages to
be generated at the output of the dynamic transducer unit (C). Since the
ports are acoustically connected to the
transducer unit by the common tube,
acoustic delays are introduced ahead

and the recording of dialogue has been
a gradient microphone with a cardioid

of the transducer element. When placed
in a plane -wave sound field, this

directional polar pattern, as shown in
Fig. 4-7, (c) and (d). In addition to the

equally sensitive line with variable delay produces wave interference in the
common cavity at the front of the transducer unit. The magnitude of this interference will depend on the angle between the plane wave and the axis of

the effect of reverberation can be less-

ened by increasing the directivity of
the pattern. The m -line microphone
has these two desirable qualities.
Over the years, the most commonly

polar plot, the directional characteristics
of a microphone may be described by

ratio termed directivity index. Directivity index is a ratio of output voltage from a microphone in a sound field
that arrives at the microphone from all
directions, to the output voltage of an
omnidirectional
microphone
(with
equal axial sensitivity) in the same
sound field. The directivity index is a
a

the tube. The directivity of a line microphone is a function of frequency; the

lower the frequency, the broader the
polar pattern (Fig. 4-97D) Sensitivity

the directivity index the sharper the

is achieved by a rather heavy magnetic
structure consisting of an Indox V and
Armco magnetic iron, approximately
Vei inches in diameter. Dimensions of

polar response.

this size can be used; because of the in -

For microphones of the bidirectional
and cardioid type, the index is 3:1: because of baffle effects (see Question
4.52), the polar response becomes narrower at the higher frequencies. A

line tube no baffle effects occur, the
directivity being controlled by the

measure of nonaxial response; the lower

graphical plot of the directivity index
versus frequency response for an 11 inch cardioid line microphone, and for
a 11/2 -inch dynamic gradient microphone with a cardioid polar pattern arc
shown by the curves (a) and th) of
Fig. 4-97A. Curve (c) is for a Model
642 cardioid in -line directional microphone, manufactured by Electro-Voicc

270

under the trade name Cardiline, pictured in Fig. 4-97D.
The basic components of the construction of this microphone are shown
In Fig. 4-97C. Line -tube (A) has a 1p inch slot milled its entire length and a

group of ports which act as a linear
tapering acoustic resistance; they are

reor
7000 70

2500 to
10.003

Fig. 4-970. Polar response pattern for
Electro-Voice Model 642 Cordiline directional in -line microphone.
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Fig. 4-97E. Electro-Voice Model 642 Card;line microphone mounted in its support
hanger and Acoustifoam wind screen
openings in the tube structure. The diaphragm of the dynamic unit is 11/4
inches in diameter with a 3/4 -inch voice

The frequency response is shown In
Fig. 4-97F. Three positions are available for adjusting the low -end fre-

coil.

quency response; flat, minus 5 dB, and
minus 10 dB at 100 Hz, with reference

The drawing in Fig. 4-97E shows the
microphone with its Acoustifoom wind
screen attached. The microphone is

supported at (A) by two rubber rings
and arms (H) in a metal ring (C). A
second ring (F) seals the front and
rear wind screens (B) and (13). The
third wind screen (E) encloses the rear
of the microphone assembly. Experience

indicates the rear wind screen must be
in place to achieve the maximum effect
of the wind screen assembly. The
Acoustifoam wind screen has no effect
on either the frequency response or the
polar pattern. Since the screen is quite
porous, air may be blown through quite
easily. Dirty screens may be washed in
clear water.

to 1000 Hz. The output level is minus
48 dB re: 1 milliwatt/10 dynes/cm'.
Hum level is minus 120 dB re: 0.001
gauss. The directivity index is 6:1 with
an included angle of pickup of 80 degrees. The output impedance may be
adjusted for 50. 150 or 250 ohms. Because of the directional characteristics
and sensitivity, this microphone may be

operated from 2 to 4 feet farther from
the sound source than the conventional
microphone.
4.98 What is the effect of a long
microphone cable on frequencies above

1000 Hz?-The high frequencies will be
attenuated. Assume a microphone with
an output impedance of 20,000 ohms is

45
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Fig. 4-97F. Frequency response for Electro-Voice Model 642 Cardilino directional
in -line microphone.
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connected to a line 30 feet long. The
loss at 10,000 Hz compared to 1000 Hz

is approximately 3 dB. Increasing the
line to 100 feet will increase the loss
at 10,000 Hz to 16 dB. Decreasing the
impedance to 250 ohms or less, the loss
at 10,000 Hz is negligible. For long runs
an impedance of 50 to 150 ohms maximum is recommended.
0.99 How can microphone cables on

a stage be prevented horn picking up
ac hum?-The microphone cables should

be kept as far away as possible from
ac circuits. If it is necessary to cross
un ac line, do so at right angles, not
parallel to it, or support the microphone
cable a few feet above the cables carrying the alternating current. Microphone

cables should be kept at least 6 feet
from arc lights and similar equipment.
Arc lights will also create mechanical
noise

due

to

the

feed

mechanism

Therefore, it is desirable that unidirectional microphones be used. The treatment of arc lamp noise and generator
ripple is discussed in Question 25.117.
1.100 What is a sound concentrator?-A wooden parabolic reflector used

with a microphone to obtain a highly
directive pickup response. The microphone is mounted in the center of the
reflector, as shown in Fig. 4-100A, for-

ward of the dish center. The microphone is focused by moving it in or out

of the reflector for maximum pickup.
This type concentrator is often used to

pick up a horse race or a group of
people in a crowd.
The greatest gain id sound pressure
is obtained when the reflector is large
compared to the wavelength of the inci-

dent sound. With the microphone in
focus, the gain is the greatest at the
midfrequency range. The loss of high
frequencies may be improved somewhat

by defocusing the microphone a slight
amount, which also tends to broaden
the sharp directional characteristics at
the higher frequencies. A bowl 3 feet in
diameter is practically nondirectional
below 200 Hz, but very sharp at 8000

270.
4,004(

4440..K.
retrucrcui

1110*

203 Hi
403
1000

4000 kr

--.---

4003 144

Fig. 4-100A. A wooden bowl concentrator for directiona rnic ophone pickup.

Fig. 4-100C. Polar pattern for a typical
parabolic wooden bowl concentrator.
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Fig. 4-100B. Frequency response of microphone and parabolic wooden concentrator.
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Fig. 4-101A. Electro-Voice Model 643 long range pickup, highly directional Cordilina
dynamic microphone, with Acoustifoam wind screen.

Hz. For a diameter of 3 feet, the gain
over the microphone without the bowl is
about 10 dB, and for a 6 -foot diameter,
approximately 16 d13. The frequency

response for a typical wooden concentrator bowl is shown in Fig. 4-100B. and

its polar pattern in Fig. 4-100C.
Describe a highly directional
suitable for long range
pickup.-In Question 4.97 the basic

4.101

microphone

principles of an in -line type microphone
and a commercial model with such characteristics were discussed. This question
will deal with a commercial model of a
super in -line microphone used for pick-

ing up a group of persons in a crowd
from the roof of a nearby building, fol-

lowing a horse around a race track,
picking up a band in a parade, and
other hard -to -get distant pickups.
The Eleetro-Voice Model 642 microphone discussed previously has a direc-

Fig. 4-101C. The included angles of an

tivity index ratio of 6:1 with an included pickup angle of 80 degrees. The
microphone to be discussed here is the
Electro-Voice Model 643 (Fig. 4-101/)
which has an included pickup angle of
40 degrees, with a 30:1 directivity index

ratio. The basic design is the same as
that for the Model 642, except for its
much sharper angle of pickup, as it has
a longer in -line tube with a greater

in -line

microphone.

For a better understanding of Model
643, the included angles of pickup for
both models, 642 and 643, arc compared

with that of an omnidirectional micro-

phone having an included angle of
pickup of 300 degrees, in Figs. 4-101B,
4-101C and 4-101D. The cone of pickup

number of in -line ports.

[a

Fig.

4-1018. Included angles of omnidirectional

microphone.

Fig. 4-101D. Included angles of super
in -line microphone.
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Fig. 4-101E. Included angles in the form of cones showing the range of pickup for on
omnidirectional, in line, and super in -line microphone.
Ice
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Fig. 4-101 F. Polar pattern for Electro-Voice Model 643 Cardilinc super directional microphone.
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Fig. 4-101G. Frequency response for Electro-Voice Model 643 Cordiline super -directional microphone.
rolloff, and a high-pass filter (Figs.
4-101G and 4-101H.) The high-pass filter suppresses room reverberation,
while maintaining the presence for dialogue. For comparison with the Model
642 microphone, the overall mechanical
dimensions for the Model 643 are given
in Fig. 4-1011. Except for the high-pass
filter and the slightly different frequency response, the transducer unit,

on axis for these microphones is shown
in Fig. 4-101E.

The characteristics shown are the
ideal and will not always be obtained
under practical operating conditions,
because of reflections from nearby walls

or other objects on axis. It might be
mentioned, at the present time there is
no known microphone that will exclude
completely all sounds originating at the

wind screen, output impedances, and
sensitivity are similar to the Model 642.
This microphone has been used quite
successfully by both the television and
motion picture industry.

sides or back. The characteristics for
the Model G43 provide a cardioid polar
pattern up to 100 Hz, and then a highly
directional one, as the polar plot of Fig.
4-101F indicates.
The base of the microphone includes
an integral two -position, low -frequency

Pictured in Fig. 4-101J

another

is

in -line type microphone with extremely
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Fig. 4-101H. Frequency response of internal 100 -Hz high-pass filter.
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Fig. 4-1011. Cross-sectional view of Electro-Voice Model 643 Cardilinc super -directional microphone, which is in reality a 7 -foot version of the Model 642.
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Fig.

4-1011. Scnnheiser Electronic, Model MKH-805 capacitor in -line long-range
pickup microphone.

narrow pickup characteristics, manufactured by Sennheiser Electronic of

sound will be picked outside this cone.
As the microphone is rotated from an

West Germany. This microphone uses a
radio -frequency oscillator, and a two -

on -axis position to a 180 -degree off -axis
position, there will be a progressive
drop in level. Sounds originating at
angles of 90 to 180 degrees off -axis will

stage transistor amplifier mounted in
the end of the assembly. The basic
principles of operation are discussed in
Question 4.71. Insofar as the in -line
tube design is concerned, it is quite

similar to that described in Question
4.97.

The internal output impedance is 10
ohms and is designed to operate into a
load impedance of 150 ohms. Power for
the preamplifier is duplexed over the
audio lines. Power requirements are 10
volts at 5 milliamperes. Frequency response is 50 to 20,000 Hz. The output
level

is

minus 21.5 dB re:

1

mw/1

dyne/cm', with an EIA rating of minus
115 dB This microphone like the one
previously described, is suitable for
long range pickup. (See Question 4.104.)
4.102 What precautions should be
taken when using the microphone dis-

cancel by 20 dB or more, as indicated
by the polar plot of 4-101F. However,
the amount of cancellation depends on
the level and distance of the microphone
from the sound source. As an example,
if an on -axis sound originated at a distance of 20 feet, a 90- to 180 -degree off -

axis sound occurring at the same distance and intensity will be reduced by
20 dB or more, providing none of the
off -axis sound is reflected into the front
of the microphone by walls, ceilings, etc.

On the other hand, should the off -axis
sound originate at a distance of 2 feet
at the same level, it will be reproduced
at the same level as the on -axis sound.
The reason for this behavior is that the
microphone is still cancelling the un-

wanted sound as much as 20 dB, but

4.101T-This particular microphone has an included angle
of 40 degrees on axis and appears as a
cone, as shown in Fig. 4-101E, which is
the starting point for cancellation, but

due to the difference in the distances of
the two sounds, the off -axis sound is 20
elf louder than the axial sound and they
are reproduced at the same level. For a
pickup in an area where random noise

should not be interpreted that no

and reverberation is a problem, the it -1i -

cussed in Question

it

SOUND

SOOKE

LNICIRECTIONAL

3'

EV- 642
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9'

E V-643

al;

Fig. 4-102. Comparison of standard unidirectional microphone and Elceiro-Voice
Models 642 Cardiline, and 643 long-range pickup.
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crophone should be located with the
back end to the source of unwanted
sound and away from the disturbance

the pickup is only dialogue, the 100 -Hz

at the greatest possible distance.
If the microphone is being used inside

attenuated below 120 Hz. (See Question 18.81.) The filter and rolloff characteristics are of exceptional help when
reverberation is a problem in a hard walled room.
A comparison of a standard cardioid
microphone with the Electro-Voice 642
and 643 relative to increased distance
pickup, is shown in Fig. 4-102. Normally
pickups at a distance of 50 feet or
greater, using the above precautions,

a truck and pointing out a rear door,
poor pickup may be experienced for the
following reason. All sounds, both
wanted and unwanted arrive at the mi-

crophone on -axis. Since the only entrance

is

through the truck door, no

cancellation occurs because the truck

walls inhibit the sound from entering
the sides of the microphone. In this instance, the microphone will be operating as an omnidirectional microphone.

Due to the reflected sound from the
walls the same condition will prevail
in a room where the microphone is
pointed through a window, or when
operating in a long hallway. For good
pickup, the microphone should be operated in the open and not in closely

filter may be left in, and the number 1
rolloff used, as most male voices may be

arc possible; however, quite satisfactory
pickups have been made at distances of

150 feet. Only through experience will
its full capabilities be realized.
4.103 Whet is o rifle microphone?

-The rifle microphone consists

of

a

microphone transducer with a series of
tubes of varied length mounted in front
of

the

transducer

diaphragm

(Fig.

confined quarters.
Because of the narrow included angle
of the pickup, random noise is reduced

4-103A). The transducer may be either
a capacitor or dynamic type. The tubes
are cut in lengths from 2 to 60 inches,

considerably, and the distance to the

and bound together. The bundling of

sound source may be increased without
a loss of presence. It should be understood that this microphone cannot be
compared to a zoom lens: the focus

the tubes in front of the transducer diaphragm creates a distributed sound en-

does not vary nor does it reach out to
gather in the sound. What the narrow
polar pattern and high rate of cancellation does is to reduce the random
sound energy and to permit the raising
of the amplifier gain following the microphone, without seriously decreasing
the signal-to-noise ratio. This permits
the pickup of voices at a distance that

trance and the omnidirectional transducer becomes highly directional.
Sound originating on the axis of the
tubes first enters the longest tube and
as the wave front advances, it enters
successively shorter tubes in normal
progression until the diaphragm is
reached. Sounds reaching the dia-

cannot be understood to be reproduced
with intelligibility.
Difficulties may also be encountered

phragm from the source travel the same
distance, regardless of the tube entered;
thus, all sounds arriving on -axis are in
phase when they reach the diaphragm.
However, sounds originating 90 degrees
off -axis enter all tubes simultaneously.

using this microphone on stage and

A sound entering a longer tube may

picking out a speaker in the audience,
particularly where the voice is 75 to
100 feet distant and fed back through

travel 18 inches to reach the diaphragm,
while the same sound traveling through
the shortest tube will travel only 3

a reinforcement system for the audience
to hear. Under these circumstances,
only about 30 to 50 feet is possible with-

inches, with other differences for the
varied length of tubing, thus causing

out acoustic feedback; even then the
system must be balanced very carefully.
If the pickup is being made in a wind
of 20 miles per hour or more, the 1.00 -

Hz high-pass filter in conjunction with
the Aconstifoant wind screen will elim-

an out of phase signal at the diaphragm.
Under these conditions, a large portion
of the sound originatiug at 90 degrees is

canceled; from 180 degrees an even
greater phase difference occurs, and

caused by the wind. Switching in one

cancellation is increased considerably.
The RCA MI -10006A Vari-directional
microphone (Fig. 4-103A) consists of
nineteen "As -inch plastic tubes, ranging

of the low -frequency rolloffs, as shown
in Fig. 4-101G, may also be helpful. If

from 3 inches to 18 inches in length.
Each tube is damped to prevent reso-

inate

the

low -frequency

distortion
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Fig. 4-103A. RCA MI -10006A Vari-directional microphone.
DEGREES
10

having a life of several months. The

50

polar and frequency response are shown
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in Figs. 4-103B and 4-103C. Two posi50
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GO

Fig. 4-103C
4.104 How is

90

level of o microphone, rote?-The EIA

70

03

100

10

110

tions for reducing low -frequency response are provided at the transducer
and are indicated by the dotted lines in

th of loctiv output

standard defines the system rating (G..)
as the ratio in decibels relative to 0.001
watt per 0.0002 dyne per square centimeter of the maximum electrical output

from the microphone to the square of
the undisturbed sound field pressure in
a plane progressive wave at the microphone. Expressed mathematically:

570 IGO 170

VAR1 DIRECTIONAL MiCROPHONE ONLY
VARI -DIRECTIONAL MiCROPHONE AND
uLTRADIREC TiCNAL ATTACHMENT

Fig.

4-103B. Polar plot for RCA Ml -

G. = (20Log,..

10006A Vari-directional microphone.

E.- 10Log.. Z.) - 50 dB

where,

E. is the open circuit voltage of the

nant effects. The tubes are bundled and

microphone,

P is the undisturbed sound field pres-

mounted in front of an omnidirectional
capacitor -microphone head. An amplifier contained m the transducer housing
is supplied front a small nittery pack,

sure,

and Z. is the microphone rated output
impedance.
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Fig. 4-103C. Frequency response for RCA MI -10006A Vori-directional microphone.
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For all practical purposes, the output
level of the microphone can be obtained

by adding to G., the sound pressure
level, relative to 0.0002 dyne per square
centimeter.

The sound pressure level (SPL)

is

measured with a sound level meter (see

Question 22.94). The sensitivity to extraneous magnetic fields is referred to 1
milliwatt and calculated in the same
manner as for the effective output level,
using as the output voltage, the voltage

produced by an arbitrary 60 -Hz magnetic field of 0.001 gauss. This subject is
discussed in detail in Question 23.81.
4.105 Show the relationship between air -particle amplitude, requeney,

I 111111.11111111.11111111,4

and sound pressure in microbars.-By
referring to the graph in Fig. 4-105, the

air -particle amplitude for frequencies
ranging from 10 to 10,000 Hz, may be
read directly in microinches for sound
pressures between 0.0001 microbar and
100 microbars. As an example: What is

the air -particle amplitude for 1000 Hz
at an SPL of 0.01 microbar? Enter the
graph at 1000 Hz at the left and follow
the horizontal line to where it intersects the diagonal line for 0.01 microbar.
Follow the intersecting vertical line

downward to the lower margin, and
read 0.015 microinch. For 10,000 Hz, the
amplitude is 0.0015 microinch. Drop-

ping down 10 Hz, the amplitude increases to 1.15 microinches. Taking the
amplitude of 10,000 Hz at 0.01 microbar

it ilii"===il'Hi==iifiii=='-

and 100 Hz at 100 microbars (which
equals 1500 microinches) the ratio is

ill Priggingrigarla
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4.106 What is the average output
level of different type microphones, taking into consideration the basic design?

-The majority of microphones manufactured in the United States rate their
microphone level in accordance with

d/M141.M

the EIA formula, discussed in Question
4.104. However, some European manufacturers rate their output level in volts
for a given impedance. Using the E1A
standard output rating, the average
output levels for several different type
microphones are:

Ad1dE71111111girlE
111111111E1111111,

Carbon -button
(communication type) - 60 to -50 dB,

"0,

'..=1
INKIIIMM
MIME
1111/11FAll

1.11M111111111

:;
1=11.11:1111=11
la .=3111111111111rAMIME
IrAIIMINII IMAM_
AINEMI WEE=

iii

IIII®R
sour

MEW

Crystal
Ceramic
Dynamic (moving coil)
Capacitor
(internal amplifier)
Ribbon -velocity

-20 to -10 dB
-50 to -41 dB
- 50 to -40 dB
- 53 to -48 dB
-51 to -37 dB
-51 to -48 dB
(up to() dBm)

Lavaliers (dynamic
moving -coil)
Transistor
(communications)
Sound power
(moving -coil)

- 67 to -60 dB

- 60 to -53 dB

-32 to -20 dB

Microphones are also rated by stating
the output impedance and output level
relative to 1 milliwatt /10 dynes/cm'.

Fig. 4-105. Amplitude of vibrating air -

4.107 Show a nomograph for determining the output level of a microphone,
both open -circuit and terminated.- For
low -impedance type microphones (250

particle versus frequency.

ohms or less) the output level is given

ZA1111.4.1161101111.4
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does not change with the transformation, except for a small insertion loss
of the transformer, which is generally
less than 1 dB. As an example: For a

N TE RNA&

or
kecnoeucee

NVEDANCE

low -impedance microphone with a sensitivity rating of minus 60 dB, re: 1 mil-

ti
Fig.

liwatt/10 dynes/cm', what is the input
voltage at the grid of the amplifier?
Visualizing the microphone as a gen-

4-107A. Equivalent circuit for a
microphone output circuit.

erator

in dB, with reference to 1 milliwatt/10
dynes/cm" sound pressure. For carbon
and

high -impedance

the diaphragm, the microphone will de-

liver into a resistive load (equal to its
own impedance) a power of 10' watt.

microphones

(above 250 ohms) the output level is
referenced in dB to 1 volt, for 1 dyne:
cm' sound pressure. It will be noted
that both the acoustical pressure at the
face of the microphone and the electrical output arc given. Therefore, the
microphone may be considered to be an
acoustical generator, with a voltage or
power output.
The specified output level is taken at

Therefore:
F..' = 10-' E. = 3.18 X 10" x Ft?,

For an impedance at the grid of the first
stage of 40,000 ohms, the output voltage
will be:
F... = 3.18 x 10-' x 40,000 ohms
= 0.0637 volts

(for 10 dynes/cm' sound pressure).
If the microphone is operated open -circuit, the output voltage will be doubled.

250 Hz for high quality wide -range pro-

fessional microphones, while for communication types which have considerably less bandwidth, it is taken at 1000
Hz. For low -impedance microphones.
the power output is specified. Since the
output impedance of these microphones
is low,

it is customary

(Fig. 4-107A), the sensitivity

rating of minus 60 dB means that for
an acoustic pressure of 10 dynes/cm' at

A nomograph for determining the output voltage for various sensitivities is
given in Fig. 4-1078. (See Question
12.170.)

High -impedance microphones are not
transformed, as they are already 20,000
to 40,000 -ohms impedance (internal
transformer), and may be directly connected to the input of an amplifier, and

to transform

them to a higher impedance for application to the input circuit of an amplifier.

The output is given in power, which
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the sensitivity is given as an open -circuit voltage, for a given sound pressure.
A high -impedance microphone, with a
sensitivity of minus 55 dB re: 1 volt/1
dyne/cm' will produce an open -circuit

a few percent the amplitude of the vibrating air particles. The amplitude of
the ribbon deflection may be calculated:
e10"d
= LB2irf

voltage of 0.0018 volt, with a sound

pressure of 1 dyne/cm'. The sensitivity
rating determines the output voltage at
only

one

sound

pressure.

However,

since nearly all microphones are linear
over all

pressures

encountered,

where,

d is the deflection amplitude,
e is the open circuit voltage,
L is the length of the ribbon in centi-

the

meters,

is the flux density in the air -gap in

voltage output is a direct function of

13

the sound pressure. If the pressure is
increased by a factor of 10, the electri-

and f the frequency in Hz.

cal output will increase by a factor of
10. Thus, knowing the sound pressure
and sensitivity, the output voltage may
be determined.
Sound pressure is generally given

in reference to 00002 dyne/cm', and is
considered to be zero sound pressure.
and is approximately equal to the
threshold of hearing. Typical sound
pressures arc:
Speech,

1/4 -inch

from

microphone

front, 107 dB (peaks may add another
12 dB)

15 -piece orchestra, 72 dB (with another 20 dB on peaks)
Threshold of pain, 130 dB
Acoustic noise in very quiet studio,
10 dB

Thus it can be seen that the first stage
of a microphone preamplifier is required to operate over a wide range of
input voltage.
To use the nomograph, two factors
must be known in advance-the output
relative to 1 milliwatt/10 dynes/cm',
and the impedance. For example, to
find the open -circuit output level for a

gauss,

As an example, if the ribbon length is
5 centimeters, the flux density 10,000
gauss, the frequency 1000 Hz and the
open circuit voltage 0.001 volt, for a
sound pressure of 1 microbar, the ribbon -deflection amplitude is 1.2 -micro inches. As the frequency decreases, the

ribbon deflection increases. For an increase in frequency, the ribbon deflection decreases.
4.109 Whot does

the term dBV
meant-This term is used with a microphone when the output level is rated
with reference to a one -volt reference
level. (See Question 10.36.)
4.110 How is the transformer in a
microphone designed to prevent pickup
from extraneous fields?-The coils are
wound hum -bucking and the whole assembly is encased in a triple -shielded
case as shown in Fig. 8-50. The efficiency of transformer shields may be
measured

as

described

in

Question

23.162.

4.111 How are unidirectional ribbon -velocity microphones operated from

a boom? -- For an example, the RCA

microphone of 30 -ohms impedance,
rated minus 50 dB (RCA 77 -DX, Ques-

MI -10001C microphone (Question 4.59)
is suspended from a turret head on the

tion 4.77), a straight edge is laid from
the 30 -ohm impedance on the upper
scale to a minus 50 dB on the center
scale. The output level is read on the
open -circuit values on the lower scale,
which for this example is 1.5 dB above
1 millivolt. Terminating the microphone
in its own impedance, the output volt-

boom, tilted at an angle of 45 degrees
relative to the floor, about 4 feet from
the sound source. For dialogue, the
voice filter is used or dialogue equalization in the mixing panel (one or the

age level drops to 4.5 dB below a reference level of 1 millivolt.
4.108 Give the equation for calculating the ribbon -deflection amplitude in
a ribbon -velocity microphone. -01 the
various types of microphones developed
through the years, the ribbon -velocity
microphone has, by far, the greatest deflection amplitude, approaching within

other, but not both). For a

normal
pickup at this angle, the response
changes less than 1.5 dB at any fre-

quency. The ribbon should never be
placed parallel to the floor, because of
the directional nature of the human
voice at the higher frequencies. (See
Question 4.114.)
4.112 How should microphones be

placed on a stage for the best results?Several microphones spaced about 10
feet apart should be placed in the foot-
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light trough, in an enclosure made of

244-

wire screen and covered on the outside

with 2 inches of rock wool and a thin
layer of felt on the inside surface (Fig.
4-112). This enclosure is designed to
reduce or eliminate pickup from the
orchestra

pit.

Unidirectional

* 4E

2- ROCS

SC 5t E

*VOL

24:

micro-

phones with rather broad polar pat-

!VI

terns should be used; they can be caFELT

pacitor, dynamic, or ribbon -velocity
types. Microphones should also be hung

from overhead when possible, in areas

where the players are likely to move,
to assure an even sound pickup. This
is particularly true if the actors turn
their backs to the audience.
For small band combinations with a
vocalist, it may be necessary to hang a
loudspeaker 10 to 15 feet above and
slightly behind the performers, and

play back the program material at a
level that cannot be heard by the audience or fed back to the microphones.
This gives the musicians and the vocalist a feeling of the reproduction in the
auditorium, and reduces the dead feeling due to the acoustic damping of the
stage equipment.
Each microphone output is brought
to a separate mixer control at the console. It is of extreme importance that
all microphones be in electrical phase
with each other, or dead spots may occur between microphones, as the actors
walk in front of the microphones. Phasing is discussed in Question 4.85. For
the most satisfactory sound pickup, the

operator should attempt to follow the
action, using only the necessary microphones. Separate microphones are used
for the orchestra pickup.
If loudspeakers arc used in the auditorium for sound reinforcement, the reproduced level should be just loud
enough to get a good coverage, and of

such a level that the audience is not
aware that reinforcement is being used.
4.113 How is a sound pickup made
from an outdoor bond shell?-Because

of its design, the shell acts as a huge
concentrator making it difficult to obtain a pickup with good orchestra balance. This undesirable effect may be
overcome by the use of polycylindrical
diffusers, as explained in Question 2.76.
The use of polycylindrical diffusers will
also permit a better balance between
the instruments and eliminate resonant
peaks that go with a band shell.

4314

What arc the general rules

INCROPMCNE

Fig. 4-1 1 2. Plan view of mic ophonc enclosure for use in a footlight trough.

pertaining to the placement of microphones

for

recording

dialogue,

music

and sound effects, and lecterns?-A single microphone pickup should be used
whenever possible. When two or more
microphones are used simultaneously
for recording either dialogue or music,
they should be placed at least 10 feet
apart. Also, their levels should not dif-

fer by more than 2 dB, have similar
frequency characteristics, and be

in

phase electrically if the final result is to

be uniform. An exception to the foregoing occurs when solo microphones
are used.
When

multiple microphones are
placed relatively close to the source of
the pickup for either dialogue or music,
and the sound source is directional, it
becomes more important than ever to
observe the distance the microphones
are separated, their signal levels to one
another, and the phasing.
Microphones should not be placed
near highly reflective surfaces and must
be suspended by resilient supports from
either a boom or stand. For television
and motion picture recording, the distance the microphone is placed from
the source of sound will depend on the
scene being photographed. Obviously,
long -shot quality with reverberation

cannot be used with a close-up and
vice versa, as neither would sound
natural.

The boom man should not be confused about the position of the camera
or its distance from the subject

as

close-ups and medium -long shots arc
often made without moving the camera,
only the lenses are changed. This is
particularly true if a zoom lens is employed.

For a medium shot, the microphone
is moved a little farther away from the
subject than for a close-up. For a long
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shot the microphone is left at a distance

door scene is being shot indoors. the

comparable with the picture composition. However, this is not always done
when making motion pictures for television viewing exclusively, as it is important that the dialogue have a high
rate of intelligibility.
It is the practice to employ a fixed

microphone must be kept close to the
source of sound to prevent picking up
an undue amount of reflected sound
and thus lose the outdoor effect. If the
indoor scene is being shot outdoors,
reverberation can he introduced later
during rerecording to simulate the in-

amount of midrange high -frequency
equalization and rolloff at the low fre-

door scene.

quencies in the production mixer panel.
The midrange high -frequency equalization adds presence to the voice, and the
low -frequency rolloff attenuates the
tubbiness in male voices and reduces
low -frequency noise picked up on the
set. The same type microphone should
be used throughout a production, if
possible; if it is not, a noticeable change
of quality will be apparent and difficult
to correct later in rerecording. After the
correct equalization has been selected
for a given type microphone, it should
not be changed. If different type microphones are employed, their frequency
response must be matched to that of the

original microphone. Any further corrections as to presence and low -frequency attenuation should be left to rerecording. Twelve dB of low -frequency
attenuation is maximum, but less than
6 dB (100 Hz) should not be used.
A microphone suspended from a

boom should not be panned with too
great a rapidity if it can be avoided.
as noises may be generated by the

As most recording systems provide
headphones for the boom man, it is his
responsibility as well as that of the

mixer to maintain a uniform quality of
pickup by keeping the microphone at
a fixed position in front of the actors
although he is required to move the
microphone over a considerable area of
the set. If the actors are spaced a considerable distance from each other and
it is not practicable to pick them up
with one microphone, two microphones
are used; however, it is highly impor-

tant that the microphones be phased.

The phasing of microphones

is discussed in Questions 4.84 and 4.85.
Unidirectional capacitor -dynamic, or

ribbon -velocity microphones are used
for motion picture recording and television. because of the high ratio of
back-to-front pickup. The microphone
is maintained within a distance of four
feet forward of and not less than three
feet above the person speaking. This is
illustrated in Fig. 4-114A.
Microphone booms designed for motion picture recording are equipped

movement of the boom mechanism and
the swishing of the air as it passes over
the face of the microphone.
Recording outdoors is not too differ-

with a rotatable turret head for gun-

ent from recording indoors. U an out-

stances

ning the microphone rapidly from one
source of pickup to another. This keeps
the pickup quality uniform. In some ina

tilting mechanism

is

also

Fig. 4-114A. Microphone placement showing the camera angle and a microphone
suspended from a turret head on o boom.
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Fig.

4-1 14C. Usual microphone placement on lectern.

mounted on the turret head to permit

must be smooth without overshooting
the subject. Although this microphone
is satisfactory for fixed shots, it is not

the microphone to be moved in a vertical direction. Rotating a unidirectional

recommended for boom operation.
Microphones are expected to operate

microphone such as the RCA MI -10001

under adverse conditions. To facilitate
their operation and increase their usefulness, several devices have been de-

(Fig. 4-59A), only varies the sensitivity
about 1.5 dB when rotated 45 degrees

either side of the center plane of the
ribbon. The closer these type microphones are placed to the subject, the

vised. Among these arc the wind screen

quency attenuation is introduced start-

and the rain screen. In the early days
of sound recording, several layers of
thin silk were wrapped around the outside of the microphone to reduce the
effects of wind. The many layers of silk
also served to reduce the high -fre-

ing at 800 Hz and slowly tapering off
to a point where 100 Hz is down 8 to
12 dB with respect to 1000 Hz. This

quency response and affected the quality of the recording. Later, manufacturers of microphones developed special

characteristic is discussed in Question

wind screens that could be easily attached to the microphones when re-

greater will be the increase of low -frequency response. (Sec Question 4.127.)
For dialogue recording, low -fre-

18.81.

Dialogue should never be re-

corded flat because of the increase of
tubbiness of the human voice due to
set conditions and also to microphone
characteristics. If more than one microphone is being used, the voice filters or
equalizers must be set to achieve as
near similar frequency -response characteristics as possible. If dialogue
equalization is used in the mixer, the
microphone is set for a flat frequency
response. Dialogue equalization and the
voice -filter ore never used in combination.

If a bidirectional ribbon -velocity microphone (Fig. 4-50) is used, it must
be kept from 4 to 5 feet away from the
subject to prevent a tubby response. If
the microphone is rotated, it must be
done in such a manner that the dead
side of the field pattern (Fig. 4-7C)
does not face the sound source. Panning

quired. The design of these screens is
such that wind noise is reduced without affecting the sound quality. A typical wind screen is shown on the microphone in Fig. 4-31.
Special effects such as creating the

illusion of a large auditorium may be
obtained by placing the microphone in
such a relationship to the sound source
that a greater part of the pickup is reflected rather than direct sound. If this
is not satisfactory, the sound is reverberated by the use of an echo chamber
or reverberation unit, described in
Question 2.80. The ratio of direct sound

reflected sound for an omnidirectional microphone, compared to a cardioid and a bidirectional ribbon -velocity microphone is given in Fig. 4-114C.
Microphones used for production recording should have frequent cheeks
to
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of their sensitivity, frequency response,

source. Major dips in the frequency

phasing, and overall sound quality to
determine whether any internal noise

range of 800 Hz and higher will be quite

is being generated. These tests may be
made using the techniques described in
Question 23.80.
Microphone placements

for large
orchestra setups are discussed in Ques-

tions 2.118, and 2.120. Although there
are some basic rules for such pickups,
each mixer has his own preference as to
microphone placement, because he must
consider the characteristics of the stage,

the number of pieces in the orchestra,
and the type of music being recorded,
also if it is monophonic or stereophonic.
All of these factors affect the placement
of the microphones and only actual listening tests will determine the
locations.

best

In some instances where it

not

is

noticeable, resulting in a lack of presence.

If the placement of the micro-

phones is changed to where the microphones are rotated 15 to 25 degrees
from center (included angle of 30 to 50
degrees) with about 12 to 20 inches between, better results may be expected.
Greater angles will permit the speaker

more latitude of movement, and the
smaller distances between the microphones reduces both the acoustic feedback and background noise. One of the

most important points to remember is
the microphones must be in phase elec-

trically as discussed in Question 4.84.
Also, the output levels should be within

plus or minus 2 dB, with similar frequency characteristics.

practical to use a microphone on a

Although omnidirectional or bidirectional microphones can be used for a

boom, a wireless microphone, as de-

single

scribed in Question 4.72, may be used.
Microphones may also be concealed on

generally unsatisfactory because noise

the set; however, they are seldom in
the correct relationship to the source

mixed with the

of sound. If the shot is a fixed one and
the characters do not move out of the
field of the microphone, it may be hung
permanently overhead or concealed on
a table or in some other object near the
source of the pickup. (See Questions
6.122 and 18.81.) For long range pick-

microphone pickup,

they

picked up from the audience side

are
is

speaker's voice and
when sound reinforcement is in use,
serious acoustic feedback can occur.
If an omnidirectional microphone is

used, the speaker must work as close
to the microphone as possible, and the

gain of the system must be continuously monitored to prevent feedback.
For a single microphone pickup, it is

ups, such as race tracks, parades,
groups of people in a crowd, etc., a long
range microphone or sound concentra-

much more satisfactory to use a lavalier
type microphone, as discussed in Question 4.81. If a bidirectional microphone

tor may be employed, as described in

is

Questions 4.100 and 4.101.

Placement of microphones may appear at first glance to be quite simple;
however if certain precautions arc not
observed, a radical change in the quality of the pickup can occur quite easily.
The usual manner of setting up microphones on a lectern is shown in Fig.
4-114B. If the speaker stands at position
and does not move, the pickup
could be satisfactory. However, speakers do not always stand in one place,
and it is not uncommon for them to step
completely out of the area of pickup.
At position 2, the sound originates off
axis from microphone 2, but is fairly
1

on axis of microphone 1. Any movement

by the speaker in this area is manifest
by a considerable change in the quality
of the sound, because of phase differences between the two microphones due
to spatial relationship to the sound

used, (figure -8 polar pattern) the
waist of the polar pattern is turned
toward the audience at an angle of
about 30 to 45 degrees, to reduce the

pickup from that direction. Microphone
placement for several different type
pickups is discussed in Questions 2.124
and 2.127.

Recording of sound effects is rather
simple, as only two rules are important.
The first is to record as much level on
the sound track as practicable, keeping
in mind the scene in which it is to be
used. The second rule is to keep the
hackground noise to an absolute Minimum. Equalization should be adjusted

to bring out any special effects at the
low- and high -frequency end of the
spectrum. This will result iu good solid
sound tracks that can be again equalized during rerecording to suit the
scene. Many times a good sound effect
is unusable because the level is too
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low, and in trying to bring it up to a
useable level, the background noise becomes excessive. Therefore, the same

fier control grid consists of resistance
and capacitance in parallel. Also, over
the useful frequency range the thermal

care must be exercised for recording
sound effects as wher recording dia-

noise is least when the resistance is the
highest. For these reasons no physical

logue.

grid resistor is employed, the effective
resistance between the control grid and
cathode being that established by the
input of the tube itself. Thus, the load

4.115
a

Describe the construction of

high -intensity capacitor microphone

head.-High-intensity capacitor microphone heads are especially designed for

measuring high-level sound pressures
of jet engines, explosions, acoustic wave

shocks, and atomic blasts. A typical
example of such design is the Alice Lansing type 2I -BR, shown in Fig.
4-115A. The general theory of its operation is the same as that explained in
Question 4.41. Except for the stiffness
of the diaphragm, and the internal capacitance being less, the heads follow
the same general design.
In the Altec-Lansing capacitor -mi-

crophone preamplifier the conventional
grid resistance is omitted. Since the
microphone head is capacitive, extended low -frequency response dictates

resistance is extremely high and the
self -established bias is steadily main-

tained at approximately 1 volt negative.
Consequently, the polarizing voltage
applied between the electrodes of the
microphone head is approximately 1
volt less than the de voltage drop
across the cathode resistance. The voltages required for operating the amplifier are supplied from an external
power supply.
The

cross-sectional

view

in

Fig.

4-:15A is of a typical high -intensity microphone head. Such heads may be obtained for measuring SPL 's up to 200

dB, over a frequency range of

5

to

that the shunt resistance of its load

15,000 Hz. The selection of the proper
head depends on the device to be mea-

must he as high as possible. The source

sured,

impedance viewed from the preampli-

maximum SPL expected. The diaphragm (A) is 0.5 inch in diameter,
made of glass ground optically flat to

its frequency range,

and

the

the thickness of 0.002 to 0.013 inch, depending on the required sensitivity.
One surface (B) is gold plated, which

makes contact with the outer shell. A
damping plate (C) is placed over the
diaphragm. The fixed electrode (13) is
ungrounded and is a machined part ex-

tending through a Mycalex dielectric
(E). The dielectric is provided with
4-115A. Cross-sectional view of
Altcc-Lansing 21 -BR high -intensity capacitor microphone head.
Fig.

annular corrugations between the fixed
electrode and the outer sleeve to extend
the length of the surface leakage paths.
To maintain the highest surface resis-

Fig. 4-115B. Polar diagrams for Alice -Lansing 21 -BR high -intensity
capacitor microphone.
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tivity and prevent moisture -film globules,

the surface of the dielectric

is

treated with a silicone compound. The
critical elements are made of either
glass compounds or stainless steel which
have nearly identical coefficients of

thermal expansion, to assure the maintenance of the close spacing.
Holes (F) at the top admit the sound

pressure to the interior. Threads (G)
are for screwing on a protective cap
when the microphone is not in use.
$

6

The axial acceleration of the mass of
the diaphragm causes it to deflect to
an extent proportional to its density,
inversely proportional to the
square of the thickness. Since the diameter of the 21 -BR microphone head is
1%6 inch, or 1 wavelength at 17,000 Hz,
and

variation with the angle of incidence is
limited to the highest frequency, as
may be seen by inspection of the polar
diagrams in Fig. 4-115B. Microphone
heads are available for measuring
sound pressures ranging from 50 dB to
200 dB re: 0.0002 dyne/cm'. The difference in construction is the thickness of
the diaphragm. In the low -intensity
types, diaphragm resonance is damped

principally by means of a narrow air
film between the diaphragm and the
back -plate. However, in the high -intensity designs the rear diaphragm space

is connected to the free air by a vent
of sufficiently high impedance to support the frequency response to 5 Hz,
and fast enough to prevent the development of static pressure differences

when used in aircraft.. If the head is
exposed to moisture for any length of

it may be dried out by placing
it in a desiccator, or by heating it to
time,

300 degrees Fahrenheit.
A typical free -field calibration for an
Altec-Lansing Model 21 -BR -150 head
capable of linear measurement to 158
dB, made at parallel incidence, is shown
in Fig. 4-115C. It will be noted the res-

onant frequency occurs at 11,000 Hz,
with maximum peaks of 4 dB. The polar
pattern is omnidirectional. The 165-A

base to which the capacitor head attaches contains a preamplifier that uses
a 5840 vacuum tube connected as a
pentode cathode follower (Fig. 4-115D).

The output from the cathode follower
and the operating voltages are carried
0

over a 6 -conductor cable to the power

supply. The polarizing voltage for the
head is 200 volts. The cathode current
for the 5840 tube is 5 milliamperes. Although the internal output impedance
of the cathode follower is 640 ohms, it
must not be loaded with less than 50,000
N
5i

13A31111d100

Fig. 4-115C. Typical free -field calibration for Altec-Lansing 21 -BR -150 high intensity microphone, parallel incidence.
The output level is the open circuit voltage in dB re:
volt/dyne cm'.
1

ohms, which is substantially an open
circuit. Lower impedances will affect
the linearity of the cathode follower.
A plug-in transformer may be used for
providing a number of output impedances.

Linear limit is the SPL that produces

an open circuit output voltage of 20
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volts; this is the level that causes the
cathode follower to depart
dB from
1

a linear input-output response at 10,000

Hz when the output is loaded with its
regular cable. The average noise
threshold is an SPL that produces a
signal-to-noise ratio of unity and a
noise output of 0.2 mV. The total noise

primarily the thermal noise of the
input circuit of the microphone, with
is

contributions from tube and leakage
currents across insulating materials.
4.116 What is o filter microphone?
-A microphone used to simulate a
telephone conversation during a radio
broadcast. A normal microphone is used

with a telephone equalizer or filter in
the circuit as described in Question 7.73.

The actors, when required to carry
on a conversation over a telephone, step

?,z

a

a!
aeI

4z°
2

2
N
2

1

---j000000

Fig. 4-115D. Schematic diagram for Altec-Lansing 21 -BR capacitor microphone,
165-A base, and 526-B power supply.
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Fig. 4-117A. Altec-Lonsing Model 689BX dynamic cardioid microphone and Model
1 8 IA hanger.
the filter microphone and use it,
rather than having the mixer cut -in a
telephone equalizer or filter each time
to

it is required.
4.117 How are microphone hangers
constructed)-Each type microphone as
a rule requires an individually designed
hanger because of the microphone body
contour. However, all the microphone
hangers have one thing in common, the
is supported by a metal
holder which is in turn supported by
a rubber mounting of some sort.
The purpose of the hanger (besides
holding the microphone) is to isolate
the microphone from vibrations trans-

microphone

mitted by the microphone boom and its
mechanism. The hanger should also be
designed that when attached to a boom.

it can be turned toward the actors for
the best sound pickup. (See Question
2.101.)

The hanger used to support the RCA
MI -10001C microphone from a boom is
shown in Fig. 4-59A. It will be noted in
this hanger two metal rings are
clamped around the microphone body,
and arc supported by a group of heavy
rubber bands fastened to a larger ring
supported by a vertical bracket held by
the turret head of the microphone

boom. Wing nuts at the lower end of
the vertical bracket permit the microphone to be tilted at various angles
with respect to the sound source. Several different type hangers may be seen
in Figs. 4-31, 4-39, 4-46, 4-59, 4-97, and
4-117A and 4-117B. A special hanger,

Fig. 4-1 1 7B. Altec-Lansing Model M30
capacitor

cardinid

microphone

and

Model 169A hanger.

including a tilting mechanism has been
developed by the Fisher Boom Co. for
the microphone boom pictured in Fig.

2-101A, which will permit the boom
man to change the angle of incidence
with respect to the persons speaking, as

well as, "gunning" or "panning," from
person to person.
4.118 Describe the construction of

an optical microphone. In an optical
microphone, the sound waves modulate
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light beam reflected from a small
mirror mounted on a ribbon or a diaphragm This design is one that has

a

been under discussion for many years,
and to date no microphones of this design have been produced commercially.
It has been proven mathematically that
it is not feasible to build such a microphone, although several patents have
been issued for such a design.
The first design to be discussed was
patented in 1938, by Banks, US Patent
2,259,511, and appears in Fig. 4-118A.
The assembly is housed in a metal container (A) with an opening on one side.
A . thin metal diaphragm
(B) is

output

mounted below this opening, and the
front face is exposed to incident sound,
while the rear face is highly polished to
function as an optical mirror. The diaphragm is suspended a short distance

in front of a fixed reflector (C), with

Fig

4-1 1 8 8.

Optical

microphone

in-

vented by MacDonell. A light beam is
focused on a cylindrical mirror mounted
on a diaphragm. The beam is projected
through a grating to a photocell.

the two mirror surfaces parallel to each

other. A suitable light source and slit
(D) and lens (E) project a beam of
light through the aperture (F) at one
end of the second reflector (C) onto the
rear reflector side of the diaphragm, at
an angle of 45 degrees which, in turn,
is rcrellected back onto the second diaphragm, and so on for a predetermined
number of reflections, in a zigzag pattern.

The light is finally brought to focus
on one edge of a second aperture near

the other end of the second reflector;
however, some light passes through to
the cathode (G) of an electron -multiplier tube (H). In the static condition,
about half of the light passes into the
multiplier cathode; therefore, if the dia-

the lateral movement of the light image

at the focus will be (nD), where n is
the number of reflections of the light
in its passage. The field electrode (I)
opposite the cathode must be light permeable (mesh
signal is taken

form). The generated
from the output electrode of the electron multiplier.
A second US Patent (2,666,650) issued to MacDonell is for a different design shown in Fig. 4-11813. This device

consists of a diaphragm (A) with a
small mirror (B) mounted at the apex
of the diaphragm. A beam of light from
an exciter lamp is focused on the mir-

ror and is reflected to a grid (C) and
lens (D). onto the cathode of a phototube (E). Sound waves striking the

phragm is vibrated, the reflections from
the diaphragm reflector will cause vari-

diaphragm set it in motion, causing the
front -surfaced mirror (B) to vibrate.

ations in the amount of incident light

The condensed light from the exciter

falling on the cathode of the electron multiplier tube. If the diaphragm reflector moves through a distance (D),

lamp focused on the mirror is refracted

to the grid (C), where modulation occurs, then to the lens (D) and onto the
cathode of the phototube. As the light
beam is modulated by the mirror, it is
reflected to the grid (C) at an angle
which increases and decreases because

OUTPUT

4-118A. Optical microphone invented by Banks. A light beam is modulated by a diaphragm and projected an
an electron -multiplier tube.
Fig.

of the cylindrical shape of the mirror.
The grating consists of a piece of quartz
or glass, divided into parallel lines
equally spaced and equal in width.
Each alternate space in the grid is
opaque. and the intervening clear
spaces arc left more or less transmittive

as dictated by the type phototube employed. The output signal is taken from
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Fig.

4:119A. Euphonies Model C -47M

semiconductor close -talking communications microphone.

phototube and amplified
usual manner.
the

in

Fig. 4-119C. Semiconductor twister element, twister yoke, and supporting pads
with output leads of the Euphonies Model
C -47M semiconductor microphone.

the

Describe
a
semiconductor
close -talking
communication
microphone.-The microphone to be dis4.T 19

cussed is a Model C -47M, semiconductor microphone (Fig. 4-119A), devel-

oped by John F. Wood and George
Grover of the Euphonies Corp., Guaynab°, Puerto Rico. The device consists
of a highly doped silicon semiconductor
element, manufactured by the Endevco
Corp., to which a source of dc voltage
is applied. The silicon element is coupled to a diaphragm through a flexible
yoke. Sound waves impinging on the
surface of the diaphragm cause the
coupling yoke to transmit a twisting
action to the silicon element, changing

its internal resistance. This modulates
the dc voltage applied to the silicon element; thus, an end audio -frequency
signal that is proportional to the sound
wave striking the diaphragm is produced. The output signal is then amplified in the conventional manner. It
should be understood that the semiconductor does not generate a signal,
but modulates the applied dc voltage,
thus producing the audio -frequency
signal.
Referring to Fig. 4-119B, here is
shown a cross-section view of the semiconductor element and its components.
Element (A) is a laminated epoxy

beam, with the upper surface (B) gold

plated, and a brass strip (C) on the

0
O

0

0

O ®

71-67-1171,Wis stgoo

s
0

Fig. 4-11913. Cross-sectional view of Euphonies Corp. Model C -47M semiconductor
communications microphone.
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Fig. 4-1 1 9F. Internal and external confor Euphonies Corp. Model
C -47M semiconductor close -talking communications microphone.
nections

Fig. 4-1 1 9D. Semiconductor clement asfor Euphonies Model C-4 7M
semiconductor close -talking communications microphone.
sembly

lower surface. A notch

(D) is cut
through the epoxy to the inside surface

of the lower strip (C), leaving a hinge
for stress concentration. There is no
electrical connection between the upper
surface (B) and the lower surface strip
(C). Above the notch is soldered a silicon semiconductor element (E) shaped

in the form of a letter H, shown in the
enlarged drawing at (F). The silicon
fiber (E) is about 0.005 inch in thickness, and connects to the two larger

end portions. A flexible yoke (G) is
slipped over the silicon element, and
connects to a 2 -inch conical diaphragm

(H) made of Le.ran, a metal similar to
aluminum but more durable. Two resilient pads (I) are used to support the
ends of the epoxy beam, and to isolate
it from shock and vibration. Contact is
made to the two ends of the silicon dement by low -resistance leads (J), held
in place by the pressure of the pads (I).
The assembled semiconductor element and its modulating yoke is shown
in Fig. 4-119C, and mounted in its sup -

porting structure as seen in Fig. 4-119D.

The semiconductor element has a fre-

quency range from do to 50,000 Hz;
however, for this application the frequency range is limited from 100 to
6000 Hz, with a peak in the midrange
frequencies (Fig. 4-119E). The
output impedance is 500 ohms. With 12
high

volts dc in series with 1000 ohms applied to the silicon element, the output
level

is

minus 52 dB re:

1

mW/10

dynes/cm'. The open -circuit voltage for
close speech work is approximately 10

volts. A higher output level may be
obtained by increasing the dc voltage.
However, increasing the do voltage requires that the series resistance also be

increased to limit the current through
the silicon element to a maximum current of 13 mA or less. With 20 volts de
and a series resistance of 2000 ohms, the
output level is increased to minus 46 dB
re: 1 mW/10 dynes/cm'. A diagram of

the internal and external connections is
given in Fig. 4-119F.
4.120 What is a differential noise cancelling
microphone?
Differential
noise -cancelling microphones are es-

sentially designed for use in automo-
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Fig

4-1 1 9E. Frequency response of Euphonies Model C-4 7M close -talking communications semiconductor microphone.
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aircraft, boats, tanks, publicaddress systems, and industrial plants,
biles,

or for any service where the ambient

conditions and 87 percent in an ambient
noise level of 115 dB. The frequency response is 100 to 4000 Hz, with an output

noise level is 100 dB or greater, and the
microphone is hand-held. Two different
designs of noise -cancelling microphones, manufactured by Electro-Voice,

level of minus 50 dB re: 1 volt/dyne/

are given in Figs. 4-120A and B. The

The polar pattern is bidirectional, pressure gradient.
4.127 Describe the construction of
on electrostatic -velocity microphone.This microphone was developed about
the same time as the first ribbon -velocity microphones The structure is some-

microphone in Fig. 4-120A is the Model
602F, of the dynamic type. Discrimination is afforded against all sounds originating more than 1/4 -inch from the
front of the microphone. The noise -cancelling characteristic
is
achieved
through the use of a balanced port
opening, which conducts the unwanted

ern', or 0.31 volt into 100 ohms. The internal resistance is 100 ohms and re-

quires 10 to 50 mA of button current

what similar to an electrostatic loud-

sound to the rear of the dynamic unit

speaker. The sensitive elements consist
of a flat insulated perforated plate, cov-

diaphragm, and

out -of -phase with

ered with a group of eight dural rib-

the sound arriving at the front of the
microphone. The noise cancelling is

bons, about 1/4 by 4 inches, and approximately 0.0002 inch in thickness. The
perforated plate has about 80 holes per
square inch. A polarizing voltage of 100

is

for frequencies above
2000 Hz. Only the speech originating
within 1/4 inch of the aperture is fully
most effective

reproduced. The average discrimination
between speech and noise is 20 dB or a
ratio of 100:1 in intensity. The frequency response is 200 to 5000 Hz, with
an output level of minus 60 dB. The im-

pedance may be either high or

150

ohms. The polar pattern Is bidirectional,
pressure gradient.
A single -button carbon -granule microphone, Model 205KK is shown in
Fig. 4-12013. The ambient noise is fed
into two apertures, one above the other

in such phase relationship to provide
almost complete cancellation. Speech
sounds originating 1/4 inch from one of
the two apertures is fully reproduced.
Articulation is 97 percent under quiet

Fig

4-120A. Electro-Voice Model 602F
dynamic microphone

to 350 Vdc is applied between the ribbons and the back plate. Displacement
of the ribbons results in the greater or
lesser charge across the ribbons and
back plate, which is applied to the con-

trol grid of an amplifier tube. In general, it may be considered to be a capacitor microphone. The frequency response is surprisingly good, being fairly
constant from 40 to 5000 Hz; however,
the harmonic distortion is rather high.
1.122 Describe the operating principles of a controlled -reluctance microphone.-This microphone operates on
the principle that an electrical current
is induced in a coil, located in a changing magnetic field. A magnetic armature is attached to a diaphragm suspended inside a coil. The diaphragm,

F,g. 4-12013_ Electro-Voice Model 205KK
carbon button microphone.
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when disturbed by

a

sound

wave,

moves the armature and induces a corresponding varying voltage in the cod.
High output with fairly good frequency

response is typical of this type microphone

4./23 Describe an inductor microphono.-An inductor microphone is a
moving -coil type microphone employing a coil consisting of one turn of wire,
suspended at the rear of a parchment
diaphragm. The coil, because of the diaphragm movement, is caused to move in
a strong magnetic field generating min-

ute voltages. An impedance -matching
transformer matches the low impedance
of the coil to the transmission line. The
field pattern is omnidirectional. The
inductor microphone is now obsolete.
4.124
phasing

What is the standard for
microphones? - Microphones

may be phased against a microphone
known to he in phase, by the method
discussed in Question 4.85. The standard
method as recommended by the EIA for

manufacturers, specifies that the polar-

ity of the microphone or a transducer
element refers to in -phase or out -of phase conditions of voltage developed
at the microphone terminals, with respect to the sound pressure of a sound
wave causing the voltage. Exact in phase relationship can he taken to mean
that the phase of the voltage is coincident with the phase of the sound -pressure wave causing the voltage. In prac-

lice, this relationship may not always be
obtainable.

It is important to keep in mind that
if a preamplifier is connected between
the transducer element and the output
terminals, it may cause a phase reversal. For capacitor microphones, the inward motion of the diaphragm, because
of a positive increment of pressure by
the sound wave, produces an increase
in capacitance. Since the charge (Q :CE) remains constant, an increase in
capacitance will cause a decrease in
voltage across the electrodes. Therefore,
in a pressure -operated capacitor trans-

ducer, the in -phase terminal is the terminal to be connected to the negatively
charged electrode.

For a piezoelectric microphone, the
phasing is determined by the orientation of the molecules in the clement,
which may not be known beforehand.

This may be ascertained by a slight
pressure applied to the sensitive element, and the polarity of the resulting
voltage, determined by observing the
motion of the trace on an oscilloscope,
connected at the output of the microphone In this instance, the phasing of
the oscilloscope must be established beforehand, by use of a battery. (See
Question 23.218.)

Magnetic, dynamic, and ribbon microphones may be phased by the appli-

cation of a low -voltage direct current
of known polarity, applied to the temiiOSCILLOSCOPE

Fig. 4.124A. Test setup for checking the phase of a microphone per the
EIA standards.
OSCIL LOSCCK

Fig. 4-1248. Phase -shift network for

use

with

a

velocity microphone.
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nats of the transducer element, which
will cause a motion of the element. The
in -phase terminal is the terminal which,
when the positive polarity is applied to

the transducer element, moves away
from the observer facing the front of
the microphone. Great care must be exercised when performing the described
measurements, as the moving element
can be very easily damaged.
A microphone -phasing test setup is
shown in Fig. 4-124A, using a loudspeaker for the sound source, and an
oscilloscope for observing the phase
conditions. To establish the proper
phase at the loudspeaker, the speaker is

mounted in an infinite baffle and connected to an oscillator through a 100 ohm resistor. With the resistor in series
with the voice coil, the current through
the voice coil is then in phase with the
voltage at the terminals of the oscillator. If the applied frequency of the oscillator is above the resonant frequency
of the speaker, the pressure will be in
phase with the applied voltage. For an
8 -inch speaker having a resonant frequency of 60 Hz, this condition may be
attained at frequencies between 100 and
400 Hz.

To ascertain the in -phase terminal
of the speaker, a battery is connected
across the voice -coil terminals in such
a manner that the cone moves toward
the microphone; the terminal connected

to the positive terminal of the battery
is the in -phase terminal of the speaker.
With the oscilloscope connected as in
Fig. 4-124A, microphones arc tested by
adjusting the oscillator output for a
suitable acoustic output of the speaker.
The microphone is positioned at a distance of about 2 inches from the
speaker, and the orientation of the oscilloscope trace checked. If the trace is

in the form of a slanted line or ellipse,
with its major axis orientated from
lower left to upper right, then the in phase terminal of the microphone is the

terminal connected to the high potential
terminal of the amplifier. This
relationship should remain over a range
of 100 to 400 Hz,
When this procedure is applied to a
gradient microphone (velocity), the
trace will form a circle, because the
out -of -phase relationship between the

pressure and velocity is a spreading
waveform. This may be corrected by
the use of a phase -shift network, con-

sisting of a 50K resistor and a 0.1-uF
capacitor, as shown in Fig. 4-124B. Except for this detail the measurement
procedure is the same.

The in -phase terminal of a microphone is the number -I terminal. The
in -phase terminal of a loudspeaker and
other equipment is generally marked
with a plus -minus sign.
4.125 Describe the basic design of
an ultrasonic microphone.-Ultrasonic
microphones are used in television receiver remote -control systems, opening of garage doors, control of air-conditioning equipment, slide projectors,
gas -leak detectors, and for equipment
designed for the assistance in directing
blind persons. These microphones are
sensitive to frequencies only in the
range of 25,000 to 40,000 Hz. For the
most part, they arc manufactured using
a two -plate element of lead -zirconium
titanate formed into thin, square plates
The size of the plate determines the response to frequency.

The plate is clamped at four nodal
points of minimum motion, to ensure a
maximum output voltage. The center
of the element is masked so that only

the corners arc driven directly by the
ultrasonic sound waves. The spacing
between the center mask and the element is such that sound reaching the
center of the plate is changed in phase
to correspond with the different phase
relationships of the center and corners
of the plate The space behind the plate
creates a resonate cavity, and the air
compliance assists in control of the
plate motion.
The output level of an ultrasonic mi-

crophone is on the order of minus 65
dB re: 1 1,r/dyne/cm'. The resonant frequency is controlled in manufactnre to

within 500 Hz by adjusting the size of
each individual ceramic element. This
is quite necessary since the elements
must respond to several different frequencies (or control purposes. The remote exciter unit generally consists of

transistor oscillator with a similar
transducer generating frequencies bea

tween 25,000 and 40,000 Hz.

Ultrasonic microphones may also be
designed to use electrostatic elements
similar to an electrostatic loudspeaker,
as they are broadly nonresonant, and
can be operated over a large number of
individual frequencies for circuit -control functions.
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Describe an electret capacitor

The foil is polarized by heating it to

microphone-This is a relatively new
development in capacitor microphones
by Seasler and West of the Bell Telephone Laboratories. The device utilizes
a foil electret (see Question 2551) and

about 200 degrees Centigrade while it is

therefore requires no polarizing voltage.
The frequency response is within plus minus 3 dB, 50 to 15,000 Hz. Sensitivities
of 50 aV re: 1 microbar have been
achieved. Because of its relatively low
impedance, it can he connected directly

the adjacent plates migrate to the elec-

4.126

to a conventional transistor amplifier.
Like any capacitor microphone, the
electret capacitor microphone depends
for its operation on minute variations of
capacitance produced as sound vibra-

tions impinge on one flexible plate of
the capacitor head. However, in this instance. the flexible plate is a foil elec-

tret, constructed of a thinly nictalized
sheet of fluorocarbon or polycarbonate.

The foil contains a permanent static
charge. Since its spacing is varied from
the fixed element, the electrostatic field
is varied, thus producing a varying
voltage at the output terminals. Because
of the static charge no polarizing voltage is

required. The thin film has

a

thickness of 0.00012 to 0.001 inch, there-

fore the capacitance of an electret microphone is about three times that of a
capacitor microphone of comparable dimensions, with lower impedance.

held between a pair of charged metal
plates (spaced 2 -mm) which create an
electrostatic field of between 10 and
100V/cm. Charges identical in sign to

tret, where they remain after cooling.
The sensitivity of the microphone remains essentially

constant over very

long periods of time. Measurements indicate that the sensitivity will fall 50
percent in about 100 years. Because of
its simple, rugged construction and because it is immune to wide temperature changes, It will no doubt find a
wide range of uses in the sound industry, as well as in the recording industry.
For sound pressures of 120 to 140 dB
(re: 0.0002 dyne/cm`), the distortion remains about 1 percent, rising to around
5 percent at 150 dB.
4.127 What is the proximity effect
in a microphone? -1t is the increase in
low -frequency response noted in most
pressure -gradient microphones, when
the distance from the sound source is
decreased, and is most noticeable at
distances of less than two feet. This effect is not encountered in omnidirec-

tional microphones. The proximity effect for a bidirectional microphone is
shown graphically in Fig. 4-57.
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Section 5

Attenuators
Attenuator networks have been in use since the inception of the telephone, for
controlling sound levels and the matching of impedances. Many of the present day
configurations are the work of Otto J. Zobel, W. H. Bode, R. L Diezold, Sallie Pero
Mead. and T. E. Shay, all of the Bell Telephone Laboratories. Tables of constants

developed by P. K. McElroy (also of Bell Telephone Laboratories) for various
values of expression and substitution in equations that have long been a time-saver
for the design engineer and have resulted in greater accuracy are included.
In this section, networks both balanced and unbalanced, fixed and variable. impedance matching, combining, bridging, mixer controls, their design and use are
discussed. The combining of the various configurations is explained, with tables of
constants to reduce computation to simple mathematics
5.1
What does the term attenuation
moan?-The reduction of a sound wave
or electrical energy in an electrical cir-

designed to reduce the signal in a logarithmic manner. The configuration

cuit.

commercially manufactured fixed at-

5.2 What it an attenuator?-An
arrangement of noninductive resistors
in an electrical circuit to reduce the
strength of an audio or radio frequency
signal without introducing appreciable

tenuators are shown in Fig. 5-2. Similar

may take one of several forms. Two
networks arc available in steps of 0.5
dB up to 40 dB for any impedance up
to 600 ohms.
5.3

What is a pod?-it is another

name for an attenuator.
5.4 What does the term network

distortion. Attenuators may be fixed

value or they may he variable. If
they are variable, they are generally
in

mean?-A configuration of circuit ele-

Fig. 5-2. Fixed attenuators. At the left is a "T" type network that can be varied in
steps of 5, 10, and 20 dB, with a total loss of 35 dB. At the right is an "H" network, with a fixed loss of 37.5 dB.
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merits such as those used in filters, attenuators, or equalizers.
5.5 What does the tetra configura-

sistors arc noninductive and correctly
terminated. The terms resistance and

tion mean?-A circuit or network of

with attenuators

impedance

5.12

circuit elements.
5.6

Define the term loss.-A de-

crease in the power, voltage, or cur-

rent at the output of a device compared to the power, voltage, or current
at the input of the device. The loss in
decibels may be calculated by means
of one of the following equations:

are

used

interchangeably

Under what conditions does on

attenuate), show its correct loss?-Only
when terminated in its characteristic
impedance at both the input and output.
5.13

What is a line pad and its
purpose?-A line pad is a resistive network placed between the output of a

line and the device fed by the line to
dB loss =

10 Log,,

20 Log,.

-P,or,

,-VVs
,

= 20 Log,
where,

P, is the power at the input,
Pz is the power at the output,
V, is the voltage al the input,
V, is the voltage at the output,
I, is the current at the input,
1: is the current at the output.

effect an impedance match. A line pad
also supplies a definite termination to

line and to the equipment connected to the line. Line pads are also
the

used to secure a given amount of isola-

tion between the line and the equipment terminating the line. Such a circuit is shown in Fig. 5-13.

5.7 What is insertion loss?-The
loss created by the insertion of a device

in an electrical circuit. The resulting

Fig. 5-13. A line -terminating pad.

loss is generally expressed in decibels.
What is an impedance -matching
noninductive, resistive

5.14 What does the term "so many
decibels of isolation" mean?-It is a

network designed for insertion between

term used to indicate that an attenuator
has been connected between the line
and a piece of equipment. Isolation, in
the form of a pad, is often necessary to

5.8

network?-A

two or more circuits of equal or unequal impedance. When properly designed, the network reflects correct impedance to each branch of the circuit.
5.9 What is an artificial final-A
configuration of resistance, capacitance,

and inductance representing the electrical characteristics of a transmission
line. Attenuators used for reducing the
transmission level of a line consist of
pure resistance and a uniform frequency characteristic over the whole
transmission band. Unless an artificial
line is designed as described in Question 25.182, it will not have the electrical characteristics of the line.
5.10 What is an attenuation char?-A graphical presentation of
acta
the loss in decibels of a device versus
frequency. Attenuators
constructed
using noninductive resistors offer no
discrimination in the normal transmission band. The loss is the same for all
frequencies.
5.1/ What

is the difference between the impedance and the dc resistance of on attenuator?-None. if the re-

supply the correct terminating impedance and to isolate equipment from a
line which has been equalized. Isolation
pads arc also used between filters,
equalizers, and amplifiers to isolate

them from each other and prevent interaction between them which might
upset their frequency characteristics.
Pads are also used with impedance -sen-

sitive devices. A typical circuit showing
an

isolation pad between a low-pass

filter and an equalizer

is shown in
Fig. 5-14.
5.15 What is a ladert-A continu-

ously variable attenuator designed to
pass a signal from one signal source to

another without interruption, and to
provide a smooth transition from one
to the other. A typical fader -control
circuit is shown in Fig. 5-15.
5.16 What is a noninductive resittor?-A resistor having little or no selfinductance. Such resistors are wound
using special winding techniques. A
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fig. 5-14. An isolation pad connected between a low -pose filter and an equalizer.

coiledl-Mica-card, Ayrton-Perry, reversed -loop, figure -8, hairpin, fishline,
woven -tape, bifilar, bifilar-series, and
the slotted -form reversed winding.

Slotted -form resistors (shown in Fig.
5-16C) may be used for grid, cathode,
plate, and screen resistors in amplifiers,

and many other places where noninductive resistors are required.
5.19 What tolerance value resistors
should be used in ottenuotors? -For

5.15. A two -position continuously
variable fader. Both signals are at zero
when the arm is at the center position.
Fig.

precision attenuators, one percent; for
general test work, five percent.
5.20 What effect does on ottenuator hose on the phase relationships in an

slotted -form,

pi -wound

resistor

is

shown in Fig. 5-16A. In Fig. 5-168 is
shown a parallel (bifilar) wirewound
resistor. The resistance wire is formed

into a loop, then wound with the two
wires parallel to each other and in layers. Winding them in this manner can-

cels the self-inductance, for all practical purposes. Fig. 5-16C shows a group

of noninductive wirewound resistors.
May carbon -composition resistors be used for ottenuotorsT-Yes. They
5.17

are noninductive at audio frequencies
and are convenient to use. (See Question 5.87) However, some resistors
which appear to be carbon are actually
wirewound. This may be determined by
checking the manufacturer's specifica-

electrical circult?-None, if the attenuator :a constructed of noninductive resistors and the distributed capacity of
the circuit is held to a minimum.
5.21 What does the term minimum
loss mean when applied to on attenuatort-The minimum loss value for
which an attenuator may be designed
using a given configuration for a given

value of source and load impedance.
The minimum loss for attenuators of
unequal impedance may be read from
the graph of Fig. 5-21.
The graph is entered at the bottom at

the desired impedance ratio, then followed vertically until it intersects the
diagonal line. The minimum loss is then

tions.

read at the left margin in decibels. As
an example: assume an impedance of

5.78 What are the different type
windings used for noninductive resistors

600 ohms is to be matched to an impedance of 150 ohms; this is an impedance

WINDING (MELTON

Fig. 5-16A. A slotted -form, noninductive, wirewound resistor.
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TERMWALS

WIRES
V/04.1110

PARALLEL
ON

FLAT
SOIL

Fig.

5-1613. A parallel -wound bitilar
noninductive, wirrwound resistor.

Fig. 5-16C. Noninductive, wirewound resistors that arc manufactured by Kelvin
Associates.

ratio of four. For this ratio, the graph
indicates a minimum loss of 113 dB.
This is the lowest value for which the
attenuator can be designed. In actual

calculation of attenuator networks, the
values of the most frequently used expressions as tabulated by P. K. McElroy

are given in Fig. 5-22. The various
values of the expressions are substituted in the equations, thus saving

practice the network would be designed
for a loss of 12 to 15 dB.
5.22 What is tit* "K" factor used

much time and resulting in greater

In attenuator equations?-It is the ratio

accuracy.
5.23
If attenuators arc connected

of current, voltage, or power corresponding to a given value of attenuation

in tandem facrres; how is the loss cornputed?-The internal connections for an

expressed in decibels. To simplify the
33
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Fig. 5-23A. Three attenuator connected in tandem.

attenuator of the T -type shown in Fig.

2

5-23A are given in Fig. 5-23B. Contained in the metal housing are six individual pads of 1-, 2-, 3-, 4-, 10-, and
20 -dB loss. The total loss is 40 dB adjustable in steps of 1 dB, by connecting
the appropriate sections in series or

R2

Fig.

5-25. An "H" type or balanced
attenuator.

tandem. Terminals 1 and 14 are common

to all sections and are connected to the
low potential side of the circuit in which

the attenuator is used. Other types of
attenuators have sections with value of
0.5-, 1.5-, 3-, 6-, and 12 -dB loss per sec-

tion. The resistors are noninductively
7

348

8

405

6

9

2dB

lode

5.25

What is a balanced attenua-

tor?-A configuration with resistance

elements in both sides of the line, as
shown in Fig. 5-25.
5.26 Is it necessary to ground an
attenuator?-II the configuration is unbalanced, the attenuator should be
grounded to prevent leakage at the
higher frequencies.
5.27 Where is a ground connected
to an unbalanced pad? --To the side

having no resistance in the line. (Sec

4

3

12

16B

2048
2
I

14

13

Fig. 5-238. Internal circuitry for adjustable attenuator haying 6 fixed steps of
attenuation.

wound, in a metal case that is designed

to be mounted with a single screw at
the center. They may be obtained for
any of the standard impedances.

Fig. 5-24.)
5.28 Where is a ground connected
to a balanced pad?-To the center of

the shunt resistor as shown in Fig. 5-25.
5.29 What is the effect if a balanced attenuator is not grounded? --If

the circuits terminating the network are
balanced to ground, no difficulty should
be encountered. However, if the circuits
are unbalanced to ground (unsym-

metrical), leakage at the higher frequencies may occur. The amount of

What is an unbalanced attenu-

leakage may be measured by applying
a freqnency of 6000 to 10,000 Hz to the
input and observing if the output volt-

ator?-A configuration with the resistance elements in one side of the line
only, as shown In Fig. 5-24.

output circuit is reversed. Assuming the
transmission characteristics of the cir-

An unbalanced "T" type
attenuator.

noted. Any difference noted with reference to 1000 Hz is caused by leakage.
A maximum of 0.25 dB may be tolerated. If possible, a balanced attenuator
network should be grounded either by
feeding it from, or terminating it by, a
balanced to ground circuit, or by connecting a ground directly to the center
tr-r of the shunt resistor.

5.24

Fig.

5-24.

age increases or decreases when the

cuit are uniform over the above frequency range, no turnover should be
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BALANCED

UNBAL ANCE D

5=
Fig. 5-30A Connecting balanced and unbalanced networks with a repeat coil.
UNBALANCED

BALANCED

-Al

Fig. 5-308. Two networks connected in tandem.
5.30 May a balanced network be
directly connected to on unbalanced net-

workl-Balanced and unbalanced configurations cannot be directly con-

nected; however, they may be connected by the use of an isolation or re-

The loss of the network through any
two branches is:

dB = 20 Log,.. (N - 1)
where,

N is the total number of circuits.

peat coil, Fig. 5-30A. U the networks
are not separated electrically, severe
instability and leakage at the high frequencies can result. How this occurs Is
illustrated in Fig. 5-30B. If the networks
are connected without the coil, half of
the balanced circuit will be shorted to
the ground, as indicated by the broken
line. The repeat coil will permit the
transfer of the audio signal inductively,

Thus for a three -branch circuit the loss
is approximately 6.02 dB.
Unused circuits of a dividing or com-

while separating the grounds of the

be designed as

two networks. Even if the balanced network is not grounded, it should be isolated by a cod. Repeat coils are usually
designed for a 1:1 impedance ratio.
However, they generally have taps for
other impedance ratios.
5.31
What is a combining or divid-

(Fig.

ing networkl-A resistive network designed to combine several devices or
circuits, each having the same impedance, as shown in Fig. 5-31A The resistors may be calculated as follows:

bining network must be terminated in
a resistive load equal to the normal
load impedance.

This circuit is often used in the design of sound mixers. This subject is
discussed in detail in Section 9. Combining or branching networks may also

\,N -1- 1 /

where,

R. is the building -out resistor,
N is the number of circuits fed by the
source impedance,

Z is the circuit impedance.

series configuration

branch circuits combined into one out-

put or input circuit. For equal impedances the equation is:

R. - (N
1,14 - 1/
where,

R. is the terminating resistor,

N is the number of branch circuits.
The insertion loss may be calculated:
where,

K.

a

5-31B). Here are shown three

dB =. 10 Log,. (2N

I)

N is the number of branch circuits.

A typical four -circuit combining network, mounted in a metal container, is
shown in Fig. 5-31C. The insertion loss
of a combining network may he avoided
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by the use of an active combining network, as described in Question 5.99.
5.32 What is a "T" type attenuatorT-An attenuator network consisting
of three resistors connected in the form

type attenuator, to work between equal
impedances?
R,,R1

K
(K

Rs- K.K

1 i)

1

) 22

where,

Z is the input and output impedance,
R, and R: are the series resistors,
R, is the shunt arm.

Fig. 5.31 A. A combining or dividing network for matching a single circuit to
three others.

Fig.
Fig.

5-33. Continuously variable commercial -sound "T" attenuator.

5-316. Series combining network.

A "T" type attenuator may be designed

for any value of

loss if designed to

operate between equal impedances. The

numerical value of the foregoing expressions may be obtained from the
table in Fig. 5-22. A commercial -sound,
continuously variable attenuator "r.
configuration is shown in Fig. 5-33.
5.34 What is a taper pod?-A "T"
configuration designed for operation

between impedances of unequal value,
as shown in Fig. 5-34
5.35 What is the equation for calculating taper pads?
R,
Fig.

5-31C.

A

four -branch

combining

network.

of a 'T' as shown in Fig. 5-24. The network may be designed to supply an impedance match between circuits of
equal or unequal impedance. When designed for use between circuits of unequal impedance, it is often referred to
as a taper pad.
What is the equation used for
calculating the element values for a"T"
5.33

Z.1/4K'
(K'÷- 11) Z1(15.1±1)

K' - 1

R.

-

2 Nrf-12: (K, K.

where,
Z, is the larger of the two impedances.
The numerical values for these expres-

sions may be taken from the table in
Fig. 5-22. Thus, for a network to match
500 ohms to a circuit of 250 ohms with
a loss of 20 dB, the resistor values are:
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oFig. 5-34. A taper pad used for matching
two circuits of unequal impedance.
Ri = 500 (1.0202) - 2 ( V125000)(0.10101)
= 510.1 - 2(353.55) (0.10101)
= 510.1 - 71.42

-o
Fig. 5-36. A bridged "T" attenuator. For
variable pads, the arms R, and R. are
made variable.

= 438.61!
(0.10101)
RR = 250(1.0202) - 2( )
= 255.05 -2(353.55)(0.10101)
= 255.05 - 71.42
= 183.6311

the attenuator center will not be re-

Re = 2( VITS.Y00) (0.10101)
= 2 (353 55) (0.10101)
= 71.421!

5.36

connection at the exact electrical center. However, if the circuit feeding or
terminating the attenuator is balanced
to the ground, the ground connection at
quired.
Ry

What is a bridged "7" attenu-

2

earl- An attenuator network containing four resistive elements, as shown in
Fig. 5-36. The resistors R. are equal in
value to the line impedance; therefore,

they require no calculation. This network is designed to work between impedances of equal value only, and is the
configuration most commonly employed
in sound -mixer controls because the

configuration requires only two rows of
contacts,

and

two

variable

resistor

groups. The contact arms for resistors
R., and R. are connected mechanically
by a common shaft and vary inversely
in value with respect to each other.
5.37 What is the equation for colculating a bridged -"T" attenuator?
Rs = Z
Rs

where,

a variably configuration
four variable arms ore required.

tenuator. For

5.39

(K - 1)Z

R._ K - 1

Fig. 5-38. A balanced bridged -"T" at-

Z

Z is the line impedance,
R5 is the bridging resistor,
R. is the shunt resistor.

Again the factors may be taken from
the tabulations of Fig. 5-22.
5.38 What is a balanced bridged -

What is an "H" -type attenua-

tor?-A balanced I" pad. The pad is
first calculated as an unbalanced 'T.
configuration described in Question
5.33. The series resistance elements are
then divided and one-half connected in

each side of the line as shown in Fig.
5-39. The shunt resistor remains the
Fi

"T" attenuatorl-A configuration similar to the unbalanced bridged --r attenuator, except the resistor elements
are divided and placed in each side of
the line as shown in Fig. 5-38. The principal objection to the use of this configuration, if made variable, is that the
shunt resistor R. must be divided into
two separate arms to provide a ground

Fig. 5-39. An "1.1" -type attenuator, also

called a balanced "T."
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electrical center of the shunt resistor

the circuits are matched in one direction but not in the other. However, the
network may be designed to match

for connection to ground.
5.40 What is on "L" -type attenuator?-A configuration consisting of two

either of the terminating impedances.
The arrows in Fig. 5-40 indicate the
direction of impedance match. If the

resistive elements connected in the form

network is designed to match the impedance an the direction of the series
arm, the mismatch is toward the shunt
arm. The mismatch increases with the
increase of loss, and at high values of
attenuation the value of the shunt re-

same value as for the unbalanced configuration. A tap is placed at the exact

of an "L" shown in (a) to (d) of Fig.
5-40. This pad does not reflect the same

impedance in both directions. An impedance match is afforded only in the

direction of the arrow shown in the
figures if an "L" -type network is employed in a circuit which is sensitive to
impedance match, the circuit character-

sistor may become a fraction of an ohm,
which can have a serious effect on the
circuit to which it is connected.

istics may he affected. An "L" -type
network should not be used, except

network operating between impedances

where a minimum loss is required and
a network of the "T" configuration will
not serve because of its minimum loss.
5.41 What arc the equations used
for the design of "L" -type attenuators?

The configuration for an "L" -type
of unequal value, Z, and Z, is shown
at

(a)

in Fig. 5-40. The impedance

match is toward the larger of the two

impedances Z the values of the resistors are:

An "L" -type network can only be

R,_ (Zs) (KSK-1)

designed to supply an actual impedance

match in a given direction. For unequal impedances, the impedance match

may be in the direction of the larger or
the smaller impedance but not both.

When an "L" -type network is connected to circuits of equal impedance,

Si K-S
-(1\
H-)
where,

S equals

Z,

For a condition where the imped-

(a)

Between impedances of unequal
value.

ances are equal, and the impedance
match is in the direction of the arrows,
as in (b) of Fig. 5-40, the values of the
resistors may be calculated by the
formula:

(K-1)

Ri

(K1 1)

=
(h) Between impedances of equal value.

;t

tr

(c) Impedances unequal, and impedance match is toward the smaller of

For a condition where the impedances are unequal and the impedance
match is toward the smaller of the two
impedances, as in (c) of Fig. 5-40, the
values of the resistors are determined
by the formula.
(Z,

RI=

the two.

(d) Between impedances of equal value,
in the direction of the shunt arm.
Fig. 5-40. Configurations that are used
for L -type networks.

s) (K-S)

R,-(S/(KS-1)

0-----Y* 0
y

.

where,

S equals

17.

For the conditions shown in (d) of
Fig. 5-40, resistors R, and Ft: may be
calculated by the formula:
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R, = Z (K - 1)
11, = Z

KK-1

5.42 What is a pi or delta -type attenuator?-A resistive network resembling the Greek letter pi, or delta, as
shown iu Fig. 5-42. Actually there is no
difference between the pi or delta configuration, only the manner in which

they are drawn. Such networks may be
used between impedances of equal or
unequal values.
5.43 What are the equations used
for designing pi -type attenuators?-For
networks operating between impedances of eqnal value:

To simplify the calculations, the values
of the factors may he selected from the
table in Fig. 5-22.
5.45 What is an "O" -type attenuator?-A balanced pi -type attenuator
configuration. The circuit element values may be obtained by first calculating
R2

(a) Between impedances of equal value.
Ra

11.,=Z(K4-1)
K-1/
R s=

1)

(Z2 )

K

where,

R, is the input and ontput resistor,

R2

11., is the series resistor,

Z is the input and output impedance.
5.44 What ore the equations for designing a pi -type attcnuator to operate
between unequal impedances?
R,

2

K' -1
=

- 2-K +1

where,
R, and R, are the shunt resistors,

IL is the series resistor,
Z, is the input impedance,
Zr is the output impedance,
S equals

Between impedances of unequal
value.

Fig. 5-45. The "O" -type attenuator.
for a pi -type configuration, described in
Question 5.43, then dividing the series

- 2KS + 1

(fTik \ (1C-K 1
Ft3

2

(b)

resistor and placing half in each side
of the line as shown in Fig. 5-45. The
shunt resistors remain the same value.
5.46 What is a "U" -type attenuotor and whore is it used?-"U"-type attenuators may be of a symmetrical or
balanced -type configuration,

and

are

quite handy around the laboratory for

-

2.1.

RI

Fig.

5-46. A "U" pad for matching a

high impedance circuit to one of very
(a) Between impedances of equal value.

low impedance.

matching a high value of impedance to
t

one of low value. A typical requirement is that of matching the 600 -ohm

ZI

send circuit of a gain set to a micro(b) Between impedances of unequal
value.

phone preamplifier having a 30 -ohm input impedance (Fig. 5-96).
Here the impedance match is of first

Fig. 5-42. Pi- or delta -type attenuator

importance, the loss being secondary.

networks.

For

a

symmetrical

configuration

to
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work between unequal impedances the
resistors may be calculated as follows:

= (2S) (KSk- 1)

RI = S() k -S
where,

(a)

R, is the series resistor,
Ft, is the shunt resistor,
Zi is the larger impedance,
le is the smaller impedance,

Lattice configuration.

S equals
5.47

What

is

the

equation

for

matching the circuit impedance to the
shunt arm of a "U" -type attenuator?-

The value of the resistors for the configuration shown in Fig. 5-47 may be

3

equivalent bridge circuit.

calculated as follows:

= (-2s) (K - S)

(S) (KS 1)

4

(b) Equivalent circuit (bridge).
Fig. 5-48. A lottice-type attenuotor and

arc crossed -over and connected to both
the input and output circuits (Fig.

5-48A). The circuit elements may be
calculated:

/IC - 1)

S equals

\K -f- 1)
The arrow indicates the direction of the

impedance match. Any "U" pad may
be balanced to ground by connecting
a ground to the electrical center of the
shunt resistor.
5.48 What is a lattice -type attenu-

ator?-A balanced configuration as
shown in Fig. 5-48 Such pads are designed to operate between circuits of
equal impedance. They are used in the
telephone industry, but are seldom used
in normal audio circuits.
5.49 What is the equation for designing a lattice -type attenuator?-The
lattice -type attenuntor is a truly balanced configuration. Therefore, individual treatment is required for solving the
circuit element values. If used in an
unbalanced configuration, it degenerates into a pi configuration. The difference between this configuration and the
"0" network is that shunt resistors R,

-

ar

operation

between impedances of unequal value.

Z

where,

R. is the series resistor,

is the shunt resistor
Z is the line impedance.
R.,

Lattice networks can only be employed
in ungrounded circuits of equal impedance. If an equivalent circuit is drawn
for this pad (Fig. 5-48B), it resembles
a balanced -bridge circuit. The principal
difference is that resistors R. are lower
in value than
This difference unbal-

ances the bridge and permits the signal to pass unattenuated in an amount
controlled by the ratio of resistors R
to R.
5.50 Show graphically the loss in
keel because of impedance mismatch.If two resistive networks arc mis-

matched, generally the frequency characteristics are not affected; only a loss
in level occurs. Attenuators, when
properly constructed, consist of pure
resistance and are nonreactive; therefore, they present a constant impedance
or resistance. If

Fig. 5-47. A "kJ" pad configuration for

-+1

the impedance mis-

match ratio is known, the loss in level
may be directly read from the graph in
Fig. 5-50 (see Question 5.11).
5.51 What is a ladder -type attenu-

ator?-A configuration used for sound
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Fig. 5-50. Loss in level because of impedance mismatch.

mixer controls as shown in Fig 5-51A.
Its name is derived from the fact that
the configuration is similar to a ladder
laid on its side. The configuration of a

ladder pot consists of a group of pi -

For motion picture rerecording mixers, the slide -wire type control is generally employed, because it permits a
smooth, even attenuation over a wide
range. The contact type although not

pads connected in tandem. One of the
disadvantages of this configuration is

quite as smooth in operation as the

the fact that the input and output Impedances are not constant throughout

which reduces the noise and mainte-

slide -wire has only one row of contacts,
nance.

its complete range of attenuation. Also,

Ladder networks may be designed

ladder configurations have a fixed insertion loss of 6 dB which Is exclusive
of the variable setting loss. This loss
must be taken into consideration when
designing mixer networks.
Ladder pots for mixer -control use,
may be obtained in two types of construction-slide-wire and contact types.

for balanced operation, also. This is
accomplished by connecting two unbal-

Ladder pots are designed to operate between circuits of equal impedance.

Fig. 5-51A. Configuration for a ladder
attenuate, for mixer controls. Variable
in fined steps of loss.

fig. 5-51C. Unbalanced slide -wire ladder
attenuator used in sound miners.

Fla. 5-51B. Balanced ladder network.
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networks

side -by -side

(Fig.

5-518). However, it will he observed,
the circuit elements arc not divided in
the same manner as for other type balanced networks. If an unbalanced ladder network is compared with a balanced ladder network, it will be observed that resistors R, are divided by
two, resistors R, are also divided by
two, and at the output R.: is now twice
the value for the unbalanced configuration. Resistor R, remains at its original
value on each side of ground. A typical
slide -wire unbalanced ladder attenuator is shown in Fig. 5-51C. The imped-

resistor being one-half

the

desired

bridging resistance. The output resistor R: is equal to the impedance of the
device across the output terminals of
the attenuator. For this illustration, this
value is 600 ohms. The two pots in
series should total the value of fts or,
in some instances they can be greater
than FL.

Balanced pads of this design require
a ground as shown to prevent leakage
at the higher frequencies. The ground
to the attenuator is connected to the
amplifier ground to prevent the formation of a ground loop.

ance characteristic for a single nnit is
given in Fig. 5-83A.

RI

5.52 What is the equation used for
calculating a ladder -type attenuate.?

115=.

600..
CIRCUIT

2K

Z

TO BE

30 , 000.n.

_600,.

BRIDGED

(K-1

(a) Unbalanced ( fixed).

1)
Ro X Z

- 113+ Z

R.-2
Z,.

=Z..,

CIRCUIT

TO BE
BRIDGED

where,

R, is the series resistance,
R: is the shunt resistance,
R, is the input shunt resistor,
R. is the series resistance in the contact arm circuit.

The value of "K" is dependent on the
loss per step-not the total loss.
5.53

What is a bridging attenuator?

-A pad designed for bridging (paralleling) one circuit while feeding another without disturbing the impedance
or frequency characteristics of the circuit being bridged, and absorbing only
a small amount of power.

Two such pads are shown in Fig.
5-53, one fixed and the other variable.
At (a) is a fixed -loss bridging pad with
an input resistance of 30,000 ohms, designed to be terminated in 600 ohms.

A pad of this design would have an
approximate loss of 40 dB. The resistor

R, may be changed to any value with
a subsequent change of loss. The configuration may be changed to a balanced one by dividing 11 and placing

(b) Balanced (variable).
Fig. 5-53. Bridging pads.

5.54 What are the resistor values
for the more commonly used bridging
attenuators?-For the configuration

shown at (a) of Fig. 5-53, the following
will apply:
R,

Loss in dB

R,

30,00011
25,00011
20,00011

40.1

60011

38.5
36.6
34.2
30.7
28.3
24.9
20.8

60011
60011

15,000f)
10,00011
750011
500011
300011

60011
60011

60011
60011
60011

The pad at (b) may be designed for
any bridging resistance by the proper

The above networks will have the indicated loss only when bridging a circuit
of 600 ohms impedance and when terminated in 600 ohms.
The loss for the configuration shown
at (a) of Fig. 5-53 may be calculated as

selection of the series resistors R,, each

follows:

half in each side of the line.
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Z,

dB = 10 Log,. -

Z,

2,

Log,,.
6

Z2

Z,

is the bridging resistance of the
pad,

Z: is the input impedance of the device to which the pad is connected.
5.55

How may a bridging pod be

constructed without regard to loss?-By
using the configuration in (a) of Fig.
5-53. Resistor R. in the series arm
equals the value of the desired bridging
input. The shunt resistor R, is selected
for a value that will properly terminate
the input of the device being fed by the
pad. The loss may be calculated using
the equation given in Question 5.54.
5.56 What is the ratio generally
employed
for bridging pads?-The
bridging impedance should be at least
10 times that of the circuit to be
bridged. Standard bridging impedances
are: 30,000, 25,000, 10,000, and 7500 ohms.

5.57

0-

rr.V 22

where,

What is a minimum -loss pad?

-A pad designed to match circuits of
unequal impedance with a minimum
loss in the matching network. Attenuators designed to work between impedances of unequal value have a minimum
loss. This minimum loss is dependent

on the ratio of the terminating impedances. As an example: the minimum
loss for a pad with an impedance ratio
of two is 7.8 dB. Therefore, an attenuator desigued to work between 500 and
250 ohms will have a minimum loss of

Z2

-C

Fig. 5-58. Configuration for o minimum
loss attenuator to match two unequal
impedances. Match is in the direction of
the arrow.
5.59 What is the equation used for
designing a minimum loss attenuator
when only one impedance is to be

matched? -If the larger impedance Z.
is to he matched, only a series resistor
"R" is used as shown in Fig. 5-59. The
value of this resistor is:

R = Z. - Z:
R

2.

12

0

0

Fig. 5-59. Configuration for a minimum
loss attenuator where only the larger
impedance (Z) is to be matched. Match
is in the direction of the arrow.
5.60
What is the equation used for
designing a minimum loss attenuator
when only the smaller impedance is to

be matched?-In this instance only one
resistor is used, connected in shunt with

the smaller impedance Z as shown in
Fig. 5-60. Its value is:
R_

7.8 dB. The pad may be designed for
a greater loss but never less. The minimum loss for various impedance ratios
may be determined from the minimum
loss chart in Fig. 5-21. Pads designed
to work between equal impedances may
be designed for any value of loss.
5.58 What is the equation used for
designing a minimum loss attenuator for
matching two impedances of unequal
value?-lising the "L" configuration
shown in Fig. 5-58, the resistor values

Z.

.

Z, -

5.61
What are the equations for
calculating the loss of a minimum loss

ottenuator?-lor

the

"L"

type

de-

scribed in Question 5.58:
dB

20 Log,.

fij. +

11-Z2

-1

For Questions 5.59 and 5.60:
dB = 20 Log...

/:

Zr

arc:

=
R, =

2, Z.
R.

where,

R. is the series resistor connected in
the side of the larger impedance,
R. is the shunt resistor.

Fig. 5-60. Configuration for a minimum
loss attenuate., where only the small impedance (Z) is to be matched. Match is

in the direction of the arrow.
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5.62 What are the resistor clement
values for the more commonly used min-

imum loss attenuotors?-Values for an
"L" -type configuration arc as follows:
dB

Z./Z.

R,

600/500
600/250
600/150
600/30
500/250
500/30
250/30

245
458.2

R.

loss

1224

3.8

326.8
173.3
30.8
353.6

519.6
584.8
2.53.6

484.8
234.4

5-64. Symbols for calculating the
voltage ratio of a grid pot (gain control).
Fig.

8.8
11.4
18.9
7.8

30.9

18.1

32

14.8

This configuration may be converted to
a balanced configuration by dividing the
series resistor and placing half the value
of its resistance in each side of the line.

What is a grid potentiometer
(gain control)? -A potentiometer (pot
5.63

for short) connected in the control -grid

circuit of a vacuum tube for the purpose of controlling the amplification or

5.65 What is a loudness control? A ladder -type frequency -compensated
gain control consisting of a group of RC

circuits. The purpose of this control is
to compensate for the human car characteristic when the sound level is increased or described in a sound reproducing system. The frequency compen-

sation of the control is based on the
well-known

Fletcher -Munson equal loudness contours as shown in Fig. 1-76.

The configuration of two such controls
is shown in Figs. 5-65A and 5-65B. The
frequency characteristic of the second
control is shown in Fig. 5-65C.

gain of the stage. The arm of the potentiometer is connected to the control grid

INPUT

of the tube, as shown in Fig. 5-63.

75K

The loss of the pot may be calibrated
in decibels by the use of the equation:

62K
47K
39K
33K

SOK

005

27K

Et=
Z
R= (Z -R,)

ISOK

where,
005

Z is the total resistance of the pot,

150K

R, and R: are the upper and lower
sections of the resistance, depend-

5

ing on the position of the contact

150K

arm.

K equals a given value of loss in
decibels taken from the tables in

150K

Fig. 5-22.

005

variable.
5.64 How may a grid potentiometer

0075

150K

be calibrated in voltage?
R,
R.

-6
8

.10
.12

22K
33K
27K

-14

22K

.z0

3K

.22

27K

-24
-26

22K

-16

.4
OUTPUT

33K

28

27K

.50
.32

22K
33K
2TR

The steps may be fixed or continuously

-2
-4

34

.36

22K
ISOK

-42

150K

.44

GND

Fig. 5.65A. Configuration for a ladder.

x

r

where,

E. is the input voltage,
E, is the output voltage.

type loudness control.
0 1-133

1413-157

R, and R, are the upper and lower

sections of the resistance. (See Fig.

5-64.)

Fig.

Fig. 5-63. A grid pot.

5-65B. The IRC loudness con rol
Model LC -1.
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50%
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75%
100%
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S

LOS
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100

20

Fig.

10 000

1000

5-65C. Frequency characteristics of the IRC loudness control Model LC -1.

5.66

is it practical to construct pods

with losses of 60 dB or greater?-No.
It is not good practice to build pads of
over 40 dB loss, unless special precau-

tions are taken to reduce the distributed capacity and leakage between the
input and output sections. It is more
practical to build two or more pads of
lower loss and connect them in tandem.
The total loss is the sum of the individual losses, assuming that all impedence
matches are satisfied between sections.
5.67 How may the resistance of an
attenuator be measured with an ohmmeter?-Terminate the output with a

resistance equal to the terminating impedance. Measure the input resistance

with an ohmmeter. The resistance as
measured by the ohmmeter should
equal the impedance of the pad. If the
attenuator is variable, the do resistance
should be the same for all steps.
If the resistance values of an
attenuator ore known, how may they be
converted to a different impedance?
5.68

R.=KxR

K-

z.

where,

Z. is the new impedance,
Z is the known impedance,
K is a multiplying factor,
R is the known value of resistance,
R. is the new value of resistance.

(See Questions 6.67 and 7.62.)

5.69 What is the minimum loss for
pads designed to work between equal
impedances?-Pads designed to work

between equal impedances may be designed for any value of loss.
5.70

What is a compensated L -type

attenuator?-An "I." pad with fixed

steps. Each step has a series building -

Fig.

5-70. A

compensated

"L" -type

attenuates pad.

out resistor as shown in Fig. 5-70. The
purpose of the resistors in series with
the contact arm is to present a constant
impedance in both directions. If a constant impedance is required a straight
"T" or bridged "T" is recommended.
5.71

How may the impedance of an

unknown ottenuator be determined?-

By first measuring the resistance looking into one end with the far end open,
and then shorted. The impedance is the
geometric mean of the two readings:
Z

siZ, X Zs

where,

Z, is the resistance measured with the
far end open,
Z. is the resistance measured with the
far end shorted.

This measurement will hold true only
for pads designed to be operated between equal terminations. If the de resistance of the two ends differs. it may
be assumed that the pad is designed to
be operated between unequal impedances.
5.72 What precautions should be
observed when installing attenuators?-
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Fig. 5-73B. Characteristics for a three channel pan -pot.

The input and output circuits must

o-

be separated from each other, well
shielded, and grounded to prevent leak-

3

age at the higher frequencies. As an
example: An attenuntor of 40 dB loss
has a signal voltage reduction of 100:1

so -

between the input and output terminals.

Therefore, if coupling between

the input and output circuits is permitted, serious leakage can occur at
frequencies above 1000 Hz
5.73 Describe a pan -pot (panoramic

control!.-Panoramic controls, or pan pots as they are commonly known, are
for
transferring the apparent position of
the sound source from one section of a
sound field to another. The arrival time
used

in stereophonic rerecording

of a sound will influence the apparent
position of its source, and the intensity
offsets the effects of the arrival time. A

change of only 3 dB in intensity

is

enough to displace the apparent source
across the sound field. Its effect is con-

trolled by the use of a pan -pot
0

STEPS 0

Ni

Dal

3

Fig.

0 RIGHT

- 3 --- -oe LEP T

NARwiNG 0

5-73A. Characteristics for a two channel pan -pot.

Either a two- or three -channel pan -

pot may be used to pick up a monophonic sound or transfer it to any geometric position desired in the final
stereophonic rerecording. Pan -pots designed for stereophonic usage differ

from the conventional mixer control, in
that for a two -channel system, two oppositely wound controls are ganged to -

3113

Eno
11111111
O

Fig. 5-73C. Two -channel ladder configuration pan -pot far stereophonic recording.
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Fig. 5-73D. Three -channel ladder configuration pan -pot for stereophonic recording.

gether in such a manner that the 3 -dB

down point of each control occurs at
zero degrees (Fig. 5-73A). For a three -

channel control (Fig. 5-73B), they are
so designed that the 3 -dB down point
occurs at 45 degrees with reference to

either side of center. At either of the
90 -degree positions, the extreme opposite channel is at infinite attenuation.

The usual taper required for such attenuation rate requires at least 16 posi-

tions in each control unit to attain the
transition throughout the
audible range of control. The attenuation ratio at the extremes is rapid, but
slow in the range of overlap from one
section to another. The attenuation rate
smoothest

must be precise and conform to the
mathematics governing the angular displacement of the sound field with
changes of sound level.
Pan -pots lend themselves easily to

the ladder configuration, as only two
rows of contacts are required for either
two- or three -channel control, contrasted to fuur and six rows for a "T" type control. The insertion loss is

12 dB for either type. The schematic
diagram for a one channel into two is
shown at Fig. 5-73C, and a one into
three channels in Fig. 5-73D. (Sec
Question 9.22.)
5.74 What is a divergence control?

-A variable network used in stereophonic rerecording for controlling the

narrow position (minimum divergence),
a point source of sound is effected. This

point lies on the axial position of the
sound field under control.
5.75

What is a panonsetric control?

-A variable network used in stereophonic rerecording to direct a segment
of a sound field over a wider field. It is
used in conjunction with a divergence
control so that the effect may be shaded
from a three -speaker width, in a group
of five to seven speakers, to a single
point sound source. Its effect is similar
to a Zoomar optical lens used on motion picture and television cameras.
5.76

What

is

an

off -screen fader

control?-A stereophonic control used
in rerecording. A single sound source
can be made to arrive from a distance
at the left off -screen and ride across
to the right side of the screen (or vice

versa) and then fade away into the
distance.
5.77 What is a leakage control?-

A control used in stereophonic projec-

tion with a built-in leakage to permit
a controlled amount of leakage between
channels. The leakage is designed for
about 10 dB below the normal level on
adjacent channels, and 21 dB on second
removed channels. This controlled leak-

age permits the audience in the front
rows and side seats of a theater to
properly hear the program material.
5.78

What is the Hawkins effect? -

divergence of the sound field projected

3. N. A. Hawkins when exploring the

by a panometric control over three or

field of stereophonics in 1938 during the
development of Fantasound for the Walt

more odd -numbered channels. In its
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Disney production "Fantasia" observed
that if two loudspeakers are energized
with the same program material with a

(Fig. 5-51C). The next choice is a ladder
configuration, using 45 contacts of 1-d]3

level difference of 7 dB, the acoustic
level will drop off only 1 dB when the

a bridged -T with 45 steps of 0.5 -dB attenuation per step. All the above types
have rapid cutoff in the last three steps
to infinity. It should he remembered the
ladder configuration has a fixed ir.ser-

lower -level speaker is cut off.
5.79 How ore mixer controls constructed?-Mixer controls used for productior. or rerecording arc generally of
the ladder or bridged -T configuration.
In

the bridged -T type, two rows of

contacts are required, ranging between
20 and 45 per row, in steps of 0.5 dB to
2 dB per step. For ladder configurations

only one row of contacts is required,
and they generally range from 1 dB to
2 dB per step. For the slide -wire ladder
control no contacts are used, the loss
being continuously variable by the action of the swinger arm on a resistance
strip. Straight -T attenuators are rarely
used iu mixer circuits because three
rows of contacts are required to achieve

the same amount of attenuation per
step. The resistors are generally wound
Using a bifilar type winding, as discussed in Question 5.16. The important
things to look for in a mixer control are
internal noise, contact material, ease of
operation, and compatibility of the con-

figuration with the design of the mixer
network. (See Questions 5.51 and 5.52.)
5.80 What type mixer controls ore
ding consoles?
recommended for

Mixer controls used for rerecording require a greater number of steps and attenuation to permit a smoother and

greater range of control. As a rule, a
slide -wire ladder type control will be
found the most satisfactory, because of
its continuous attenuation without steps

attenuation per step. A third choice is

lion loss of 6 dB, while the bridged -T
has none. If the gain following the
mixer network is sufficient, the additional 6 -dB loss of the ladder control is
of no consequence. This is discussed in
detail in Scction 9.
There has been over the years a continuing discussion as to the relative

merits of the rotary and straight-line
attenuators. The selection of a mixer
control depends principally on the size
of the console and the type rerecording
to be done. For small consoles having

four to six inputs, the rotary control
may be quite satisfactory.
For stereophonic mixer consoles, only
straight-line (vertical) controls arc
used because of space conservation and

the necessity of operating several controls simultaneously. It is not uncommon in stereophonic consoles to employ
28 to 34 straight-line controls, plus variable equalizers, filters, and other devices.

Insofar as the electrical characteristics arc concerned, the configurations
arc the same for both the rotary and
straight-line controls. Straight-line attenuators lend themselves to simultaneous operation better than the rotary
type, although many mixers have mastered the technique of moving two and
even three rotary controls with one

Fig. 5-80. Altec-Lansing itroight-line and rotary mixer controls.
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Fig. 5-81. Attenuation versus percent rotation for a typical mixer control.
hand. In the straight-line type, three or
four can be moved with one hand. For
stereophonic rerecording, one straightline control case may contain up to four
individual controls, operated from a
single knob at the top. The interior of
straight-line multicontrol designs are
also shown in Section 9. (See Question

trot?-The attenuation versus the per-

5.79.)

acteristics of a variable bridged -T at-

5.81
What is the attenuation characteristic used in a typical mixer con -

tenuator?--The impedance variations
for a typical high quality attenuator

cent rotation

for a typical variable
attenuator is shown in Fig. 5-81. It will

be noted the attenuation increases quite
rapidly after 80 percent of the dial

movement is reached. This permits a
rapid fade or cutoff.
5.82

What are the impedance char-

TOO

70

00

60

500

50

100

40

0

SOO

70 OJ

AsstWO

.00

a
20

00
0

5

R3

4 4 20
IS
14
CLOCKWISE AOTATK41,

22

2

26

0
2E

SC

30 STEPS, I 5 45 [ACM

Fig. 5-82. Impedance characteristics for a high -quality 500 -ohm variable bridged -

"T" mixer control.
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network employing four unbalanced
ladder attenuators is shown in Fig.
5-83B. It will be observed that the principal mismatch occurs at the last three
steps, where the attenuation is the least
As a rule, the working range for a typi-

cal mixer control is around the 15 to
20 -dB loss point. Thus, very little or
no mismatch occurs in the operating
range.

500

5.84
4

r

20 11

TIM

24

Pi 10

- =KA IOW 014

Fig. 5-83A. Impedance characteristics of

a 600 ohm ladder -type miser control.
used in a mixer network are shown Sr.
Fig. 5-82. It will be noted the greatest
impedance variation occurs as the attenuator arm approaches zero attenuation and amounts to about 80 ohms, re-

ducing the overall impedance to 420

What is

a

building -out net-

work?-A resistive combination or combining network used in sound mixers
for the purpose of combining the mixer
controls in such a manner that the correct impedance match is maintained between the attenuators. Combining networks are also discussed in Question
9.24.
a

5.85 What is the cause of noise in
variable attenuator?-The average

noise level for a "T' -type mixer con-

ohms. However, this impedance variation is not too serious, as the mixer combining network with its building -

trol is on the order of minus 100 dB and
is constant; therefore, the signal-tonoise ratio varies with the loss setting.
The noise level for a ladder -type at-

out resistors isolates this variation to

tenuator is on the order of minus 120

a great extent from associated attenuators. This subject is discussed further in

dB and as the attenuation is increased,
the signal-to-noise ratio is increased.
In high-level mixing circuits, where the
mixer control follows a preamplifier,
the 6 -dB fixed insertion loss of a ladder
attenuator increases the signal-to-noise

Question 9.24.
5.83 What are the impedance char-

acteristics for a ladder mixer control?This type attenuator will show impedance variations at both the input and
output and between steps. However,
when used in a combining network with
the proper building -out resistors, these
variations are of little consequence. A
typical impedance curve is shown in
Fig. 5-83A.

A plot of the impedance characteristics

of a typical four -position mixer

ratio by 6 dB. Also, if the preamplifier
employs negative feedback, its internal
output impedance will generally be less
than the impedance of the attenuator.
It is not uncommon for a 600 -ohm pre-

amplifier to have an internal output
impedance of 90 ohms; in this instance
building -out resistors should be employed to secure proper impedance

W""°,0,4 10,00,4400. S. imam

a nom,

motlIONMISJ 0141410.111

.4 Coolvairnailac IMP nalsimaa.

NM
IIIMMEMEMW1111
MN

WIEN
o

a

4

a

a

a

Be

20

lt

Fig. 5-83B. Impedance variations of 1, 2, and 4 ladder -type miser controls connected in a conventional miser network.
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match. This
Section 9.

subject

is

discussed in

the lower right of Fig. 5-87) may be
used.

In the case of a slide -wire type attenuator, such as the ladder, the contact noise will be at a minimnm if the
material of the contact arm is of the
same alloy as the wire. However, noise

may be generated when a signal is
present if the contact is dirty or corroded because of rectification taking
place between the two surfaces. Corrosion will cause a minute current to
be generated and this current will be
heard every time the arm moves from
one wire to the next. As a rule, this
type of noise can only he heard when
a signal is present. If the contact arm

It

is

the nsual practice to allow a

100 percent safety factor insofar as the

wattage rating of the resistor is concerned; that is, if the power dissipated
is, say, 5 watts, a 10 -watt resistor should
be used. (See Question 23.56.)
5.88 How are carbon composition

resistors constructed?-By deposit:ng
layer of carbon on a glass or ceramic
rod to which wire pigtails are attached.
The body of the resistor is completely
sealed against moisture. Such resistors

are used for all types of circuit elements and, except for certain types of

of the dissimilar metals and,
when amplified, the resulting noise will
become quite annoying.

equipment, are quite satisfactory for almost any application.
5.89 Describe the type resistance
taper curves used in composition control
potentiometers-Three basic resistance
taper curves are shown in Fig. 5-89 for

To eliminate the effects of contact

gain controls and other control func-

noise, manufacturers are now producing variable attenuators with the contacts and arm sealed in silicone grease.
This design increases the life of the
contacts and eliminates noise.
5.86 What is on electronic attenuates?. -An amplifier designed to present
a loss rather than a gain. Such devices
have been constructed with a loss of
75 dB or more.

tions in electronic equipment. Curve 1
is the taper most commonly employed

and the wire are of different alloys,
minute currents will be generated because

in

the manufacture of gain controls

(volume controls) for use in amplifiers.
The taper is a left-hand logarithmic
curve, which provides a small amount

of resistance at the beginning of the
shaft rotation and a fast increase toward the end. All three curves are
plotted for a clockwise rotation of the
shaft.

The taper of curve 2 is an opposite of

curve 1, and is right-hand logarithmic
taper. The change in resistance is large

for the first half of the shaft rotation

Fig. 5-87. Two variable vitreous resistors
and a composition resistor.

and small in the second half. This taper
is used for contrast controls in oscilloscopes and bias voltage controls.
The linear taper of curve 3 provides
a rate of resistance change that is proportional to the shaft rotation. Such
tapers are employed for tone control or
where a straight-line voltage division is
required.

The taper of any control may be
What type resistors are used
for terminating electronic equipment?
The type of resistor will depend on the
amount of power dissipated in the cir5.87

cuit. For terminating amplifiers and

equipment developing a considerable
amount of power, wirewound vitreous
resistors arc used as their self-inductance is quite small. Typical resistors of
this type are shown in Fig. 5-87.

For circuits up to one half

watt,

small composition resistors (shown at

measured easily by means of an ohmmeter. First measure the total resistance, then rotate the shaft exactly 50
percent. If the resistance measures 50
percent of its total, it is a curve 3 linear
taper; if the measurement is 10 to 20

percent of the total the taper is logarithmic and corresponds to curve 1.
But, if the measurement is around 80
percent of the total it is a reverse logarithmic taper and corresponds to curve
2.
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Fig. 5-89. Resistance taper curves for potentiometers. (Co
Products, Co.)
S.90

What is a dual potentiometer

or attenuatorf-Two continuously variable, or step attenuators connected mechanically together by a common shaft.
It is used in equipment where the gain
must be varied in two circuits simultaneously. Such a control is shown connected at the input of a push-pull
amplifier in Fig. 5-90.
5.91 What is a compromise networkT-A network used with a hybrid
coil for terminating a subscriber's loop

(telephone term). The network is not
precise but one that will result in the
desired isolation between two directions of a hybrid coil. Hybrid coils are
discussed in Questions 8.66 and 923.
2.92 Can a bridged -T attenuator
and an L -type attenuator be connected

In torah/IT?-Yes. Any balanced or un-

balanced attenuator may be directly
connected to another, provided the im-

, Mallory Distributor

pedance match is satisfied and the configurations are of such nature they will
not cause an unbalanced condition. At
(a) of Fig. 5-92 it is shown how an "L,"
a bridged -T, and a plain -T pad may be
connected in tandem. At (b) is shown
the method of connecting balanced attenuator configurations in tandem.
5.93 Describe a low- or high -frequency attenuator.-A low- or high frequency attenuator is in reality a

low- or high -frequency equalizer for
attenuating a given range of frequencies. An attenuator is a configuration of
noninductive elements which m a
given design have no effect on the frequency characteristics of the circuit in

which it is operating. But, in a low and high -frequency attenuator, reactive elements have been added to make
it frequency sensitive for achieving a
given frequency characteristic. Equalizers of this type are also termed shelf equalizers and are used in sound mixer
consoles. Such devices are discussed in
Section 6 and Section 9.
5.94 Describe the construction of a
precision potentiometer.-Precision po-

tentiometers and rheostats have been
developed, both mechanically and elec5-90. Dual input attenuates that

trically, to a high degree of accuracy,

are used for controlling the output of a
push-pull amplifier.

whereby linear accuracies of 0.015 percent are possible. Although such poten-

Fig.
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"L

BRIDGED 'T'

(a) Unbalanced.
LATTICE

(b) Balanced.

Fig. 5-92. Attenuotors connected in tandem.

tiometers are not designed specifically
for audio work, they find many uses for
control circuits in a sound -recording

activity. The interior construction of
three different precision controls, man-

ufactured by the Amphenol Controls
Division, are illustrated in Figs. 5-94A,
B, and C.

A second type spiral -wound control
of 10 turns is shown in Fig. 5-94C, with
a winding length of 43.5 inches. The
resistance element will range from 2500
to 27,000 turns, depending on the total
resistance, with linear accuracy of 0.10
percent, capable of dissipating 5 watts.
In the latter two types, the bearings are

Referring to Fig. 5-94A, in this con-

of the sleeve type. Dials may be at-

trol the resistance strip consists of a
single flat winding, with dual wipers

tached to the shaft to indicate the number of turns within the accuracy of the
potentiometer, in both digital and indexing types. The latter type has an

for both the resistance strip and the
rotor arm. The shaft is supported on a
double shielded ball bearing, and can
he rotated 354 degrees. At the rear is a
clamp to permit the resistance element
to be rotated through a few degrees for
phasing with other controls. Up to six
units may be ganged together. The resistance strip (depending on the total
resistance) may contain 290 to 1457
turns, with linear accuracy of 0.5 percent for a resistance strip length of 2.3
inches. The housing diameter is
inches.

A spiral -type potentiometer that may
be rotated 10 turns is illustrated in Fig.
5-9413. In this control, the resistance
winding is wound around a large sup-

accuracy of 1000:1.
5.95 Describe how the linearity of a

straight-line potentiometer may be altered.-Very often in the design of electronic eqnipment, the need for a potentiometer with a special taper or characteristic is required. If a straight-line
potentiometer is at hand, its linear
characteristics may be altered by the
shunting of a fired resistance from one
end of the resistance to the swinger arm. Three methods of shunting a
straight-line potentiometer are shown

in Fig. 5-95. In the first method, the

permits the wiper -arm to be rotated

shunt resistor is connected from the
swinger -arm to ground. With the correct value shunt resistance, the potentiometer will have a taper relative to the
angular rotation, as shown below the

3600 degrees or 10 turns. The rotor is

schematic diagram. The second method

the double -wiper type with zero
backlash. The number of turns in the
winding around the large wire will

makes use of a second potentiometer
ganged with the straight-line potentiometer. In the third method, two shunt
resistors connected at each side of the
swinger results in a taper resembling a
sine wave. A fourth method, not shown,
use a shunt resistance connected from
the swinger to the top of the potentiom-

porting wire (about

14

to 16 gauge

enamel), then wound in a spiral which
of

vary from 1820 to 11,300, again depend-

ing on the total resistance of the winding. The winding covers a total length
of 17.64 inches, with linear accuracy of
0.25 percent and a dissipation of 3 watts.
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analysis of the
above procedures, the reader is referred
to the reference.
5.96 Describe the construction of

the components consist of a source of
dc connected to a rheostat in the form
of a mixer control, a lamp, and a photo-

photocell attenuator.-The photocell attenuator is a radical departure from
the conventional mixer control, inasmuch as there is no actual connection
to the audio circuits in the mixing console. In the photocell -type attenuator

The audio signal is amplified in the
usual manner; however the gain of the
amplifier is controlled by the brillance
of the lamp placed in front of the photocell, which is caused to go from a dark

eter. For a detailed

cell.

condition to full brillance by the posi-

Fig.

5-94A. Amphenol Controls Division, Model 2150 precision potentiometer.
Accuracy 0.25 percent.

Fig.

5-948. Amphenol Controls Division, Model 2450 precision potentiometer.
Accuracy 0.5 percent.

Fig.

5-94C.

Amphenol

Controls

Division, Model

205

Accuracy 0.10 percent.

precision

potentiometer.
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Fig. 5-95. Three methods of applying a shunt resistor to a potentiometer for altering
its linear characteristics.

tion of the mixer control (rheostat). In
this manner it is claimed that mixer control contact noise is eliminated.
However, there are some drawbacks to
this system of mixing.
5.97 Describe the construction and
operation of an electroluminescence attenuate,. control. -Electro-optical attenLiators are used in a number of different
devices. The one to be discussed is that

clear conducting material on one side

and a thin layer of phosphor on the
METAL BACKING
PHOSPHOR --

CLEAR GLASS

used in the Teletronix leveling amplifier, described in Question 12.84. Electroluminescence is a method of producing a light source by the passage of cur-

PHOTOCONDUCTIVE

OUTPUT

TERMINALS

CELLS
rent through a thin layer of phosphor.
The element. Fig. 5-97, is constructed
Fig. 5-97. Electraluminescent element
somewhat similar to a capacitor. The
used as a means of controlling the gain
light -producing element consists of a
of electronic devices by causing the
plate of glass or plastic coated with a
phosphor to fluoresce.
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Fig.

5-986.

USASI

51.4-1961

(ASA)

curve "A" weighting network for noise
measurements, having a frequency characteristic similar to the human ear.

other. The metallic backing contacts the
phosphor coating. By applying an alter-

Fig. 5-99A. Electrodyne Model ACM -1

active combining network.

nating current to the conducting plate,
the phosphors are excited by the voltage across the dielectric and light is
produced. The amount of light emitted
depends on the voltage and frequency.
The light is picked up by a photoconductive cell whose resistance decreases

with the impinging light, is amplified,
and applied to the control circuitry.
5.98 Describe an RC network for
weighted noise measurements.-It is

now standard practice for manufactnrers of sound equipment to state the signal-to-noise ratio in terms of a
weighted curve in accordance with the
USASI (ASA) S1-4-1961 Standard
Weighted Curve (Fig. 5-98A). This
method of measnring signal-to-noise
ratios results in a more realistic measurement, as the characteristic of the
weighting network is similar to the

Fig. 5-998. Block diagram for Electra dyne ACM -1 active combining network.

21 input circuits. Contained within the
network is a solid-state integrated circuit (IC) amplifier which may be
strapped for a no -gain operating condi-

characteristic of the human ear. The
network shown in Fig. 5-98B is de-

tion, or for a gain of 10 or 20 dB, or
varied in steps of 3 dB. Isolation be-

signed to operate from a 600 -ohm circuit, terminated at its output by a
vacuum -tube voltmeter or similar device with at least a 1-megohm input
impedance, with ballistics and fre-

tween the input circuits is greater than
70 dB. The use of this device eliminates
the need for a booster amplifier to compensate for the insertion loss induced
by a resistive type combining network.
A block diagram of its internal connec-

quency characteristics of

a

standard

volume indicator in accordance with
USASI (ASA) Standard C16.5-1961.
(See Questions 3.93 and 17.159.)
5.99 Describe an active network and

its use.-Active networks are solid-state
devices, with or without gain, designed

tions is given in Fig 5-9913.

The frequency response is plus -minus 0.5 dB, 20 to 20.000 Hz, with less
than 0.3 total harmonic distortion
(THD) for any level up to plus 18 dBm.
The input impedance for each input is

resistive

10,000 ohms, with an output impedance

network used in mixing networks. Fig.
5-99A shows such a network manufactured by Electrodyne having a total of

of 600 ohms. Power requirements are;
24 Vdc at 20 mA. The internal circuitry
is protected against accidental reversal.

to replace

the conventional
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Section 6

Equalizers
All sound recording and reproducing equipment have one thing in common-the
loss of high -frequency response. A greater part of the basic research work was
accomplished in the early stages of development of the telephone by Zobel, Shay,
Bode and Sallie Pero Mead and others of the Bell Telephone Laboratories. Many
of their designs are in current use In this section, different types of equalization
are discussed, using simplified equations and graphs for their design. Numerous
practical circuits are given for both recording and reproducing equipment, both
solid state and vacuum tube. Of interest to the audio engineer will be the graphs
for designing different types of bridged -T equalizers.
What is an equalisert-A deconsisting of reactive elements

in parallel with an input circuit to reduce the high frequencies, or a series

which may be connected into an electrical circuit for the purpose of altering the frequency characteristics of that

capacitor for reducing the low fre-

6.1

vice

quencies. This subject is further discussed in Questions 6.80 and 6.81.

circuit.
6.2

What is a compensator?-It

6.71
What
and
post -equalisation?

is

tion is connected in the recording circuits and is used to increase the amplitude of frequencies above 1000 Hz, and
to obtain a greater signal-to-noise ratio
during reproduction. Post -equalization
is connected in the reproducing circuit

another name for an equalizer.
6.3 What is a duller?-A form of
equalizer used to reduce the high -frequency response of an electrical circuit.
It is so named because the high -frequency response appears to be dull and
lacking in presence.
6.1

and has an inverse frequency characteristic to that of the pre -equalization.

What does the term pre -empha-

sis mean?-lt is the same as pre -equali-

zation. (See Question

The characteristics of both type
equalizers is shown in Fig. 6-11. It will
be observed that during recording

6.7.)

6.5 What does the terns ssost-cmphasis mean?-It is the same as post -

Hz is pre -equalized 15 dB with
reference to 1000 Hz. When reproduced,
10,000 Hz is post -equalized (attenuated)
10,000

equalization. (See Question 68 )
What does the term de-emphois the same as post emphasis.
6.7 Define pre-equolization.-Equalization which is inserted in the record6.6

sis

15 dB, thereby reducing the surface

meant-It

ing circuits. (See Question
6.8

of pre -

-Pre-equaliza-

noise at these frequencies by the same
amount. (This curve does not represent
present-day pre- and post -equalization;

the values shown are for illustration

6.11.)

Define post-equalization.-

only.)

Pre- and post -equalization may he
applied to any type recording system.
This subject is further discussed in

Equalization inserted in the reproducing circuits. (See Question 6.11.)
6.9 What is the take -off paint of an
equaliser?-The frequency where the
equalization starts to become effective.
6.70 What is o low- or high -frequency attenuatorl-A circuit used in a

Section 13 and Section 18.
6.12

Describe a variable equalizer.

-It is an equalizer network in which
the amount of equalization may be increased or decreased at will. Equalizers

mixer netw.ik to reduce the low- or

of this type are used for rerecording

high -frequency response. It generally
consists of a shunt capacitor or reactor

(and other purposes) and are provided
263
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Fig. 6-11. Typical pre- and post -equalization curves.

with switches for changing the values
of the network components. Their design is such they may be changed during actual program operation without
affecting the gain or impedance, or introducing noise.
A variable program equalizer manu-

factured by Langevin is shown in Fig.
6-12A, with its many frequency -response characteristics shown in Fig.
6-12B. Over 1500 different combinations
of equalization and attenuation are possible, at frequencies of 40, 100, 3000.
5000, 10,000, and 15,000 Hz. The configu-

ration is a passive constant -B network,
employing inductance and capacitance.
Two vertical slide -type switches proFig.

6-I2A. Program equalizer Model

EQ-251 A manufactured by Longevin.

vide control for a maximum of 12 -dB
equalization, and a maximum attenua-
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VOLTAGE

AMPLIFIER

Fig. 6-13A. A simple variable equalizer circuit.
1.101.

quency. The amount of loss will depend

.441

on the circuit design. If the insertion
loss is appreciable, additional amplification will be required to compensate for
the insertion loss.

WOMB

.4P.O...

OO.M

bu4

IOW

Fig. 6-1 3 8. Frequency characteristics of

the variable equalizer circuit given

in

Fig. 6-13A.

tion of 16 dB. Two rotary switches per-

mit the selection of the peak frequencies. The device presents a constant
impedance of 600 ohms, with constant
insertion loss of 14 dB. Because of its
physical size, it may be installed above
a mixer control The internal wiring
consists of printed -circuit hoards.
Show a simple variable equalizer for use in a low -impedance circuit.
6.13

-A

simple variable equalizer consisting

of two resistors, an inductance, and a
capacitor is shown in Fig. 6-13A. Near
the center setting of the variable pots
P1 and P2, the frequency response is
flat. Moving P1 upward increases the
law -frequency response and moving it

6.15

What is a constant -loss equal-

izer?-An equalizer having a constant
insertion loss regardless of the amount
of equalization. Variable equalizers, unless specially designed, have a variable

amount of equalization. To overcome
this difficulty, equalizers have been designed that will present a constant loss
for any setting of their equalization.
Such equalizers employ two attenuator
pots connected mechanically in such a

manner that, as the loss of one pot is
increased, the other is reduced in a like

amount. Thus, the loss in the circuit
remains constant-only the amount of
equalization is changed. This equalizer
is often erroneously referred to as a
constant -gain equalizer. A diagram of
a constant -loss equalizer is shown in
Fig. 6-15. It will be noted that the loss
of the two pots PI and P2 always remains the same-for this example, 12
dB. Therefore, the insertion loss is 12

downward decreases the low -frequency
response. When P2 is moved upward
the high -frequency response is in-

dB. (See Question 6.107.)

creased and the reverse takes place

circuit? -11

when it is moved downward. The total
equalization is 28 dB, or 14 dB plus or
minus the reference frequency. This
equalizer has two disadvantages: (1)
the insertion loss is not constant and
varies with the amount of equalization
and (2) the impedance is not constant.
Therefore, the device must be operated
from and into circuits presenting a solid
termination. The approximate equaliza-

6.16

What effect does an equalizer

have on the impedance relations of a

the equalizer is not of constant resistance or impedance, the impedance of the circuit will be disturbed
and the expected equalization may not
be obtained. Whenever possible, constant -resistance equalizers should be
used.
6.17

What is a constant -resistance
equalizer?-A configuration using a

have on the gain of a circuit?-It pre-

constant resistance or impedance pad
in conjunction with reactive elements.
The reactive elements in the shunt and
series arms have an inverse relationship; therefore, the impedance at either
the input or output is essentially con-

sents a loss at a given reference fre-

stant.

tion obtained for different settings of
PI and P2 is shown in Fig. 6-13B.
6.11

What effect does an equalizer
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Fig. 6.15. A bridged -T constantloss equalizer.

Whut is the configuration for
constant -resistance equalizer?-Gen6.18

a

SEC 1.0.

104

erally, a plain -T pad, as shown in Fig.
6-18. If the equalizer is to be variable, a
T pad, variable in steps of I dB, is sub-

stituted for the fixed pad. As a rule,
variable

T -type

equalizers

employ

hridged-T attenuators as described
Question

14

SK

400n

SOO n.

500n

500n
0

in

SODA
11F

6.48.

6.19 What is the maximum equalisation thot can he obtained with a con-

qualiscrl -- About 20
dB is the practical limit. If a greater
amount of equalization is required, two
stant -resistance

or more equalizers may be connected in
tandem. The amount of equalization at
the lower frequencies is limited by the

reactive elements, particularly the inductances. Only coils of the highest Q
should be employed in conjunction with

high-grade paper or mica capacitors.
The coils should have their maximum
Q at the resonant frequency.
6.20

SeCTINS

m

0 NM

What is on L -type equalizer?-

One employing a single coil and capacitor as shown in Fig. 6-20. The chief disadvantage of this equalizer is that it

(R0)

0

Fig. 6-20. L -type equalizers connected in

tandem. Values shown ore suitable for
the reproduction of 16' transcriptions
using the NAB characteristic.

does not present a constant resistance
to the operating circuits. (See Question
6.95.)
6.21

What does the term "shelving" mean when applied to an equaliser?

-It means that the frequency response
has a shelflike characteristic at the upper and lower ends of the spectrum as
shown in Fig. 6-21.
6.22 What is the phase shift for a
bridged -T equalizer)-About 40 degrees.
6.23 What is on attonuator equalizer?-An equalizer using an attenuator

zeto

Z

- -4-

Fig. 6-18. Constant -resistance or impedance equollscrt
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tance and inductance?-Referring to the
graph in Fig. 6-26, it will be seen that as
the frequency is increased from the

lowest value to a high value, the capacitive reactance (Xc) decreases, while
the inductive reactance (X,.) increases.

Fig. 6-21. Shelving characteristic of on
equaliser.

At the resonant frequency, the circuit
behaves

as

a

resistance.

network for controlling the amount of
equalization. They are also known as
constant -resistance or constant -impedance equalizers. The equalizers described in Question 6.48 are attenuator
equalizers.
6.21 Describe on equalizer ampli-

the

pacitor, while above the resonant frequency, the circuit behaves as an inductance. Below the resonant frequency, the current leads the voltage,
while above the resonant frequency, it
lags the voltage.

fier.-Equalizer amplifiers were used in
the early days of radio for reproducing
16 -inch

Below

resonant frequency it behaves as a ca-

INDUCTIVE

(Xi)

electrical transcriptions. The

required equalization consisted of RC
equalizer sections interposed between

RESISTIVE

the first and second stages. The advantage of this design was that the equal-

RESONANT
FREQUENCY

izer and preamplifier were one unit.
Equalizer amplifiers are now obsolete.
6.25 What is a degenerative amplifier equalizer?-An equalizer employing reactive components in the
cathode and plate circuits of a vacuum
tube (Fig. 6-25). The amount of equalization is controlled by the two potentiometers, which control the degeneration in the cathode circuit. Many different combinations of both the low and
high frequencies are possible.
12AU7

so

CAPACITIVE

(Xcl

Fig. 6-26. Characteristics of a resonant
circuit consisting of inductance and
capacitance.
6.27

What is a diameter equalizer?

-In disc recording, as the smaller diameters are approached, the groove velocity is lowered, with an accompanying
loss in high frequencies, particularly
above 3000 Hz. (See Question 13.49.) To
overcome this deficiency, diameter
equalization is automatically introduced

the recording circuits at diameters
previously determined by a family of
in

6-25. Configuration of a cathode
equalisation circuit.

frequency -response measurements, at a
rate of 1 dB per step. The resonant frequency of the equalizer is about 10,000
to 12,000 Hz. Diameter equalization
should not be confused with pre -equal-

This amplifier is often used in public

ization, for it is a form of equalization
used in addition to regular pre -equali-

Fig.

address systems. Because the amount of

zation.

equalization affects the gain of the am-

The principal objections to the use
of diameter equalization are that it increases the interrnodulation distortion
at the smaller diameters and adds to
the difficulty of tracking the pickup
during reproduction. Also, the power
handling capabilities of the recording
amplifier must be increased to over-

plifier stage, the main gain control of
the amplifier system must be changed
to compensate for every change in the
amount of equalization. The potentiometers are especially designed for this
equalizer circuit.
6.26 What arc the characteristics
of a resonant circuit containing capaci-

come the additional insertion loss of the
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diameter equalizer. As a rule, for installations using the standard RIAA

pacitance and inductance?-Yes, except
that such circuits arc not constant -

pre -equalization and 6 dB of diameter
a recording amplifier of
100 to 120 watts output is required.

impedance and a given frequency response is difficult to obtain.
6.31
If a capacitor is connected in
series with a circuit, how is the frequency response affected?-If the capacitor is small, the iow frequencies

equalization,

Since the adoption of the hot -stylus
technique for recording disc records,
diameter equalization is not used to any
great extent. Hot stylus recording techniques are discussed in Questions 15.58
to 15.71.

will be attenuated as shown in Fig.
The smaller the capacity,
greater will be the attenuation.
6.31.

the

6.28 What type equalizer is used
for diameter equalization?-A bridged T, constant -loss type. (See Question
13.111.)
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Fig. 6-29A Transmission characteristics
of a high -frequency equalizer.
6.29

How ore equalizer characteris-

tics plotted?-Equalizer characteristics
may be plotted in two ways, using
either the transmission loss or the insertion loss versus frequency. As a rule
equalizer plots are made showing their
transmission characteristics as it is

easier to picture their operation in a
recording circuit. An insertion -loss plot
is used when designing such devices.
-20
is
-PO
S

10 iott

Fig. 6-298. Insertionloss cha actcristics
of the equaliser in Fig. 6-29A.

Figs. 6-29A and B show the transmission and insertion -loss characteris-

tics for a typical equalizer. It will be
noted the characteristic is the same for
both

plots,

except

the insertion -loss

curve indicates the equalizer's loss with
respect to frequency and the transmis-

sion curve the gain of the circuit with
respect to frequency.
6.30 Con equalization be obtained
with simple circuits containing only co-

Fig. 6-31. A simple equalizer using one
capacitor in series with a circuit.

Although this circuit could be used
to increase the high -frequency response
or decrease the low -frequency response, it is not entirely satisfactory

because the rate of cutoff, frequency
response, and impedance match cannot

be controlled to any great extent. The

circuit functions by virtue of the capacitive reactance. At the low frequencies the reactance is quite high and at
the high frequencies it is quite low,
permitting the higher frequencies to
pass with little attenuation. The capacitor might be looked upon as a variable
resistance in series with the circuit controlled by the applied frequencies.
Therefore, the impedance varies with
frequency.
6.32 II a capacitor is connected in

parallel with a circuit, how is the fre
quency response al fectodl-The higher
frequencies arc attenuated. The larger
the capacity the greater will be the attenuation, and the reverse of Fig. 6-31.
As the higher frequencies are approached, the capacitive reactance decreases, shunting the high frequencies

to the low potential side of the circuit
It might be said that the capacitor acts
like a variable short circuit, controlled
by the applied frequencies. The reactance of the capacitor for any frequency
may be computed:
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= 2rfC
where,
XI: is the
ohms.

capacitive

in

reactance

f is the frequency in Hz,
C is the capacitance in microfarads.

At a frequency where the capacitive
reactance equals the circuit impedance,
the response is down 3 dB.

Fig. 6-34. A simple equalizer using one
inductor in series with a circuit.

circuit unpedance will vary with frequency.
6.34

If on inductance is connected
in series with a circuit, how is the frequency response affected?-As the fre-

Fig. 6-32. A simple equalizer using one
capacitor in parallel with a circuit.
When

the

capacitive

reactance is

one -tenth of its original value, and the
impedance of the circuit is ten -times
the

reactance

of

the

capacitor,

the

change with frequency becomes negligible. To evaluate the change with frequency, it is necessary to refer to a reference frequency, generally 1000 Hz.

quency is increased the inductive reactance increases. attenuating the higher
frequencies, and the response becomes
similar to that in Fig. 6-32. The induc-

tive reactance for any frequency may
be computed:

2nfL
where,
Xt. is the inductive reactance in ohms,

I is the frequency in Hz,
L is the inductance in henries.

The inductive reactance of the coil may
be looked upon as a series resistance

which varies with frequency; thus the
circuit impedance changes with frequency.
6.35

What

is

parallel -resonant

a

equalized-A configuration with the
circuit elements connected in parallel.
The completed network is then connected either in series or parallel with
the circuit to be equalized. (See Fig.
6-35.)

6.36

Fig. 6-33. A simple equalizer using one

inductor in parallel with a circuit.
If on inductance is connected
in parallel with a circuit, how is the fre6.33

quency response affected?- -If a constant

voltage is applied to the input and the
frequency varied, the voltage at the
output will increase with frequency,
because of the increase in the inductive

reactance of the coil. This is similar to
the series capacitor m Fig. 6-31. The

What

is

a

series

nt

equalizer?-A configuration with the
circuit elements connected in series.
The completed network is then connected either in series or parallel with
the circuit to be equalized. (See Fig.
6-36.)
6.37

Why is it necessary to equalise

a telephone line?-For ordinary telephone lines, it is not necessary unless
they are to be used over long distances.

Telephone lines used for radio transmission are equalized to secure a uniform frequency response within limits,
depending on the classification of the
line. A telephone line may be consid-

ered as a low-pass filter, the circuit
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nate at the desired frequency. The resistor H controls the amount of equalization.

The resonant frequency of the equalizer

0

0

(a) Connected in series with a line.

I

is made slightly higher than the

highest frequency to be transmitted by
the line. High quality lines are equalized to within plus or minus 1 dB from
a reference frequency of 1000 Hz. A
typical line -equalizer characteristic is
shown in Fig. 6-39.

z

C

-0
I h) Connected in parallel with a line.
Fig.

6-35.

Parallel -resonant
circuits.

equalizer

elements being series inductance, shunt
capacitance, and the dc resistance of the
conductors.
To correct for these deficiencies,
equalizers, phase -correction networks,
and amplifiers are connected in the line

at given intervals called repeater stations. The amplifiers compensate for
line losses and the insertion loss of the

Fig. 6-38. A simple telephone -line equalizer network.
6.39

Show the frequency character-

istics of a line before and alter equalization.-The plot of a typical telephone
line consisting of a No. 19 nonloaded
cable pair, 10.8 miles in length is shown

corrective networks. The phase -correc-

in Fig 6-39. Curve A shows the fre-

tion network reduces distortion due to
phase shift. ISec Questions 723 and

quency

7.24.)

6.38 Show a simple telephone -line
equaliser.-Fig. 6-38 shows a parallel -

resonant equalizer connected in parallel

with a line through a variable resistor.
The capacitor and coil in parallel reso-

response of

the

line

before

equalization, and C after equalization
Curve B is the equalizer characteristic
alone. Although the line characteristic
at C is plotted to 10,000 Hz, it is the
practice to equalize lines for broadcast
use to within I dB at 8000 Hz only. For
fm use, the frequency response is extended beyond 15,000 Hz.
It will be noted the equalizer

o---1(-11RXD-o

d/3m to a minus 30 dBin, after equalization. This loss is caused by the insertion
loss of the equalizer.

-0
0
(a) Connected in series with a line.
0±

(b) Connected in parallel with a line.
Fig.

6-36.

Serios-resonont

circuits.

re-

duced the line level from a minus 14

equalizer

The Western Electric 23A equalizer
which is similar to that shown in Fig.
6-38 may be used on longer lines with
the following results:
Line Length
(Miles)

Cable Pair

Equal. at

Size

10 kHz

10.0
11.5

19

21.5
25.0

16

1 dB
2 dB
1 dB
2 dB

19

16

This is for a nonloadcd pair. Cable
loading is discussed in Question 25.186.
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FREQUENCY CHARACTERISTIC
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EQUALI ER ARO LINE
CHARACTERISTICS ARE
PLOTTED INSERTION LOSS

0

-__.A01y 6Oe

laamt

300m.

Focist.60014:

Issu

2 us.

AWE Colts

MHz

Fig. 6-39. Frequency characteristics of No. 19 nonloaded cable before and after
equalization using Western Electric 23A equalizer.
6.40 How is the amount of equalization estimated for a given line?-The
amount of equalization may he calculated from the known characteristics of
the line. Open pairs require less equalization than cable pairs. because of the
greater distributed capacity and series
inductance of the cable pairs. The loss
in dB per mile for standard telephone
cable may be obtained from the cable
manufacturer, and the equalizer de-

signed accordingly.

Explain hove the equalizer in
Fig. 6-38 functions.-An equalizer may
be looked upon as a variable -lass device, controlled by the applied frequencies, which varies the gain of the circuit (at a given frequency) in which
6.41

it is connected. Frequencies attenuated

by a line or device cannot he replaced;
however, the predominating frequencies

can be reduced to the level of the attenuated frequencies. Thus, a uniform
level or response is obtained.
Referring to the equalizer in Fig.
6-38, below the resonant frequency, a
parallel -resonant circuit functions as an
inductance and offers a low reactance

at the low frequencies and a high reactance at the high frequencies. As the
frequency is increased, the reactance

increases and builds up the voltage
across the line, with the greatest voltage
occurring at the resonant frequency.
This action is opposite to that of the
transmission -line characteristic which

attenuated the high frequencies.

An equalizer of the type shown in
Fig. 6-38 may, therefore, be viewed as
a variable short circuit in parallel with
the line and controlled by the applied
frequencies. At the lower frequencies

the reactance is low and at the high
frequencies it is high. Thus, at the high
the shunt effect of the
equalizer is reduced to a small amount.
The value of the series resistance R is

frequencies,

determined by the length of the transmission line. As the distributed capacity
of the line increases, the high -frequency loss increases. Hence, less series
resistance is required for a long line

than for a short one.
6.42 Where should a telephone
equalizer be connected? --At the receiv-

ing end of the line. This will result in
a maximum signal-to-noise ratio.
6.43 Describe the procedure for designing a telephone -line equalizer.-The
first step in the design is to measure the
frequency characteristics of the line to
be equalized, as described in Question

After the response has been
plotted, the resonant frequency of the
equalizer may be determined.
Assume an equalizer is to he designed for a transmission line having a
frequency characteristic of that shown
in Fig. 6-39. It will be observed that at
the reference frequency of 800 Hz, the
line has a loss of 15 dB, compared to
8000 Hz. A rising frequency characteristic is required; therefore, a parallel resonant circuit is employed and con23.96.
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nected in shunt with the line (Fig.

quency. This action is diametrically op-

6-44). Since the highest frequency to
be eqnalized is 8000 Hz, a resonant fre-

posite to that of the transmission line,
whose attenuation increases with fre-

quency of 9000 Hz will be used. The

quency.

line will be terminated in 600 ohms. To
obtain an equalization of 15 dB, a toroidal -wound coil is required, with a "Q"
of at least 50 or 60 at 9000 Hz. The value

Thus, the equalizer may be viewed
as a variable short circuit in parallel

of the inductance may be found with
the assistance of the reactance chart in
Fig. 25-201. As this is to be a high frequency equalizer, a ratio of capacitance to inductance is selected that will
result in a low inductive reactance at
100 Hz.

Selecting a value of 100 ohms at 100

Hz, the reactance chart is entered at
100 Hz at the bottom of the chart and
followed upward to where an inductive
reactance of 100 ohms is encountered on

the left-hand margin. At this point, a
diagonal line representing a value of

with the line, with the amount of short-

circuiting a function of frequency. At
100 Hz the network used for this illustration presents an impedance of 100
ohms in parallel with the line impedance, thereby attenuating the low frequencies. At 9000 lIz the network impedance rises to 9000 ohms; thus, the
voltage across the line at 9000 Hz is
increased.
6.44 How is a line equalizer adjustedl-By sending a series of constant -amplitude frequencies from the

sending end of the line to the receiving
end where the equalizer is connected.
(See Fig. 6-44.) The resistive networks

millihenries crosses the 100 -Hz
line. The 160 -millihenry line is followed

at the send and receive ends supply a

to where it intersects the 9000 -Hz line.
At this juncture, another diagonal line

ing the line front the measuring instruments. The series resistance ft is
adjusted for a uniform frequency re-

160

is encountered. Following this downward to the right-hand margin, the
value of capacitance is found to be
0.00195 µF. This value of capacitance
in parallel with a 160 -millihenry coil
will resonate at 9000 Hz. The reactance
of the network may now be read at the

left-hand margin, where it crosses the
9000 -Hz line; for this example this is
9000 ohms.
in a parallel -resonant circuit, the

voltage falls MT on either side of the
resonant peak, attenuating the frequencies on both sides. Below the resonant

solid resistive termination, while isolat-

sponse within a given set of limits. This
subject is further discussed in Question
23.96.

6.45 II more equalization is required than can be obtained with one
equalizer, how is the equalization increosed?-By connecting two equalizers

in tandem. The total equalization is the
sum of the two, if they have the same
frequency characteristics. If the char-

acteristics are not the same, it will be
the algebraic sum of the two.
6.46

What

is

a

series -resonant

frequency, the circuit functions as an
Inductance; hence, it offers a low reac-

equalizer and how is it designed?Series-resonant equalizers are designed

tance to the low frequencies and a high

in

reactance to the high frequencies. As
the frequency increases, the inductive
reactance increases and the voltage
across the line is built-up, the greatest
voltage occurring at the resonant iresv.v

a mariner similar to the parallel resonant equalizer, using the reactance
chart in Section 25. Series -resonant
equalizers are connected in parallel,
with a line to remove peaks as shown
in Fig. 6-46A. The action of this conRECE IV(

6- 23 RIO

EOUAL1ZER

6- 213 PAO

Fig. 6-44. Test setup for measuring the frequency characteristic of o telephone line
with equalization.
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shelf -type suppressor equalizer is the
result, with an inverse characteristic of

that in Fig. 6-49A. The configurations
shown in Figs. 6-50A and B are similar
in nature but employ series and parallel
resonant circuits to achieve their characteristics. Although the configurations
shown are designed for bridged -T pads,
straight -T pads may be substituted, if
desired. For variable equalization, a 20 dB bridged -T pad, variable in steps of
1 dB, is used. As these equalizers are of
constant impedance or resistance, they

must be operated from, and in
Fig.

6-46A.

A simple series -resonant

equalizer network.

to,

a

solid termination. The pads may be designed from the data given in Questions
5.33 and 5.37.

6.49
in

a

Now do the reactive elements
bridged -T

equalizer function?-

They control the pad loss as a function
of frequency. In the design of a bridged T pad, as described in Question 5.37,
the two resistors 11, are equal in value
to the circuit impedance. Resistors R5

Fig. 6-468. The effect of connecting a
series -resonant equalizer in parallel with
a transmission line and the resulting
frequency response.

and R., are varied in their values, inversely to each other, to obtain different values of loss. For a condition of
zero loss, Rs has zero resistance and R.,

infinite resistance. Now, if reactive elements are connected in parallel and in

figuration is the reverse of the parallel resonant type. In Fig. 6-46B is shown a

peak removed from a circuit by the
use of a series -resonant equalizer connected as shown in Fig. 6-46A. The resistance shown in dotted lines may be

connected in parallel with the coil to
lower the Q of the circuit, thus, flattening out the response. However, the use
of this resistance will also reduce the

amount of equalization normally obtained without it.
6.47 How arc the exact values of

Fig.

capacitance obtained for equalizer constructionl-By connecting capacitors in
parallel, in series, or in series -parallel.
6.48 Describe
the
foil/
basic
bridged -T equalizers most
used in audio work.-The

6-49A. High -frequency shelf -type
suppressor equalizer.
.11

rap LOSS

commonly

four basic

bridged -T equalizers are shown in Figs.

6-49A and B and 6-50A and B, with
L

their frequency characteristics depicted

with their configurations. The configuration in Fig. 6-49A is a low -frequency
shelf -type suppressor equalizer employing only two reactive elements, a capacitor and an inductance. The positions of

the reactive elements have been reversed in Fig. 6-49B. A high -frequency

Fig.

6-498.

Low-trequency

suppressor equalizer.

shelf -type
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series with resistors R, and Rs and R:
and R. are selected for a given pad loss,
the reactive elements may be employed

to control the pad loss as a function of
the applied frequencies.
The configuration shown in Fig.
6-49A is a high -frequency equalizer

similar to that used in recording circuits for pre -equalization. Capacitor C,
is connected in parallel with FL and the
inductance L, in series with R.. At the
lower frequencies C, has a high reactance and the inductance L,r a low reactance. Under these conditions, the pad
loss is approximately normal.
As the frequency is increased, the
reactance of C, starts to decrease and
the reactance of L, starts to increase.
When the maximum frequency is
reached, C, shunts out Re and L., has,
for all intents and purposes, opened up

(because of the high reactance of
L,). Thus, the pad loss is theoretically

tr

L3

C3

R.,

zero.

Removing the pad loss from the circuit increases the gain at the higher
frequencies. When complex waveforms

Fig. 6-50A. A resonant circuit peak -type
equaliser.
L5

are applied to the equalizer, the pad
loss will appear to be different for each
frequency component in the waveform.
Therefore, the pad loss is controlled by
the applied frequencies. The frequency
response shown with the configuration is the transmission characteristic
plotted for frequencies of constant amplitude applied to the input of the net-

work. Equalizers of this type may be
used to increase the frequency response

of a circuit at either end of the spectrum. It will be noted that the response
at the extreme upper and lower ends
is shelved.

Twenty dB of equalization is about
all that can be obtained with a single
equalizer of this configuration. If a
greater amount of equalization is required than can be obtained with a
single unit, two or more equalizers may
be connected in tandem. The total
equalization will be the algebraic sum
of the two equalizers. The coils should

be of toroidal design with a Q at the

Fig. 6-506. A resonant circuit dip -type

lower frequencies of at least 25.
6.50 What is the purpose of using
resonant circuits with bridged -T equal-

equaliser.

izersl-To resonate the equalizer at a
predetermined

frequency.

Equalizers

using this type configuration may be
designed to attenuate or accentuate certain frequency bands. These designs

may also be used to equalize the extreme ends of the spectrum, by selecting the proper circuit elements and
using the left or right side of the resonant response curve shown above the
configurations in Figs. G -50A and B.
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When using the configuration in Fig.
6-50A to increase the high -frequency

uration

response. the left side of the response
curve is used to provide the lift. For

values.

variable in steps of I dB by the use of

low -frequency equalization, the right

mum equalization is about 15 dB, although more may be obtained if toroidal coils with the maximum Q occurring at the resonant frequency are used.
6.S f
How is the equalizer shown in
Fig. 6-49A designed?-For this design,

the configuration in Fig. 6-49A will be
used. The transmission characteristics
for the configurations of Fig. 6-49A and
B are given in Fig. 6-51A. The curves
are plotted for a 10 -dB loss pad. The
figure 1.0, at a point where the curves
cross is termed the crossover frequency
and represents the frequency where

figurations in Figs. 6-49A and B. As the
frequency of resonance is approached,
in Fig.

C.,

circuit -element

a 20 -dB variable attenuator. The maxi-

side of the curve provides the lift.
The configuration in Fig. 6-50B may
be used to attenuate either the high or
low frequencies. The right side of the
response curve is used for attenuating
the lower frequencies and the left side
the high frequencies.
The action of the reactive circuits is
similar to that described for the con-

the impedance of L, and

and

These equalizers may also be made

6-50A decreases, shunting out R. While
this is happening, the reverse is taking

one half the pad loss occurs. For this
example, curve 1 will be used, with
point 1.0 representing 1500 Hz. The

place at L, and C,. Thus, the pad

loss is removed from the circuit. It will

be noted the positions of the resonant

frequency response may now be plotted

circuits are reversed in Fig. 6-50B.

as in Fig. 0-51B, by first indicating a

Therefore, the actions of the resonant
circuits are also reversed and, thus, an
inverse frequency characteristic to that

loss of 5 dB at 1500 Hz. Again referring
to Fig. 6-51A. at 3000 Hz (2.0) the loss
is 1.25 dB; and at 4500 Hz (3.0), the loss

in Fig. 6-50A is obtained.

is negligible; at a frequency of 750 Hz
(0.5), the loss is 8.75 dB; and at 500 Hz

It should be remembered that in a
parallel -resonant circuit the impedance
increases with an increase in frequency.
The reverse is true for a series -resonant
circuit. The configurations shown may

(0.3), it is 10 dB.

To make the curve fit a particular
requirement, the frequency at the
crossover point (1.0) is shifted up or

be designed to induce a peak or dip

down on the curve, as required. Three
different plots, using one-half pad loss
frequencies of 100, 1000, and 3000 Hz

anywhere in the frequency spectrum,
by the selection of the proper config'''''

A
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Fig. 6-51A. Equalizer design char for the shelf -type equalizers given in Fig. 6-49A
and Fig. 6-49B.
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Fig. 6-51 B. Frequency response for 1500 -Hz, low -frequency, bridged -T, suppressor type equalizer.

0
0 -5

Fig. 6-51C Frequency response for high -frequency suppressor -type bridged -7 equalizer, using three different crossover frequencies.

Frequency of 1/2

Pad Loss (Hz)

30

40

50

60

80

100

120

150

200

In

2.64

1.98

1.58

1.32

0.990

0.792

0.658

0.531

0.396

C,

7.33

5.50

4.42

3.66

2.750

2210

1.84

1.470

1.100

300

SOO

1k

1.5k

2k

2.5k

3k

4k

5k

LI

0.264

0.158

0.079

0.053

0.039

0.0316

0.0264

0.0198

0.0158

C,

0.650

0.441

0.221

0.147

0.110

0.0884

0.0733

0.0550

0.0441

Frequency of 1/2

Pad Loss (Hz)

Frequency of 1/2

Pad Loss (Hz)

6k

7k

8k

9k

10k

12k

15k

20k

L,

0.0132

0.0114

0.0098

0.0086

0.0079

0.0066

0.0052

0.0039

C,

0.0366

0.0316

0.0275

0.0242

0.0221

0.0183

0.0147

0.0110

Fig. 6 SID Comp

valves for 600 -ohm, shelf -suppressor equaliser of Fig. 6-49A.

are shown in Fig. 6-51C. It may be observed that all the curves have the same

shape, and only the frequency of the
one half pad loss has been shifted. The
affected portion of the frequency spec-

trum extends from about one third of
the half -loss point to three times the
half -loss point
After the frequency response has
been plotted and if it is satisfactory, the

values of C, and L, are selected from
the table in Fig. 6-51D. Under the 1.5
kHz column, L, equals 0.053 henry, and
C, is 0.147 µF. After having determined

the circuit element values and the frequency characteristics, the configuration may be converted to an impedance
other than 600 ohms and for a pad loss

greater than 10 dB by the use of the
simple conversion factors given in
Questions 6.56 and 6.57.
6.52 How is the equalizer configura-

tion shown in Fig. 6-498 designed? -It
is designed in a manner similar to the
example given in Question 6.51, except
that curve -2 of Fig. 6-51A is used. Assume that a low -frequency, shelf -type
equalizer with a half -pad loss occurring
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Fig. 6-52A. Frequency response for two low -frequency, suppressor -typo bridged -T
filters.

-

_

Frequency of 1/2
Pad Loss (Hz)

30

40

50

60

80

100

120

150

200

1.44

1.15

0.96

0.767

0.576

4.00

3.20

2.67

2.130

1.610

Lo

3.84

2.88

2.30

1.92

C,

10.07

8.00

6.40

5.34

Frequency of Va
Pad Loss (Hz)

300

500

lk

1.5k

2k

2.5k

3k

4k

5k

L,

0.384

0.231

0.115

0.0768

0.0576

0.0455

0.0384

0.0288

0.0231

C,

1.065

0.640

0.320

0.2130

0.1610

0.1260

0.1060

0.0800

0.0640

Frequency of V2
Pad Loss (Hz)

6k

7k

8k

9k

10k

12k

15k

20k

L:

0.0192

0.0168

0.0144

0.0132

0.0115

0.0096

0.0077

0.0058

C,

0.0530

0.0460

0.0400

0.0367

0.0320

0.0267

0.0213

0.0161

Fig. 6-52B. Component values for 600 -ohm, shelf type -suppressor equalizer in
Fig. 6-49B.
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Fig. 6-53A. Equalizer design chart for equaliser shown in Fig. 6-504.

8.70

2.370

5.220

.049

.522

.4000

2530

212

.477

.0948

1.0700

Ir

C.

.197

1.6000

.847

3800

.129

C.

.0632

I

.119

3

2.000

4.400

1300

2660

2

Response

.875

.398

2.010

.868

.2010
.1300

2370

.8050

.0318

3

1.050

1.680

3480

.0325

.1290

.0868

I

3.480

.325

1.290

265
6.720

1

3

.948

10.700

5.080

3.800

2.660

1

3.140

20.700

.778

3

.1070

.4300

.0592

2

1,000

3.540

1.610

L.

500

Resonant
Frequency

C.

1.070

A87

.505

1.970

C.

1.100

.592

4.300

1.290

La

.316

8.050

2

1

2

5.74

1

13.16

120

3

4.21

100

8.00

3.53

Response

Frequency

Resonant

C.

2.78

1.80

17.60

L.

26.80

120

1.48

C.
10.80

6.38

La

4.84

3.30

1.99

4.42

Response

1.05

2

14.10

40

1

2

3

30

1

Resonant
Frequency

.1590

.0712

2850

.0396

2

1,500

1.590

.712

2.850

.396

2

150

4.770

2.120

8.470

1.190

2

50

1

.0840

.1350

.5390

.0210

3

.835

1.350

5.390

.210

3

2.53

4.00

16.10

.632

3

2620

.0246

.0965

.0666

1

2.620

.248

.965

.666

1

8.800

.800

.1180

.0533

2140

.0296

2

2,000

1.180

.533

2.140

.296

2

200

4.04

1.75

1.01

7.00

3200

2

60

2.210

1

.0630

.1010

.4030

.0158

3

.630

1.010

4.030

.158

3

2.100

3.350

13 400

.537

3

2140

.0190

.0757

.0532

1.760

.180

.638

.442

1

C.580

.604

2.420

1.650

1

.0960

.0424

.1690

.0236

2

2.500

.800

.353

1.410

.199

2

300

2.870

1.390

5.540

.715

2

80

.05061

.0807

.3200

.0127

3
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tive elements are found under the 5000
Hz column in Fig. 6-528. For purpose
of illustration, a second curve half -pad
loss occurring at 500 Hz has been

ration shown in Fig. 6-50A designed?-

plotted in Fig. 6-52A.

of 500 ohms. The left halves of the
curves arc for equalizers designed to

6.53

Hole is the equaliser configu-
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increase the high -frequency response.
The right side is used for increasing
the low -frequency response. The com-

plete curve is used when designing a
resonant or peaked equalizer. To illustrate how the chart functions, assume
an equalizer is required for increasing
the high -frequency response at 10,000

Hz 10 dB, for a circuit impedance of
500 ohms.

Referring to the chart in Fig. 6-53A,
three sets of transmission curves are
given. Because this is to be a high frequency equalizer, a curve is selected

from the left-hand group that will approximate the desired response, with
the point (10) representing the resonant frequency of 10,000 Hz. The ratio
of other frequencies to the resonant
frequency may now be plotted.
Assuming the desired frequency response approximates curve 2 at the left,
1000 Hz (0.1) will be up 0.4 dB; 2000
Hz (0.20), up 1 dB; 5000 Hz (0.5); 5 dB,

under the resonant frequency of 10,000
Hz. For the above example, these values
arc: L, 5.9 mH, L, 10.7 mH, C, 0.043 uF,
and C, 0.024 pF. The pad loss is 10 dB.

After the unit had been completed
and transmission measurements made,

the values of the capacitors may be
shifted to bring the curve closer to
requirements. However, unless extreme
accuracy is desired, the indicated values
will be close enough.
6.54 How is a low-lrequency equal-

izer similar to the one shown in

Fig.

6-SOA designed?-By using the same
procedure as described for the high frequency equalizer, with one exception. The right-hand group of curves
in Fig. 6-53A is used. The circuit elements are selected from the table in
Fig. 6-53B.
6.55 Haw is the equalizer shown in

6 -SOB designed?-By the use of
the chart in Fig. 6-55A and using the
Fig.

7000 Hz (0.07), 8 dB; and 10,000 Hz,

procedure described in Question 6.53.
However, as this equalizer has char-

10 dB.
While it is

acteristics reversed from those in Fig.
6-50, the frequency response is plotted

true the curves in Fig.

6-53A will not satisfy all requirements,

they will be sufficiently close for all
practical purposes.

After plotting the frequency response, the circuit element values are
selected from the table in Fig. 6-53B

as a loss, as the curves approach resonance. The circuit elements are selected
from the table in Fig. 6-55B. The

left-hand group of curves is used for
high -frequency attenuation, and the
right-hand group for low -frequency

u. m -4 ono -

,u

oi
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in m -+oi,o-
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Fig. 6-55A. Equalizer design chart for equalizer shown in Fig 6-50B.
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then converted to the required impedance by means of the conversion factors

given in Fig. 6-56. It will be noted in
some instances the component values
are multiplied, and in others they are
divided.
PI
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E.!
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The maximum attenuation (15 to 20
dB) depends largely on the "Q" of the
coil used. When the networks shown
are used with a variable attenuator, the
component values are selected for a
pad -loss of the maximum value to be
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Fig. 6-558 (continued/. Component values for 500 -ohm resonant equalizer shown in
Fig. 6-50B.
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203
500 ohms

600 ohms

,

K=-

K = -,-

K

K

6Z00

SZOO

600
500

1.20

500
600

0.833

1.00

600
600

1.000

500

0.50

250
600

0.416

200
500

0 40

600

150
500

0.30

600

500
500
250

200

0 333

150

0.250

Multiply C.. C... L. L L., and L.
Dimder C., C, C., C., L., and L..
Z, = Neu, Impedance.
Fig. 6-56. "K" factors for converting equalizer networks to impedances other than
their original design impedances.

used. For situations less than maximum,

the curves will approximate the same
general shape. Higher values of attenu-

ation will cause the curve to become
steeper, with the break at the no -loss
point remaining around the same point.
This will move the design point of the
half -pad loss closer to the break from
the no -loss portion at the higher values
of attenuation, and vice versa. (See
Questions 6.61, 6.67, and 6.124.)
6.57 How arc the foregoing equal-

manner similar to a balanced attenuator. Four such configurations are shown
in Figs. 6-58A, B, C, and D. The con-

figurations of Figs. 6-58A and B are
derived from those shown in Figs.
6-49A and B, while those in Figs. 6-58C
and D are derived from the configurations of Figs. 6-50A and B. The terminating circuits must be balanced or be
symmetrical to ground.
6.59 Is it permissible to connect a
balanced and an unbalanced equalizer

izers converted to other pad losseslWhen pad losses other than 10 dB are

required, a change in the circuit element values is necessary. The new
values are obtained by multiplying or

"Cu

dividing the values given for the 10 dB.
500 -ohm equalizer by the factors given
in Fig. 6-57.
6.58 What is a balanced equalizer?
-One in which the circuit elements are
connected in each side of the line in a
dB Loss

K dB Loss K dB Lou

K

3

0.30

9

0.89

15

1.62

4

0.38
0.48

10
11

1.00
1.12

16

5

1.75
1.87

6

0.57

12

1.25

18

7

0.67

13

1.38

19

8

0.78

14

1.50

20

Multiply L,,

17

2.00
2.12
2.25

C., and C..

Divide L., L., L., C,, C., and Cs.

Fig. 6.57. "K" factors for pad losses
other than 10 dB

2C.

Fig. 6-58A. Balanced configuration, derived from Fig. 6-49A, showing the division of circuit elements.
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attenuator loss is selected for the desired maximum value. The transmission
curves of the equalizer will remain
essentially the same for all loss settings

of the attenuator up to 10 dB. For
greater values of loss, the curves will
become steeper.

Fig. 6-588. Balanced configuration, derived from Fig. 6-498, showing the division of circuit elements.

in tandem?-No. They cannot be directly connected, but must be isolated
from each other by a repeat coil as described for attenuators in Question 5.30.
Otherwise, serious leakage will occur at
freqnencies above 2000 Hz.
What is the designed procedure
6.60
for a balanced equalizer? --Balanced

Fig. 6-58D. Balanced configuration derived from Fig. 6 -SOB, showing the divi-

equalizers are first designed as an unbalanced configuration and then converted to a balanced configuration, as
shown in Figs. 6-58A, B, C, and D.

sion of circuit elements.

6.61

How

is

the

attenuator

loss

selected for a variable equalizer?-The

except that more noise may be en-

L3
2C 3

2

Variable attcnuators for use with
constant -resistance type equalizers as
a rule employ the hridged-T attenuator.
However, the plain -T may also be used,
countered when changing the attenuation becanse of the additional contacts
and also because of its configuration
The bridged -T attenuator is less noisy
when moved. because of the loading

effect of the fixed resistors R, in the
upper side of the configuration. Generally, the attenuntor is so designed that
it will increase the loss in steps of 1 dB.
6.62 1: a ground connection required with an unbalanced equalizer?-

If the equalizer is not grounded,
leakage will occur at the higher freYes.

quencies.
6.63 Where is the ground connected
to an unbalanced equalizer?-To the

side which has no circuit elements, simLs

2C.

2

6-56C. Balanced configuration, derived from Fig 6-50A, showing the division of circuit elements.

ilar to an unbalanced attenuator.
6.64 Is it
y to ground a
balanced equalizer?-No. If the source
and terminating impedances are balanced with respect to ground no equalizer ground is necessary.
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with respect to frequency. As an example, an equalizer with a resonant

r

frequency of 1000 Hz may be changed

to a resonant frequency of 100 Hz by
multiplying the reactive elements by a
factor of 10. If this same equalizer were
to be converted to 5000 Hz, the circuit
elements would be divided by a factor

of five. The impedance would remain
the same as it was for the original de6-65. A balanced equalizer connected in o balanced -to -ground source
Fig.
or

load

circuit. The circuit

may

be

grounded at both the input and output
or

at one end only.

6.65
Where is a ground connected
to a balanced equalizer? --If the circuit

is not balanced to ground, the ground
is connected to the exact electrical center of the configuration. Because this
may be impractical in some configurations. the source and/or terminating
circuits arc balanced to ground as
shown in Fig. 6-65.
6.66 If two equalizers ate connected in tandem, what is the overall
frequency characteristic? -It is the alge-

sign.
6.68

What type coils arc recom

for equalizer construction?Coils of high Q. such as toroidal -wound
coils. The efficiency of a toroidal coil is
mended

extremely high compared to other designs. Also, they arc not affected by
external magnetic fields and may be
mounted alongside each other without
fear of coupling.
At what frequency is the maximum Q specified for equalizer coils?At the resonant frequency. (See Ques6.69

tion 8.72.)
6.70 How ate toroidal

coils con-

struetedl-They are wound on a circular core composed of molybdenum

permalloy dust mixed with a plastic
binder. The core is compressed into the

equalizers. Curve 3 is the overall char-

shape of a doughnut under a pressure
of 200 tons per square inch. A typical
toroidal coil is shown in Fig. 6-70. By
the use of this type winding, coils with

acteristic.

a

braic sum of the two characteristics as
shown in Fig. 6-66. Curves 1 and 2 are
the

characteristics of the individual

Q of several hundred are possible.
6.71 What is the turnover frequency

II the frequency characteristics

6.67

and component values of an equalizer
are known, can it be converted to a different frequency?-Yes, by changing the
reactive component values inversely

a toroid coil?-It is the frequency at
which the Q stops rising with frequency
of

and starts downward, as shown by the
curves in F.g. 6-71.

IH
I. EQUALIZER No. I
2. EQUALIZER No.2

+15

3 TOTAL EQUALIZATION --3

+10

+5
0
dmilmo

FED
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+10
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200tu

00w 60ON1
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2 Mr

4104/

6Ills

1004

Fig. 6-66. Frequency characteristic of two equalizers connected in tandem.
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CI 005

Fig. 6-70. A toroidal -wound coil without

the insulating cover.
6.72 What is a honcycoinftwound
coif?-An air -core coil wound in such a
manner the turns cross over each other
and appear as a honeycomb. This design
results in low distributed capacity but

a low Q.
6.73 What is a negative -feedback
loop equaliser?-An equalizer network
composed of reactive elements con-

nected in the feedback loop of a negative -feedback amplifier. The equalization may be fixed or variable. However,
variable equalization In a feedback loop
is not desirable because each time the
equalization is changed, the feedback
benefits are changed, as is the gain of
the amplifier. Typical negative -feed-

back loop -equalizer circuits are shown
in

Fig. 6-73. The subject of negative

feedback is discussed
12.136 through 12.168.

in

Questions

FB

CI

l

t1

n1

Cs

"2

C3

"3

Fig. 6.73. Negative -feedback loop equalizers.

6.74 What is a plate -circuit equaliser?-Reactive elements connected in

the plate circuit of an amplifier to produce a given frequency characteristic.
A typical circuit is shown In Fig. 6-74.
This circuit may be used for securing a
low -frequency boost by the change of

250

200

44150

100

SO

omo

1000
FREQUENCY

106141

Fig. 6-71. Toroidol coil "Cr versus frequency curves.

zokm

EQUALIZERS

Fig.
Fig. 6-74.

6-76.

Low frequency plate -circuit
equalizer.

Cathode- and plate -circuit
equalizers.

reactance of the capacitor C connected
across the load resistor R. The capacitor

compensate for the loss induced by the
networks. As a rule, this type of equalization is only used with triode vacuum

is selected for a value that will atten-

tubes.

uate the high frequencies, beginning at
a predetermined frequency. As the frequency is decreased, the reactance of
the capacitor increases permitting resistor R to become effective in the cir-

6.77 What tolerance should be
specified for equalizer coils?-Plus or

cuit. In this way, the gain of the stage

izer design?-Plus or minus three percent. However, if greater accuracy is
required, they may be adjusted to the
exact value by paralleling. In practice,
the equalizer is first completed and

is increased at the lower frequencies.
6.75 When is a circuit said to ho at
resonance?-When the inductive reactance equals the capacitive reactance.
6.76 What is a resonant plate -circuit equalizer?-A vacuum -tube ampli-

fier, with resonant circuits in the plate
and cathode, used for equalizing in
fixed -frequency bands. A typical circuit
is shown in Fig. 6-76. The circuits are
designed for a high Q at the resonant
frequency. Variable resistors (R) are
shunted across the coils to control the
amount of equalization. The plate load
resistor RI. will vary depending on the

type tube used. When the shunt rein parallel with the resonant
circuits are varied, it will be necessary

sistors

to change the load resistance R

to

minus two percent.
6.78 What tolerance values should
be specified for capacitors used in equal-

measured. The capacitors are then tailored to obtain the desired response.
6.79 What tolerance should be
specified for resistors used in equalizer

design?-Plus or minus five percent.

if wirewound resistors arc
used, they are generally specified plus
or minus one percent.
6.80 How is low -frequency attenuHowever,

ation achieved in a mixer circuit?-By
connecting a capacitor in series with
the hot side of the mixer -input circuit
as shown in Fig. 6-80A. This method of
obtaining low -frequency attenuation is
simple and effective and is often used

2 -POSITION
LOW.FREOUENCT
AT T EN uSTOR

SECTION

C1.4.22 PC

-6 00 0-1

MIXER CONTROL

100142

OUT

-12a6 e --I
0 *ON' C2.2.65 of
INPUT

OUTPUT TO
COMBINING
NETWORK

SOK
ONE INPUT CIRCUIT Or a
PARALLEL CONNECTED
wixER NETWORK

Fig. 6-80A. Low -frequency attenuation in a miser network achieved by means of series
capacitors.
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in dialogue recording mixers. Genera ally, two positions of low -frequency
attenuation are provided, either one of
which may be cut in or out of the cir-

cuit by means of a key switch.
The value of the capacitor for a
given frequency characteristic is dependent on two factors- the frequency
of F. (the frequency of 3 -dB attenuation), and the impedance of the mixer input circuit. The value of the capacitor
may be calculated:
C

10°

2rF.R.

where,

F. is the frequency of 3 -dB attenuation,

tenuation curves used in the motion
picture industry. Assume a frequency
response similar to that of curve 1 is
desired. For this characteristic, 100 Hz
is to be down 8 dB with respect to
1000 Hz; therefore, a frequency of 250
Hz is selected for F.. The circuit impedance is 150 ohms. The capacitor is
equal to:
10'
628 x 250 x 150

10'
235,500

4.24/AF

After calculating the value of C, its insertion loss is plotted with respect to

frequency, with the aid of the righthand curve (A) in Fig. 6-80C. Assuming F. is 250 Hz and is represented by

R. is the circuit impedance.
C is the capacitance in microfarads.

1.0 on the graph, 250 Hz will have a

To illustrate the design procedure, Fig.
6-80B shows typical low -frequency at-

by F for each frequency and tabulated
as shown in Fig. 6-80D as F./F. The

loss of 3 dB. The response at other frequencies is calculated by dividing F.
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F.
dB loss

F
1000 Hz
500 Hz
400 Hz
300 Hz
250 Hz
150 Hz
100 Hz
80 Hz
60 Hz
50 Hz

0.10

- 1.40

- 220

uation achieved in a mixer circuit? -By
connecting either a capacitor or induct-

1.00

3.00

ance in parallel with the mixer input

1.66

5.70

circuit, as shown in Fig. 6-81.
In Fig. 6-80B, two high -frequency
rolloffs are shown. If a capacitor is to
be used, its value is calculated as described in Question 6.80. The frequency
response is plotted using the left-hand

3.13

4.16
5.00

- 8.24
- 10.00
- 12.40
- 14.00

Insertion -loss plot of curve
1, Fig

pedances of 150, 250 and 600 ohms. (See
Questions 6.131 and 9.24.)
6.81
How is high -frequency atten-

0.50
0.62
0.83

2.50

Fig. 6.130D

0.10
0.90

mixer, this method of equalization will
operate quite satisfactorily in circuit Im-

6-8 0 8.

curve (B) of Fig. 6-80C. If an inductance is used, its value may be calculated:

loss for each frequency is obtained by
entering the graph along the bottom for
different values of F.JF and then reading the loss where F./F intersects the
right-hand curve (A). The overall
frequency response is plotted as shown
in Fig. 6-80B.
U the frequency response does not
fit a particular response curve, the frequency F. is shifted to bring the response to the desired shape. It should
he kept in mind that such circuits are

used only for a slow roll -off type attenuation. If a faster and steeper response is desired, a more elaborate type

circuit will be necessary.
Equalizers employing series capacitors in the input circuit are shown in
Fig. 6-80A. Although not of constant
impedance design they are a simple and
economical method of reducing the low
frequency response for dialogue recording. However, they should only be em-

ployed when the preamplifier offers a
solid termination, such as one rising
building -out resistors, or negative feedback, or a combination of both. Because

of the solid termination of the preamplifier and the resistive uetwork of the
lust CoUrrilO

.....tOutec
Inik11:14
SiCTION

ouTioui TO
C0111.411.04

'fir Podia

t.
0.15 iftsa or
PAPA".(, CONNECile
10121

WORK

Fig. 6-81. A high -frequency attenuate,
circuit for a mixer network. Either an
inductance or capacitor may be used.

L=

R.

where,

F. is the frequency of 3 -dB loss,
R., is the circuit impedance.

The procedure for plotting the insertion loss is the same as described for a
capacitor.
6.82 Can low -frequency attenuation

be obtained using on inductance? -Yes.

After calculating the inductance, the
insertion loss is plotted as for a capacitor. Assume a frequency response is
desired similar to curve 2 of Fig. 6-808.

The value of the inductance may be
calculated:
150

150

628 x 400 - 2512
where,
F. equals 400 Hz,
equals 150 ohms
6.83

0.0597 henry

How is a high -frequency atten-

uator designed using on inductance? The inductance Is calculated as described in Question 6.82. The insertion
loss is plotted using the left-hand curve
(13) of Fig 6-80C.
6.84 How may the frequency response be shifted to meet a given requirement? -By changing the frequency
of F., the frequency of 3 -dB attenuation.
6.85 What is a compensated volume
control (loudness control)? -A volume

control used in amplifiers to compensate for the human ear characteristic
when the volume level is increased or
The characteristic of the
control is based on the well-known
Fletcher -Munson
or equal -loudness
decreased.

contours. This subject
cussed in Questiou 5.65.

is

further dis-
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.-SOULKIi0/4.1 CIRCua -

IK

CENTRICAS

TON! comitot.
C-5-300
v.............1. -OW FREQUENCY

50051 - - O4T

400F
.IFT

VA

FIRST
0.--11-4-~4---1
.10 00K
00K
I RI

700-

'0 T

CENTRAL K8
LCVONESS CONTROL
C2 -100
FET

T-4,00
TOK
IK

a

0

009F
1--v- OUTPUT

P21.5is
S1K
NIGH FREQUENCY
BOOST

CUT

03K
20

Fig. 6-86A. 8aisandall tone -control circuit modified to operate with field effect transistors. (Courtesy, Wi cless World)
6.86

Describe the Bosundoll equal-

iser circuit (tone control)-The circuit
shown in Fig. 6-86A was first described
by P. J. Baxandall in 1952 in Wireless
World (English publication), and is the

basis for many tone controls used in
high fidelity sound reproducing equip-

With potentiometers P, and P, set to
their center positions, the circuit has a
flat frequency

Moving the

response.

upper control to the left increases the
low -frequency response, while moving

it to the right decreases the low -frequency response.

ment. The basic circuit consists of two
linear potentiometers. three resistors,
and three capacitors. The circuit is generally connected between the plate and
grid in vacuum -tube amplifiers, and
in transistor circuits, between the emitter and base of the following transistor.
In Fig. 6-86A the circuit is connected
between the source and gate elements

It will be observed, the potentiometers of Fig. 6-86B are of higher value
than ordinarily used in transistor circuits (suitable for vacuum tubes also).

of two field-effect transistors (Fri's).

boost or cut, 12.5 Hz is plus or minus

The equalization at 20 Hz is about plus

or minus 18 dB, and for the high frequency control plus and minus 16 dB
with reference to 1000 Hz. When the
low -frequency control is set for a 10 dB

BKKAN051.1. CLRCUIT

600ST

CUT

-0

21

LOW FREOUDFCY

5 0 KT 2

tif
24K
2N3215
3K

25

50K

*Norm FRED
BOOST

1.2

CUT j2

2K

4

-.321

Fig. 6-868. Boaandoll tone -control circuit modified to operate with conventional
transistors. (Courtesy, Wireless World)
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6-88. A simple low-pass filter RC

Fog

equalizer.

3 dB. With the high -frequency control
set to a maximum, the boost or cut at
3500 Hz is also 3 dB.
6.87 What does the term resonant
frequency mean?-It is the frequency at

a circuit is shown in Fig. 6-89. The input signal is applied to terminals 1 and
2, and the output is taken across terminals 3 and 4. With the proper selection
of resistance and capacity, the impedance of the capacitor will increase with
a decrease of frequency. Thus, the capacitor has less shunting effect across
the resistance R2 and, thereby, the gain
at the lower frequencies is increased.
6.90

How

is

a

simple

high-pass

filter characteristic obtained with on RC
equaliser?- As shown in Fig. 6-90

which the inductive and capacitive reactances in a tuned circuit arc equal.
or

6.88 How is a simple low.pass filter
characteristic obtained with on RC

equalised-As shown in Fig. 6-88. The
frequency response is rather broad for
a single network; however, the response
may be made steeper by cascading two

or more sections. When a frequency is
reached where the capacitive reactance
is one -tenth its original value, little
change with frequency is noted. The
insertion loss of an RC circuit is rather
high; therefore, it must be used with
an amplifier. The resistor must be non induct i ve.

6.89
ing

the

Show on RC circuit for boostlow -frequency response. -Such

Fig. 6-90. A simple high-pass filter RC
equalizer.
6.91

Show

simple

a

tnplifion.-The circuit shown in

Fig.

6-91A as rather common in phototube
amplifiers. It will be noted the equalizer
circuit, Cl and R1, is connected in the
grid circuit after the regular grid coupling capacitor C. Generally, the capacitor Cl is of the order of 25 to 150 picofarads. The resistor R1 will range beNORIAAL

64C

ai

1,1

COUPuNG

EQUALIZER

CaPa.C.1011

C

Fig.

gad -circuit

equalizer, similar to that used in prc

CI

6-89. An RC low -frequency boost
Fig. 6-91A. An RC grid -circuit equalizer.

circuit.

50 40 50 70

100

an

100

500 700

14741

55

3

000 7140

c..'

Wog

Fig. 6-918. Frequency response of the grid -circuit equalizer in Fig. 6-91A.
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tween 250,000 ohms and 1 megohm in

As the frequency increases, the reac-

value. The take -off point will depend

tance of Cl decreases until, finally, at

on the value of Cl. The amount of

some frequency, its reactance becomes

equalization and shape of the curve are
controlled by the value of RI

so small as to effectively short circuit
P1. Conversely, as the frequency becomes lower, the reactance of Cl in-

Because of the insertion loss of the
equalizer, the overall gain of the amplifier is reduced at the reference frequency; therefore, the amplifier should
be designed with sufficient gain to compensate for the equalizer loss and sufficient output level to prevent overloading

at

the maximum frequency of

equalization, 15,000 Hz. The frequency
response for a grid -circuit equalizer
using a 65-pF capacitor and 1.25-megohm resistor is shown in Fig. 6-91B.
6.92 What frequency is used for the
reference in equalizer design?-Generally, 1000 Hz; however, 400 Hz is also
used

creases until only the resistance which
is constant for all frequencies remains
in the circuit. However, the shunt reactance of C2 increases with the decrease
in frequency, leaving only resistance,
which results in a higher voltage across
the output terminals 3 and 4. Therefore,
the equalization depends on the setting
of P1 and P2.
6.94 Show an amplifier with RC
equalizers for increasing or decreasing
the high- and low -frequency response.Fig. 6-94 shows a two -stage RC coupled

amplifier, with variable RC equalizers
for increasing or decreasing the high and low -frequency response. To compensate for the insertion loss of the RC

circuits, two pentode amplifier stages
arc necessary. The variable controls P1

and P2 arc standard, center -tapped,
audio -taper controls. This amplifier is
designed to be inserted between the
output and input of two triode amplifier
stages. The frequency response is uni-

form when the pots P1 and P2 are in
their midpositions. The overall gain
of the amplifier will change with
changes of equalization; therefore, the
gain control P3 will require resetting to

maintain the same gain through the

Fig.

6-93. An RC high- and low -f requonty equalizer.

6.93

Show an RC configuration that

amplifier. About 14 dB of equalization
is available at either end of the spectrum. This, together with 14 dB of attenuation at either end, makes a total
of approximately 28 dB of equalization
or attenuation available.
6.95 Whet is the procedure for destgning an L -type equalizer)-L-type

may be used for both high- and low frequency correction.-Such a circuit is
shown in Fig. 6-93, with its frequency
characteristic given at the right. The
amount of frequency correction is ob-

equalizers consist, basically, of two configurations as shown in Figs. 6-95A and

tained

in many applications where the circuit
is not impedance sensitive. The impedance at terminals 3 and 4 is subject to
wide variation, similar to the L -type

by

the

position of

the

two

variable pots, P1 and P2. In the mid frequency range, the circuit is practically resistive, consisting principally
of the two variable pots, and resistor
RI. The capacitor Cl is practically an
open circuit because of its high reactance, while the low reactance of C2 at
these frequencies causes it to act as a
short circuit across P2. Thus, only PI
and R1 are effectively in the circuit.

B. Although the L -type equalizer presents a constant impedance only in one
direction (terminals 1 and 2), it is used

attenuators described in Questions 5.40
and 5.41.

The design of an L -type equalizer is
started by first selecting a design point
called

F. which

is

the frequency of

3 dB insertion loss. F. is the frequency
where both the reactive elements L and
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F: EouLizfq

300"

Fig. 6-94. An amplifier with high- and low -frequency variable equalization.
C have the same reactance and equal

then represent 4000 Hz and 4.0, 8000 Hz.

line impedance R.. Knowing the

Figure 0.5 represents 1000 Hz and 025,
500 Hz. The response at any other fre-

the

3 dB insertion -loss frequency, the frequency response for a given value of

F. may be plotted by the aid of the
graphs in Fig. 6-80C.

Assume, for a given frequency response, that F, is equal to 2000 Hz.
Referring to curve A of Fig. 6-80C, frequency F. is represented by the figure

1.0 at the bottom of the graph. This

quency may be calculated by dividing
F. by F, F being any frequency. The
loss for each frequency of interest is
obtained by entering the graph at the
bottom and following the frequency
line to where it iutersects the curved

then reading the loss from the
right- or left-hand side of the graph
line,

point represents the '3 dB insertion loss
point. Therefore. 2000 Hz will be down

Several plots appear in Figs. 6-95C and

3 dB. The figure 2 0 on the chart will

plotted for a given value of F.. After

LI

C2

R0

20
Fig. 6-95A. A low -frequency boost, high frequency attenuated inverted L-typc
equalizer.

D, illustrating how the insertion loss is

R0

20-

1

o4

Fig. 6-958. A high -frequency boost, low frequency attenuator, inverted L -type
equalizer.
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zo

O

the

.01.0u

00/41

VMS

Fig. 6-9SC. Typica

response

has

response curves for different values of F. for inverted L -type
equaliser shown in Fig. 6-95A.
been

plotted,

the

or

values of inductance and capacity are
calculated:
R.
2irF.
C, or C.,

where,

F. is the frequency of 3 dB insertion
loss,

1

2eF.R,,

where,

R. is the circuit impedance,
F, is the frequency of 3 dB insertion
loss.

The insertion loss for any frequency
may be calculated:
Logm

10Logi.[1+ (Ti)']

f.).]

F is the frequency.

The first equation is used with curve A
of Fig. 6-80C and the second equation
is used with curve B. Curve A is used

when designing an equalizer for increasing the low -frequency response or
attenuating the high frequencies. Curve
B is used when designing an equalizer

for increasing the high -frequency re -

z
20

Is

14,-

10
5

0

loins

zota

Fig. 6-95D. Typical response carves for different values of
equalizers shown in Fog. 6-95B.

F.

for inverted

1. -typo
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sponse and attenuating the low fre-

are intended to represent any particular
amplifier or produce a given response.
It presents only a composite picture of
the methods used to secure frequency

quencies.
6.96 Show a

typical amplifier circuit with the points in the circuit where
the frequency characteristics may be
changed.-A schematic of a two -stage
amplifier with various points where

compensation.

Beginning at point 1, Fig. 6-96, TI is
the conventional input transformer with
a terminating resistor 111 across the

equalization may be inserted to alter
the frequency characteristics is given
in Fig. 6-96. Neither the circuit nor the
values of the components in Fig. 6-96

1

primary to present a solid termination
to the source impedance.

At point 2 is a capacitor Cl and re-

fto o I
,

9000

0

(I0

0

C

Fig. 6-96. A two -stage amplifier showing different points where equalization may be
inserted. The values are for illustration only.
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sistor R2 which may be used to secure
a slow rolloff at the higher frequencies.
The capacitor value selected determines
the frequency at which the rolloff
begins, while the series resistor controls
the amount of attenuation.
At point 3, tube V1, varying the size
of the cathode -bypass capacitor C2 will
control the high -frequency boost. The
smaller the value of this capacitor the
greater will be the high -frequency response, because of degeneration in the
cathode circuit. For high -frequency
boost, the capacitor will vary from 0.10
to 0.02 µF. If the cathode circuit is not
used for frequency correction, it is bypassed with a 40 gF or greater capaci-

150 and 350 Hz. It is this range of fre-

tor.

the primary winding of the push-pull

quencies which causes tubby reproduction in large auditoriums. The induc-

tance L2 is resonated by C10. Resistor

R9 is used to broaden the resonance
curve. Capacitor C11 across the cathode

of V2 at point 10 may also be used for
high -frequency boost and is similar in
action to that of C2 at point 3.
The series resistor RI5 and capacitor
C17 at point 11 may be connected from

the plate of V2 to ground for the reduction of the higher frequencies. Its
action is similar to that of the familiar
tone control. Band rejection may also
be secured by means of capacitor C13
and coil 13 connected in series with

at

interstage transformer T2.
At point 13 the primary of the pushpull transformer is parallel -coupled

point 4. Normally, the capacitor would

through capacitor C14 to the plate of

be 10 µF. By reducing the size to 1 µF or
less, the low -frequency response may be
reduced accordingly.

V2. If a value of C14 is selected to reso-

Low -frequency attenuation may be

obtained by reducing the size of the
screen -grid

bypass

capacitor

C3.

Low -frequency boost may be obtained at point 5 by the use of capacitor

C4 in the plate circuit of VI which
bypasses a portion of the plate -load
resistor R5. Capacitor C4 is selected for
a value that will attenuate the high frequencies, beginning at a predetermined frequency; thus, a low -frequency boost is obtained. Capacitor C5
and resistor R6 comprise the usual de coupling circuits common to high -gain

nate the primary of T2 at some frequency, a low -frequency boost is obtained. However, it is not good practice
to rise this method, as distortion may
be induced.
High -frequency attenuation may also
be secured by shunting capacitors C15

and C16 across the secondary of the
interstage transformer T2, indicated at
point 14. Resistive terminations R13 and
R14 across the secondary may also be

used. Resistor R12 and capacitor Cl2
are connected in the plate circuit of V2

amplifiers

for decoupling purposes.

Decreasing the size of the grid -coupling capacitor C6 at point 6, results in

In the upper portion of the diagram
at point 15 is shown a low -frequency
booster circuit which may be used in
place of C4 and R5 (point 5) in the
plate circuit of VI. The circuit consists
of a large inductance, IA, of approximately 325 henries resonated by capacitor C18 in series with R16. The
parallel resistor, R17, controls the amplitude, and resistor R16 controls the
width of the resonance curve.
Numerous other methods will sug-

a decrease of the low -frequency response. However, it is better to secure
low -frequency attenuation in some
other part of the circuit and not reduce

the coupling capacitor below 0.05 µF.
Should a low-pass filter be required,
it may be inserted in the plate circuit
of VI at point 7. The resistor R7 and
capacitor C9 shown at point 8 are used
for

high -frequency equalization

and

form the familiar grid -circuit equalizer
so frequently found in many generalpurpose amplifiers. The value of C9 is,
as a rule, on the order of 25 to 150 pF.

gest themselves for securing frequency
correction: however, it should be re-

The value of R7 will vary from a few

carefully applied to prevent overload

hundred ohms to several megohms.

and distortion, since these latter condiLona rise rapidly when circuits as
described are employed. It is good engineering practice to divide the equalization between stages whenever possible.
Many of the circuits shown in Fig. 6-96

A dip filter consisting of inductance
L2, capacitor CIO, and resistor R9 is
included in the cathode circuit of V2 at
point 9. This circuit is used to remove
specific bands of frequencies between

membered that circuits such as those
Illustrated, while effective, must be very
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are used in projection amplifiers in motion picture theaters to obtain characteristics to suit individual installations.
6.97 Show a three -channel equal-

of each amplifier is an RC network for
limiting the amplifier response. The

izer amplilier.-Fig.

controlled by means of the individual
gain controls PI, P2, and P3. The frequency response of a single stage is

6-97A

depicts

a

three -channel equalizer amplifier which

will permit control of high, low, and
intermediate frequencies independently

of each other. This device consists of
three separate amplifier stages, each
designed to cover a limited frequency
range. The three interstage amplifiers
are fed from a single input stage, while
the outputs are combined and fed into
one output amplifier stage. At the input

network consists of elements CI, C2, RI,
and P1. The gain of each stage may be

given in Fig. 6-978.
6.98 How can the frequency response of on amplifier using negative
feedback be oltered?-Frequency correction may be connected in any stage
outside of the feedback loop. Frequency

correction may also be obtained by
changing the values of the e:ements in

Fig. 6-97A. A three -channel equalizer amplifier.
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Ft)

Fig. 6-978. Frequency response of a single stage of the amplifier shown in
Fig. 6-97A.

the feedback loop Negative -feedback
amplifiers are discussed in Questions
12.136 through 12.168.
6.99 What is a tone control?-A

Fig.

6-100A. Altec-Lansing microphone
equaliser Model 9060A.

simple, high -frequency attenuating net-

work used in radio sets to reduce the
high -frequency response. A typical circuit is shown in Fig 6-99.

izers are designed for correcting the
variations in response, changes in the
apparent response caused by variation
in the microphone to source distance.
and the acoustical characteristics of the
recording stage. They may also be used
to a good advantage for matching in-

lag

Fig. 6-99. A typical tone -control circuit
used in radio receivers.

6.700

to the master microphone. Such equal-

Describe a microphone equal-

izer.-Microphone equalizers are used

ahead of the mixer control and are installed in the mixer panel as a part of

door and outdoor scenes or live and
dead rooms, as well as for dialogue
equalization as discussed in Question
6.80.

An equalizer of this design is shown
in Fig. 6-100A. The device consists of
a passive network employing inductance, capacitance, and resistance in a

microphone which provides an optimum

bridged -T configuration. Two slide type switches provide a maximum
equalization of plus 12 dB at 100 Hz and
7000 Hz, and a minimum attenuation of

response and polar pattern, and match
the response of the other microphones

The insertion loss is 14 dB, and has a

the mixer network. They permit the
recording engineer to select a given

minus 16 d13 at 100 Hz and

10,000 Hz.

12

2

0

0
4

a
2

12

6

10Hz

100042

1000.4

i0sw

20 H:

*OH/ AND 101044 VtoillAllke EOU411. ZATION AND ATTENUATION

Fig. 6-100B. Frequency characteristics of Altec-Lansing microphone equaliser Model
9060A.
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constant input and output impedance
of 600 ohms. The maximum and minimum limits of equalization and attenuation are shown in Fig. 6-100B. The basic
design is the constant -B equalizer discussed in Question 6.124. The internal
wiring consists
of printed -circuit
boards.
6.101

for recording the RIAA characteristic?The circuit and component values are
given in Fig. 6-104.
Equalizers of this design and characteristic were used in disc recording cir2 172 hi

Give the component values

for an RC equalizer suitable for repro
dating the RIAA disc record characteristic.-A circuit, with its component
values, designed to be connected between the plate and grid circuits of two

600.n.

600.n.
600.n.

67.6A

0-

vacuum tubes is shown in Fig. 6-101.

600A

T 6°

0

Fig. 6-103. A low -frequency, bridged -7,
post -equalizer for reproducing the RIAA
characteristic.
OUTPV,

cuits before the adoption of the RIAA
Standard Reproducing Characteristic.
(See Question 13.95.)
6 17 mH

0183

Fig. 6-101. RC equalizer network suitable for reproducing using the RIAA
standard

reproducing

characteristic.

What

ore the component
600 -ohm high -frequency
bridged -T equalizer suitable for repro-

6.102

values

for

a

ducing the RIAA characteristic?-Such
a circuit appears in Fig. 6-102.
What

6.103
values

for

a

are the component
600 -ohm low -frequency

bridged -T equalizer suitable for reproducing the RIAA characteristic? -Such
a circuit is shown in Fig. 6-103.
6.104 What are the component
values for a 600 -ohm high -frequency
bridged -T recording equalizer suitable
16mii

tll I

_t

Fig. 6-104. A high -frequency, bridge -T,
pre -equalizer

for

recording

using

the

RIAA recording characteristic.
6.105

What are the RIAA record-

and reproducing characteristics?The recording and playback characteristics as standardized by the RIAA are
plotted in Fig. 13-95. These standards
are employed by the majority of the recording companies in the United States
and also by some foreign recording
ing

companies. It will he noted the reproducing

characteristic

is

an

inverse

curve to the recording characteristic.
The curves shown are used for recording 16 -inch transcriptions, 78 rpm, and
microgroove records. A different recording and reproducing characteristic

600.n

-L. 0064
Fig. 6-102. A high -frequency, bridged -T.
post -equalizer for reproducing recordings
using the RI AA characteristic.

is used for vertical recording and reproduction. This characteristic is shown
in Fig. 13-94.
6./06 What arc the component values for a bridged -T variable equalizer
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6-106A.

Fig.

A

constant -loss

variable equalizer suitable
rerecording.

for

r

motion

picture

suitable for rerecording purposes? -Fig.
6-106A depicts a constant -loss bridged -

frequency equalizers, Sections 1, 3, and
5, resonated at 1.5, 3, and 6 kHz; and

T equalizer with three high -frequency
characteristics (Fig. 6-106B). In addition to the above, three low -frequency
attenuation positions are provided. Re-

three dip equalizers resonated at the

RI and R2 are connected in
series and in shunt with the inductances to permit broadening the resonance curves, if desired. Resistors R.3
are connected in shunt with the capacisistors

tors in the low -frequency attenuation
circuits to provide a shelving characteristic at the extreme low -frequency
end. Circuit element values may be calculated from the information contained
in Question 6 53.
6.107

Show

a

schematic

diagram

for o variable dialogue equalizer suitable for motion picture rerecording.Fig. 6-107A is the schematic diagram of
a six -position, variable dialogue equalizer with suitable characteristics for use
during rerecording operations. Basically, the device consists of three high -

same

frequencies.

Each

of

the

six

equalizer circuits may be varied individually in steps of 1 dB, for a total of
12 dB. The six networks are connected

in tandem and may be varied during
recording, if necessary.
Sections I, 3, and 5 are of constant loss design as described in Question
6.51. Sections 2, 4, and 6, the dip equal-

izers, require only one attenuator because the network is designed to induce
loss at the resonant frequency. If
these sections were to be made cona

stant -loss,

no effect would be noted

when the attenuator was rotated.
Two amplifiers are used, one ahead
of the networks and the other following.
Their purpose is to compensate for the
insertion loss of the attenuator net-

works and permit the device to be
operated in a recording channel as a
no -loss, no -gain device. The required

Fig. 6-10613. Frequency characteristics of the variable equalizer shown in
Fig. 6-106A.
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gain is divided between the two amplifiers. The gain is so set that, when a
given signal level is applied to the input (zero equalization), the same signal
level is obtained at the output. Operating in this manner permits the complete

capsulated in plastic. (See Fig. 8-94.)
Because these coils are toroidal wound,

equalizer to be keyed into and out of
the circuit without disturbing the gain
of the recording channel.
The coils for the equalizer and dip
sections are toroidal wound and en -

sary if they are to meet the frequency
response shown in Fig. 6-1078. Although the attenuators are shown having a 12 -dB loss, the circuit elements

they may be mounted one above another without fear of intercoupling. The
Q of the coils ranges from 60 to 125 at
the resonant frequency, which is neces-

have been computed using a maximum

...

. V
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is

!.

11%%

LA!!
1

Vp

L.
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0

,4
4-11
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f

1

Fig. 6.107A Schematic diagram for three -frequency variable dialogue and sound
effects equalizer.
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Fig. 6-1078. Frequency response of equalizer shown in Fig. 6-107A.

loss of 7 dB This was done to obtain a
broader response curve for the first 7

graphically at all times; hence its name

steps of the attenuator. After the 7th

no -gain, no -loss device as explained in

the
steeper.
step,

6.108

curves

become somewhat

As a rule, the device is operated as a
Question 6.107.

Describe a graphic equalizer?

-It is a variable equalizer used for the
rerecording of motion pictures and is
similar to that shown in Fig. 6-108A.
The equalizer consists of two units: an
amplifier and a group of resonant circuits; and a control panel containing a
group of attenuator controls, with

/OM
ai10641st
C KM?

straightline characteristics, operating in
conjunction with a panel designed to

show the equalization graphically by
the position of the equalizer controls.
Each control permits a portion of the
audio frequency spectrum to be in -creased or decreased 8 dB in steps of
1

Fig.

6-1088.

Simplified

diagram

of

graphic equalizer showing the circuitry
of the first amplifier stage.

dB. Frequencies of 63, 160, 400, 1000.

2500, and 6300 Hz have been selected
to provide a balanced energy response

the intermediate frequencies. Because of the control panel design the
mixer sees the amount of equalization
in

415

A simplified diagram of one of the
three first amplifier stages is shown in
Fig. 6-108B. The same principle of operation and design is employed in the
second and third stages.

Fig. 6-108A. Cinema Engineering Co., type 7080, graphic equalizer amplifier.

i

EQUALIZERS

+4

+2
0

-2

NI

80

+8
+6

C

IIII

+10

303

r400)AAil
l
Iliii
l' l"LMalbillilli"lia
OgaillilligAbililr:
IIIIIIMMENIIIME111111

4

1111

MI11Jill

00

11111111

IIIIIIIIIII1000

200

FREQUENCY

1111111

El HIM
10000 20000

2000

:N 11+

Fig. 6-108C Frequency characteristics of a typical graphic equalizer using 80, 200,
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The control potentiometers between
the top and the midpoint (which connects to ground) connect the tuned

ohms, and is calibrated in steps of 1 dB,
8 dB, plus, and 8 dB minus from center.

circuits across the cathode resistor, providing a rise of 8 dB in 1 dB steps, at
two different frequencies.
The lower portion of the control pots
connect the tuned circuits in series with

signed using passive networks requiring
no amplifiers. The gain of the system is
adjusted to compensate for the fired
insertion loss of the equalizer network
(about 14 to 16 dB). Such devices are
discussed in Question 6.126.
6.109 Show the configuration for a

network in the plate circuit, thus
providing attenuation of the frequency
bands covered by the tuned circuits.
The "Q" of the tuned circuits is such
a

that when the controls are set in line
mechanically the circuit is electrically
flat with respect to frequency.
In

Fig. 6-108C are shown the fre-

quency characteristics of the device

with all the controls set to zero (curve
A), the isithvidual frequency response
of each control at plus 8 dB equalize
(curve B), and the frequency response
with all controls set to plus 8 dB equal
ize (curve C).
In the attenuate positions the frequency characteristics of the individual
controls are inverse to that of when the
controls arc set to the equalize (rise)
positions. For certain types of recording

it might be desirable to use frequencies of 82, 205, 500, 1250, 3200, and

8000

Hz.

The schematic diagram of u typical
graphic equalizer

is

shown

in

Fig.

6-108D with only two of the controls
and their tuned circuits shown to simplify the diagram. The total resistance
of the control is approximately 10,000

Graphic equalizers may also he de-

high -frequency post -equalizer for repro
clueing vertical cut records. --A high fre-

quency post -equalizer suitable for reproducing vertical cut records is shown
in Fig. 6-109. The low -frequency post equalizer shown in Fig. 6-103 is con-

nected in tandem with the high frequency equalizer to compensate for the
constant- amplitude characteristics of
the recording system.
6.110 Give a schematic diagram for
equalizer suitable for transferring
35 mm photographic sound track to
f6 -mm photographic sound track.-A
braiged-T equalizer and low-pass filter,
an

suitable for transferring 35 -mm optical
sound tracks to 16 -mm optical film is
shown in Fig. 6-110A.

The equalizer consists of three seca low -frequency attenuator, a
low-pass filter to provide a sharp cuttions:

off at

the higher frequencies. and a

high -frequency adjustable equalizer to
compensate

for

film

losses.

The

bridged -T equalizer employs a 10 -dB
pot adjustable in steps of 1 dB. In addition to the equalizer shown, an 80 -Hz
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high-pass filter should be patched into
the channel to limit the low -frequency
response. The frequency characteristic
of the equalizer and low-pass filter are
shown in Fig. 6-11013

This equalizer combination will be

found useful also when transferring
35 -mm magnetic sound track to 16 -mm

photographic sound -track negative; in
fact, it is quite useful in many opera tions involving 16 -mm photographic
sound track.

4a

was 10140.03 lorISO Os

as

a

T5
.4

.4

a
T1.2

le
w.

Ti

_P.

C

-

Fig

6-108D Schematic diogrom for graphic equalizer.
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6.109. A high -frequency post -equalizer for reproducing 16 -inch 33 Vsrpm
transcriptions.
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Fig. 6-110A. Variable equalizer suitable for transferring 35 -mm photographic sound
track to 16 -mm photographic sound track.
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Fig. 6-1106. Frequency characteristics of 16 -mm film recording equalizer shown in
Fig. 6-110A.
6.1 I I

What arc the

pre -emphasis

emphasis shall be employed :n accord-

with

the

impedance -frequency
a series inductance -

and post -emphasis characteristics used

ance

in fm radio transmitters and receivers?
-Because most of the energy of human

characteristic of

speech is in the low and middle frequencies, it is necessary to increase the
signal-to-noise ratio of rau.a- roils mated speech by pre -emphasizing the

stant of 75 microseconds.

higher frequencies as illustrated in Fig.
6-111A. The FCC specifies that pre -

resistance circuit having a time conTo return the frequeucy response to
one of uniform characteristics in the
radio receiver, a post -emphasis or de emphasis circuit must be connected at

the output of the discriminator in the
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Pre -emphasis frequency characteristics used in fm and television
transmitters and de -emphasis characteristic used in fm and television receivers.
Fig. 6-1 1 1A.

radio receiver. The above circuit may
consist of a simple RC network as
shown in Fig. 6-111B. The time constant may be calculated:

6-112A. At the lower frequencies the
reactance of the inductance is negligible; therefore, a plate -load resistor R.
must he connected in the plate circuit.

T=RXC

As the frequency rises, the reactance of
the coil will also rise, increasing the
amplitude of the high frequencies and
resulting in a frequency characteristic
as shown in Fig. 6-111A.
To obtain a 75 -microsecond rise, the

where,

R is the resistance in ohms,
C is the capacitance in microfarads.

Although the circuit values shown in
Fig. 6-1113 arc 100,000 ohms with a
capacitance of 0.00075 µF. any values
of resistance and capacitance may be
used if the time constant is 75 microseconds.
If the

ratio of the inductance to the plate re-

sistance of the tube must he

in the

order of 13.3 ohms of resistance to one

millihenry of inductance. A 75 -microsecond rise time may also be obtained

high -frequency response is
lacking because of the sharpness of the
intermediate amplifier in the rf section
of the receiver, the high -frequency
response may be increased by reducing

the time constant to 40 or 50 microseconds. This is often done in the less
expensive fin receivers to increase the
high -frequency response.
6.112 How is pre -emphasis obtained

in on fm radio transmitter?-By connecting an inductance in the plate circuit of a pentode amplifier stage in the
speech

amplifier,

as

shown

in

Fig.

s.

Fig. 6-112A. A 75 -microsecond pre -emphasis circuit, connected in the plate

circuit of a pentode, in the speech amplifier of on fin radio transmitter.

100 K

FROM 1"----"NA^+--0- AUDIO

ld-

oa

DISCRIMINATOR

T0 00075

Fig. 6-1118. De -emphasis circuit for fm
receiver. This network is connected between the output of the discriminator
and the input of the audio stages.

rss

Fig. 6-1128. A 75 -microsecond, RC pre emphasis circuit connected in a low-level

stage of the speech amplifier in en fm
transmitter.
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by the use of an RC circuit as shown
in Fig. 6-112B. This circuit is also installed in one of the low-level stages of
the speech amplifier. The attenuation
characteristics of a de -emphasis circuit
expressed in microseconds may be calculated:
dB = 10 Log,.. (1
where,
so equals 2rrf,

T is the time constant

in seconds

(R x C).

For a 75 -microsecond de -emphasis cir-

cuit, this may be written:
dB = 10 Log,. (1 + 0.222r)
where,
f is the frequency in hertz,

0.222 is a constant.

6.113

What

is

split -termination

virtue of the primary impedance being
in parallel with the terminating resistor. This combination causes the secondary impedance to look like 66,000
ohms when the primary winding is
operating from a 500 -ohm source.
The rise in the high -frequency response may be attributed to the mutual
capacity existing between the windings
of the primary and secondary. The rise
at the high frequencies will continue to
increase (within limits) as the secondary termination is increased. Double terminating a transformer increases its
insertion loss; however, as a rule, this
is not important in an input transformer
and may be disregarded.

Split terminations are often used in
preamplifiers designed for use with
both microphones and photocells. However,

they are not recommended for

oqualirationl-Equalization ohtained by
altering the frequency characteristics of

microphone preamplifiers because of
the loss of voltage at the secondary.

input transformer by the use of
terminating resistors across the primary
and secondary as shown in Fig. 6-113.
Assume an input transformer of uniform frequency characteristics with an
impedance ratio of 500 to 100,000 ohms

This subject is also discussed in Ques-

an

to be used in a microphone preamplifier and that a rising characteristic at the higher frequencies is deis

sired. Further, assume the transformer

is normally designed to operate with
termination
across the secondary. Now, if the secondary is terminated with a 200,000 a

100,000 -ohm

resistive

ohm resistor and the primary terminated with a 1000 -ohm resistor, the

tions 8.43 to 8.48.
6./14 What

is

No. 16 wire
No. 19 wire
No. 22 wire

approximate

6.115

5

miles

2.5 miles
1.5 miles

What does the terns LC ratio

meant -It is the ratio of inductance to
capacitance in n resonant circuit. The
frequency of resonance may be calculated for either a series or parallel circuit by the formula:

high -frequency response above 1000 Hz

will be increased. By increasing the
secondary termination to double that
normally used, the reflected primary
impedance is also doubled and becomes
1000 ohms, rather than 500 ohms. Connecting a 1000 -ohm resistor across the
primary returns the impedance, looking
into the primary, to 500 ohms again, by

the

length of transmission line that may he
used without cqualixationt-The maximum lengths are given:

Fr

159

vLC

where,

F. is the frequency of resonance,
L is the inductance in henries,
C is the capacitance in nsicrofarads,
159 is a constant.

As it will be seen, only one value of
L times C will resonate to a given frequency. The intended use of the circuit
will determine the LC ratio. For a series
resonant circuit, the LC ratio is made
high. Reducing the LC ratio reduces the

Fig. 6-1 1 3. A transformer with split termination to obtain a rising frequency
response at

the high

frequencies.

steepness of the resonant curve, and
the selectivity.
The LC ratio affects a parallel resonant circuit in a manner opposite to
the series resonant circuit. As the LC
ratio is increased, the selectivity of a
parallel resonant circuit is decreased.
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6.116 What is the impedance characteristic of o parallel resonant circuit?
-In a paral:e: resonant circuit, the im-

pedance

reaches

a maximum at the

resonant frequency. The impedance of
a parallel resonant circuit is determined
by the formula:

Z=QXL

are the highest and lowest frequencies
at the edges of the bandwidth.
6.720 What ore the essential differences between a series and a parallel

resonant circuit?-The series resonant
circuit passes a given band of frequencies and excludes all others A parallel
resonant circuit excludes a given band
of frequencies and passes all others.

where,
Z is the impedance,

6.121 How may the Q of a circuit
be lowered?-By connecting a resistor
in series or parallel with the resonant

Q equals X,./R,
L is the inductance,
R is the dc resistance of the coil.

circuit.

(See Question 8.72.)

What is the impedance characteristic of a series resonant circuit?The impedance is at a minimum at the
resonant frequency.
6.117

R

6.122 What factors influence the
equalisation characteristics of a dialogue recording channel?-Several char-

acteristics must be considered. Among
them are:
(a) Probable accentuation of the di-

alogue low frequencies due to

where,
Z is the impedance,

the reverberation of the set and
recording stage.

R is the ac resistance of the coil.

may be expressed as:

(b) The accentuation of the low frequencies because the reproducing level in a theater is generally
6 dB higher than the recording

where,

(c) Low -frequency accentuation due
to the lowering of the voice ap-

6.118 Does the Q of a coil affect
the bandwidth? -Yes. The bandwidth

level.

proximately 5 dB while record-

F, and F: are the freqnencies at the
edge of the bandwidth, at 0.707

times the current at resonance,
F, is the frequency of resonance,
Q equals X. R
6.119

Where

the

is

bandwidth

taken for a series resonant circuit?-ft
is designated as a point or, the resonance curve that is 0,707 times the current at resonance. Bandwidth is ex-

pressed as F, - F,. These frequencies

+I 5

characteristics of

a

typical recording

stage and set; Curve B is the accentuation of low frequencies, because the
recording lever is approximately 6 dB
lower than the reproduction level in an
average theater; Curve C is the accent-

,

101

1D

ing.

The foregoing factors are plotted as
shown in Fig. 6-122 and evaluated as
follows: Curve A is the reverberation

I
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Fig. 6-122. Factors affecting the choice of equalization for dialogue recording.
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uation of the low frequencies when the
voice is lowered 5 dB during recording.
Curve D is the algebraic sum of Curves
A, B, and C. Curve E is the inverse of
Curve D minus the low -frequency dialogue equalization required for naturalness and intelligibility when reproducing the human voice.
The resulting characteristic is that
shown by Curve E, indicating the dialogue should be rolled -off at the lower
frequencies, starting at 800 Hz and con-

tinuing downward until 100 Hz is attenuated approximately 14 dB with
respect to 1000 Hz, when using a microphone of uniform frequency characteristics below 1000 Hz.

In actual practice, 100 Hz is attenuated either 8 or 12 dB with reference
to 1000 Hz. This subject is further discussed in Question 18 81 and in Questions 4.114, and 427.
6.123 What is a delay equaliset?A network which adds a time delay in a
given frequency band to correct phase shift distortion. It is used in long line
transmissions. The configuration is gen-

erally balanced and of the lattice type.
6.124 Whet is a constant -B typo
equalizer?-A special type hridged-T
equalizer which incorporates two additional resistance arms, RSA and R6A
(Fig. 6-124A). It will be noted that one
arm is in series with the series -reactive

Fig. 6-124A. C
t-13 equalizer configuration. The four arms of the attenuator must be varied simultaneously.

active elements be changed to maintain
a constant slope for different values of

attenuation.
The constant -B equalizer controls the
slope of equalization without changing
the values of the reactive elements. The
values of the reactive elements are
changed only when changing the reso-

nant frequency. The name constant -B
is acquired from the fact that the design frequency for this type equalizer
is at one-half the equalizer loss and is
designated F.
The mechanical construction of a
constant -B attenuator is more complicated than the conventional bridged -T
attenuator, inasmuch as it requires four

variable arms that must be operated
simultaneously.

In

conventional

the

element X, and the other is in shunt

bridged -T equalizer, the shape of the

with the shunt -reactive element X-.
The conventional bridged -T equalizer requires tha the values of the re -

equalization

envelope

with

changes

each change of attenuation or equaliza-

tion, and if plotted for several steps,
a

13
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Fig.

6-124B. C

ionol bridged -7 equalizer characteristics
Kimball).

latter Miller and

THE AUDIO CYCLOPEDIA

310

0

0

lg
S

2

In

3

2

3

O

64

05

S

>e

6
7

7

a

5C0

100

1000

5000

10,000

20.000

F REQUENCY 111

Fig. 6.124C. Constant -8 equalizer characteristics loft., Miller and Kimball).

quite satisfactory for the majority of work (as evidenced by its extensive use in the industry), for equalizers such as described in Questions

will appear as shown in Fig. 6-124B. It
will be observed that for an attenuator
loss of 2 dB, the half -loss (1 dB) fre-

izer is

quency equals 850 Hz, and for 4 -dB loss

it is 700 Hz and for an 8 -dB loss it is
500 Hz. To maintain the half -power fre-

6.12, 6.100 and 6.126, constant -B design

is a necessity to obtain the proper operating characteristics.
Referring to Fig. 6-124C, the frequency characteristics for a constant -B
equalizer, it will be noted as the equalization is increased the half -loss frequency remains the same for any setting between 1 -dB and 8 -dB attenuation. The frequency of the half -power
point is held constant by the additional
arms, RSA and R6A. The addition of

quency at its original point would require that the values of the reactive
components be altered each tune the
attenuation was changed. This can be
confirmed by referring to the tables in
Questions 6.51 to 6.55. To overcome the

characteristics of the bridged -T equalizer, the constant -B equalizer was devised. While it should be understood
that the conventional bridged -T equalEOVAL172R ATTEMATION
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Fig. 6-124D. ConstantB equalizer designed for equalization or attenuation.
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these arms modifies the characteristic

used to attenuate or equalize the same

curve by controlling the amount of

band of frequencies by reversing the
reactive elements (Fig. 6-124D). Symmetrical equalizer and attenuate char-

maximum and minimum insertion loss

while maintaining the difference between the two constants. At a frequency
where the reactance X, is infinite and X,
is zero, the configuration becomes the

well-known bridged -T pad. When the
conditions arc reversed and X, is zero
and X- infinite, the circuit becomes an
attenuator in which R5 and RSA are in
parallel, and R6 and R6A are in series,
and is a condition of minimum loss.
To design a constant -B equalizer, the
first step is to select the curve of maximum equalization, which means R5A is

acteristics will be attained when the

maximum loss of the constant -B attenuator is 8.36 dB.
6.125 Describe

a

constant -5

type

equalizer.-It has been stated for the
bridged -T equalizer that the insertion
loss for the unequalized frequencies is
from step -to -step, and the
maximum equalization held constant.
In the constant -B equalizer, the slope
changed

infinite and R6A is zero, reducing the
circuit to a conventional bridged -T
equalizer. The circuit is designed ns discussed in Question 6.51, and the values
of X, and X, determined. The condition

where F,. will remain constant for all
steps of equalization may be approximated:

r Maximum dB loss- '

_r

L any step

[Equalization on]
L same step

X

[Equalization on
L top step

(a) LAID frequency.

where, equalization is defined as the difference between the maximum and
minimum values of insertion loss, or
equalization is equal to the maximum
toss minus the minimum loss. The top

-

loss is zero but this is not true for the
other steps.

Since the values on the right of the
equation are known, only the left side
of the equation is to be calculated. A
bridged -T attenuator with this loss is
now designed to obtain the values of R5
and 116, using the design data given in
Question 5.37. To calculate the values
for RSA and R6A:

(b) High frequency.

Equalization
Maximum loss - Minimum loss

A bridged -T pad is now designed
having the loss as determined by the
above equation. Resistors R5 and R5A

now in parallel form the bridging arm,
and as the value of R5 is known, R5A
may be calculated. Resistors 116 and R6A

form the shunt -arm, and in series must
equal the shunt -arm value; 126A may be

calculated since R6 is known. In this
manner, each step of the network configuration is determined.
Another advantage of the constant -B
equalizer network is that it may be

(c)

Midfrequency.

Fig. 6-125. Basic configurations for constant -5 type gualeser networks (after
Solomon and Bronecrl.
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Fig. 6-126A. Graph equalizer Model 9062A manufactured by Altec-Lansing.
of the equalization envelope is con-

trolled without having to change the
values of the reactive elements. In the
constant -S type equalizer, the insertion
loss for the uncqualized frequencies is

held constant and the point of maximum equalization is changed from step
to step. The term "S" is the symbol for
the insertion loss.
The constant -S configuration is used
in small compact equalizer networks,
since the number of contact arms may
be reduced to three. Also, the insertion
loss is less than for other configurations
for a given value of equalization. Three
possible configurations are given in Fig.
6-125. The reader is referred to the
reference.
6.126 Describe a graphic equalizer

of the passive network type. -Graphic
equalizers may be designed in two different manners, the active type, using
a degenerative amplifier as discussed in
Question 6.108, or one using a passive
network requiring no amplification. The

quires no amplification means that it
has no internal amplifiers and requires
no source of power for Its operation.
However, because it is a resistive network, it does have an insertion loss;
therefore. the system gain following the
equalizer must be increased to compensate for the network insertion loss.
The basic design for the equalizer to
be described is the constant -B attenuator network, discussed in Question
6.124. Because of its design, the inser-

tion loss is constant for any given frequency, with the equalization variable
over its complete operating range, without changing the shape of the equalization characteristic. The constant -B net-

work for this particular equalizer

bility of plus 8 -dB equalization and
minus 8 -dB attenuation, resulting in a
total operating range of 16 dB. A front
panel view of such an equalizer is
shown an Fig. 6-126A.

statement that a passive network re 61112

160 Nt

OONx

is

designed around the half -loss point, for
a total loss of 16 dB, resulting in a capa-

Two groups of operating frequencies
Iktit

2 51012

6 3114i

6
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2

0
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Fig. 6-1268. Frequency response curve for Altec-Lansing Model 9073A motion picture rerecording and dialogue.
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Fig. 6-126C. Frequoncy-response curve of graphic equalizer for music recording.
are available. The one is for motion pic-

by making further measurements. In

ture rerecording, using 64. 160. 400, 1000,
2500, and 6300 Hz. The second group is

some instances, the equalization is in-

for wide -range music recording, using
frequencies of 50, 128. 320, 800, 2000,
5000, and 12,000 Hz. In the center or
zero

position the

frequency

is

flat,

within plus or minus 0.5 dB. The freresponse for the two type
equalizers is given in Figs. 6-126B and
6-126C. The internal circuitry consists
of printed -circuit boards. The physical

quency

dimensions

are 31/2 -inches

high,

10 -

inches wide and 51/4 -inches deep. The
usual method of connection is to insert

the equalizer between the output of a
microphone preamplifier, or reproducing machine, and the input to the mixer
console, as in Fig. 6-126D.
6.127 Describe a film -loss equalizer
and its purpose.-Film-loss equalizers

are used to compensate for the inherent
high -frequency losses of photographic

film, recorder optics, laboratory processing, and the linear speed of the film.
Film loss is measured as set forth in
Question 18.170.

After the loss has been plotted, the
equalizer is connected in the recording
circuit and adjusted for a flat response
from the film, within plus or minus 1 dB,
SYSTEM

PRE AMP

AMPuf ICAT ION
EQUALIZER

creased 1 or 2 dB over that required
to compensate for high -frequency losses

due to variation in recording stock and
processing. These are determined from
day to day, when the cross -modulation
or intermodulation tests are read. Once
adjusted the equalizer will require no
further attention, unless a radical
change is made in the recording stock
or laboratory processing.
The schematic diagram for a film -loss

equalizer is shown in Fig. 6-127A, with
a family of response curves in Fig.
6-127B. The equalizer shown is suitable
for either 6000 Hz used for 16 -mm film
recording, or 9000 Hz used with 35 -mm
film. The equalization is obtained by
means of capacitors and resistors in
parallel, with capacitors and building out resistors in series with the coil taps.
The purpose of the resistors in parallel
with the capacitors is to shape the
curve. U a different slope is required.

they may be altered to suit the situation. However, the resistors must be
matched in pairs. Since the configuration is unbalanced, the low potential
side must be grounded to prevent leakage at the high frequencies. The position of the equalizer in a recording
channel is discussed in Questions 18.330
and 18.331.

6.128 What is a loudspeaker low frequency boost equaliser?-It is a shelf MIXER
CONTROL

Fig. 6-1 2 6D. Connections for a graphic
equaliser and miser network

type equalizer, which is shown in Fig.
6-49B, for increasing the low -frequency
response of smal loudspeaker systems
It is installed between the output of the
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driving amplifier and the input to the
loudspeaker. Basically the device is designed for 16 ohms, but it may be used
with either 8 -ohm or 16 -ohm systems.

However, if used in an 8 -ohm circuit
the increase in the low -frequency response as less, as indicated by the frequency -response curve of Fig. 6-128.
10

Because the equalizer induces a 4 to
6 -dB loss at 100 Hz, the amplifier must
be

capable

developing

of

sufficient

power to compensate for the insertion
loss. At least 40 watts of power should
be available; if riot, severe overloads
may be noticed on the heavy low -frequency passages.
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Fig. 6.1278. Film loss equalizer frequency

It should be remembered, inducing
only a 3 -dB loss at 100 Hz lowers the
power output from the amplifier to the
loudspeaker by 50 percent. Therefore,

equalizer

response.

suitable

for

low-impedonco

for

a given loudness from the loudspeaker, the amplifier must be driven
harder, which in some instances may
drive the amplifier into overload. The
circuit elements may be designed as

lines.-A dual equalizer developed by
Shure Bros. Inc., (or use with stereophonic pickup cartridges is shown in
Fig. 6-129A. Although the circuitry
(Fig. 6-129B) was developed for use
with the manufacturer's pickup, it may
be used equally well with pickups of
other manufacture Three different fre-

discussed in Question 6.49.
Describe o stereophonic pickup
6.1 2 9

are
quency -response characteristics
available: flat response for the repro -

aft
en
4
2

0

to

50

200
00
FKQUENCY 4 Itr

500

0:0

Fig. 6-128. Frequency response of a loudspeaker low -frequency equalizer.
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duction of recordings without high -frequency pre -emphasis, standard R1AA
response, and a high frequency rolloff
for reducing surface noise (Fig.

6-129C). For use with high -impedance
cartridges having an inductance of 365
to 500 millihenries, the response is plus
or minus 1 dB from 30 to 20,000 Hz. For
low -impedance cartridges having an
inductance of 175 millihenries, the re-

sponse is within plus or minus 2 dB
from 50 to 20,000 Hz. For monophonic
reproduction, the inputs of the two sides
are connected in parallel. The channel
separation is better than 30 dB over the
complete spectrum, and may be used
with line impedances of 150 to 600 ohms.
6.130 What is a universal equal-

izer? -1t is an equalizer having multiple frequency characteristics. The universal equalizer to be discussed has incorporated in its design many features

that make it ideal for both large and
small studios, where many different
types of equalization or filtering are a

6.129A. Shure Bros. Inc. Model
M66 broadcast stereophonic equalizer.
Fig.

-L

c

C3

31,F

Fig. 6-1298. Schematic diagram for Shure Bros. Inc. Model M66 broadcast stereophonic equalizer.
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Fig. 6-130. Gotham Audio Corp. Model EQ 1000 universal equalizer.

part of the daily routine. A front view
of a universal equalizer, Model EQ 1000,
Gotham Audio Corp., and manufactured

by Klein -Hummel of West Germany,
is pictured in Fig. 6-130.
At the left are several push -buttons
for selecting low -frequency equalization or attenuation at a rate of 6, 12. or

24 dB per octave. In the center

is a

second group of push -buttons for selec-

uon of high-pass, low-pass or band rejection filters At the right are several
push-button controls for high -fre-

ohms balanced: output is 600
ohms. The total rms distortion from 50
to 10,000 Hz is less than 0.4 percent.
Maximum output is plus 22 dBm. Inter modulation distortion is less than 1 percent, using 50 and 7000 Hz, mixed in a
ratio of 4:1, at plus 18 dBm out. Noise
level unweighted Is minus 78 dBm, or
using the CCIR weighted curve, minus
93 dBm. It may be operated as a zero gain device, or with a gain of 5 dB. It
requires 14 vacuum tubes for its opera5000

tion.

quency equalization or attenuation, at
rates of 6, 12, and 24 dB per octave.
The circuitry of this instrument con-

6.131 Describe a constant -impedance low -frequency attenuator equalizer.

sists of only resistance and capacitance;
no inductance is used in any of the
equalizer or filter circuits to achieve its

capacitor equalizers used to achieve
low -frequency attenuation for dialogue

characteristics. The elimination of inductance helps to reduce harmonics and
intermodulation distortion, eliminate
pickup from stray magnetic fields, and

permit a good square -wave response.
with smooth transition from one set of
conditions to another. Each set of pushbuttons has in modular form its own
set of amplifiers, resistors, and capacitors, divided into seven subassemblies.
The device is designed to be connected
directly into a microphone line, or used
as a bridging input. It can also be used

reproduce a given frequency response, compensate for unwanted reto

sponse. or be adjusted by listening for
the desired characteristic. In stereophonic reproduction its design permits
operation in either one or both channels
simultaneously, without a phase shift.
Due to its design, previous settings may
be duplicated accurately.

The frequency response in its linear
condition is plus or minus 0.25 dB, from
20 to 20,000 Hz. The input impedance is

-As was pointed out in Question 680,
recording are not constant impedance.
In mixer networks, where a constant
impedance is essential, the equalizer
circuit in Figs 6-131A and B is em-

ployed. This particular design uses a
600 -ohm T -type attenuator network:

however, the usual shunt -resistor connected in series with the inductance is
omitted to achieve the proper frequency
characteristic. A key switch is employed
to change the value of inductance and
capacitance for 6 -dB or 8 -dB rolloff.

The actual configuration for the two
key positions is shown in Fig. 6-13IB.
It will be noted the greatest amount of
low -frequency attenuation is attained
with the smallest value of capacitance.
This may appear to be confusing; however, it should be remembered that the
smaller the value of a capacitance, the
greater its reactance at a given fre-

quency. Therefore, the greatest rolloff
is attained with the smallest value of
capacitance and vice versa. The coil has
a total Inductance of 0.412 henry, with
a tap at 025 heury. To prevent pickup
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Fig. 6-131A. Low Frequency attenuator-type equaliser and its switching circuit.

from stray magnetic fields, a toroidal
coil housed in a Mumetal case is necessary.

6./32 Describe on integrated circuit
equaliser -amplifier module.-It has become common practice in the designing of mixing consoles to provide plugin units whenever possible to facilitate
construction and maintenance. This includes amplifiers, mixer controls, transformers, equalizers, and other devices.
An integrated circuit equalizer -amplifier unit Model 709-L manufactured by
Electrodyne, is pictured in Fig. 6-132.
In this unit a microphone and line amplifier is provided, with both low- and
high -frequency
equalization.
Each

equalizer has six positions of equalization and six positions of attenuation,
thus providing a total range of 24 dB
for each equalizer. Frequencies of
equalization are 40 and 100 Hz, 1.5. 3. 5.

and 10 kllz, in steps of 2 dB each. In
addition, a cuing, echo send, and a level

input key to adjust the gain for different type microphones are provided.

Fig. 6-132. Electrodync Model 709-L integrated circuit equaliser -amplifier module for misting consoles.

0 70

esor

0 912 N

0 25N

(a) -6 dB attenuation.
tb) --8 dB attenuation.
Fig. 6-131B. Configurations for the two switch positions in Fig. 6-131A.
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The microphone and line amplifier
are of the differential type. Both Inputs
of the microphone amplifier are utilized
and arc driven by a special push-pull
input transformer. One input of the line
amplifier is used for the signal input
and the second is used for equalization.
The input impedance is designed for
operation with a 50-, 200-, or 600 -ohm
source impedance. The frequency response is plus or minus 1 dB from 20 to
20,000 Hz, with a THD of 0.5 percent at

the cue and program output is greater
than 77 dB. The mixer control may be
either straight-line or rotary design.
6.133

What

equalisers

type

ore

used lot auditorium tuning?-In reality,
these equalizers are tuned filters, consisting of a coil and capacitor connected
in parallel, then inserted in a trans-

former -coupled line, between the voltage and power amplifier of a sound sys-

tem. The coils must be of fairly high
"Q" to permit connection of a resistance

plus 18-dBm output The unweighted
noise level is equivalent to minus 127

in parallel with the coil to broaden the
response curve. This subject is dis-

OB111, 20 to 20,000 Hz. Isolation between

cussed in Question 2.117.
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Section 7

Wave Filters
A wave filter is an electrical network of reactive elements designed to transmit
or suppress a given band of frequencies. Wave filters are used extensively for recording and reproducing sound. Much of the present day knowledge of these devices came from the research of W. H. Bode, T. E. Shay, and Otto J. Zobel, all of the
Bell Telephone Laboratories.
This Section will deal with the design of constant -k, m-, mm'-, mm"- derived
high-pass, low-pass, bandpass, band -elimination, and composite filters. Also included are loudspeaker crossover networks, recording and reproducing filters,
pink -noise filters, phase -shift filters, parallel -T filters, Wien -bridge filters, noise measurement filters, and dip filters. The combining of various types of wave filter
sections is explained using ladder configurations. Simplified equations, graphs, and
tables of constants with many practical circuits are given.
without discrimination. (See
Fig. 7-7.)
7.8 What is a bandpass filter?-One
in which only a predetermined band of
frequencies is passed. (See Fig. 7-46.)
What is a band -rejection filter?
7.9

7.1
What is a wave fitter?-An
electrical network composed of reactive

passed

elements used for attenuating or removing a given band of either audio or
radio frequencies.
7.2 What is an ideal fittest-A perfect filter designed without regard to
losses, physical size, cost, and other
factors.
7.3 What is a practical fittest-A

-One which rejects or removes a predetermined band of frequencies. (See
Fig. 7-47.)
7.10 What

is

a

band -elimination

tilted-Another name for a band -re-

physical filter designed from the ideal
filter, in which the losses, physical size,

jection filter.

cost, and shielding efficiency have been
taken into consideration.
7.4 What is a passive network?One not acting itself, but being acted

upon by an external source.
7.5 What is an active network?One which supplies power. It may be
composed of batteries, a generator, or

an amplifier.
7.6

What is a high-pass filter?-A

(a) Configuration.

network of reactive elements which attenuate all frequencies below a pre-

determined frequency selected by the
designer. Frequencies above cutoff are
passed without discrimination, as shown
in Fig. 7-6.
7.7

What is a low-pass fitter?-A

network of reactive elements which
attenuate all frequencies above a predetermined frequency selected by the
designer. Frequencies below cutoff are

(b) Transmission characteristics.
Fig. 7-6. A high-pass filter.
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js

I!
(a) Configi ration.

(b) Tr(111.SIrtISSi011 characteristics.

Fig. 7.7. A low-pass filter.

What is an all-poss fitter?-A
7.11
filter which will pass all frequencies
without attenuation from zero hertz
to infinity. Such devices are used for

Fig. 7-12A. Model 64A double -notch or
dip filter using 150 and 820 -Hz, manufactured by Altec-Lansing.

Such filters can be used for tuning an
enclosure, using the Boner system as

phase -shifting and time -delay networks.
(See Questions 7.23 and 7.24.)
7.12 Describe a notch or dip filter.

described in Question 2.117.
7.13 What is a brute -force filterT-

-It is a filter for removing a given frequency or a very narrow band of fre-

so large that the filtering is forced to
take place. This term is generally applied to low-pass filters used in power

quencies. The device generally consists

of an RC network using a parallel -T

One in which the reactive elements are

supplies.
7.11 What is

Notch filters are also called dip filters

a composite finerlOne which employs two or more filter

and may use LC or LCR configurations.

sections. They may be of constant -k or

A dual notch filter manufactured by

n1 -derived design.
7.15 What is the transmission band
of a filter? --The portion of its fre-

configuration.

(See

Question

7.72.)

Altec-Lansing is shown in Fig. 7-12A,
with notch frequencies at 150 and 820
Hz. The configuration and frequency
response for a similar filter, using 150
and 520 Hz, is shown in Fig. 7-12B.

quency characteristic which passes a
band of frequencies without attenuation. (See Fig. 7-15.)

0
2

4

0

6

10

12

14

20

2
a

00

1000

10.000

20.000

FREQUENCY IN MI
NOTCHES AT 1.7011s AND 36014

fig. 7-128. Frequency response of double -notch filter using 150 and 520 -Hz.
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Fig.

7-21. A three -terminal network.

(a) High-pass.
STOP

BANDWIDTH

I.

.3

BAND

2'

(a) Wi hour ground terminal.

t

( h) Low-pass.
Fig.

7-15. Transmission characteristics
a high- and low-pass filter.

of

What is the passband of a
is another name for the
transmission band. (See Question 7.15.)
7.17 What is the bandwidth of a
7.16

filter?-It

filter?-The number of hertz expressing
the difference between the lower and
upper limiting frequencies. It is also
called the passband. (See Fig. 1-15.)
7.19 What is a stop band?-The
frequency of a band -rejection or band elimination filter.
7./9 Whot is the cutoff frequency

of a filter?-The frequency above or
below which a filter fails to respond.
The terminology used for expressing
the characteristics of filters is discussed
in Question 7.102.
7.20 What is a two -terminal net-

.4

2.

(b) With ground terminal.
Fig. 7-22. Four -terminal networks.
work composed of reactive elements as
shown in Fig. 7-23. The purpose of such

networks is to induce a time delay in
a given frequency band to correct for
phase distortion in long -line telephone
transmission. They are also used in recording circuits to compensate for
phase shift of certain type equalizers.
Li

c,

L,

c,

work7-A configuration such as shown
in Fig. 7-20.
What is a three -terminal net7.21
work?-An unbalanced configuration
with one terminal common to both the

input and output. (See Fig. 7-21.)
7.22 What is a four -terminal net-

workl-A

balanced

configuration

1

(a) Resonant lattice network.

as

shown in Fig. 7-22.
7.23

L

What is a phase -shift or phase -

correction network?-An electrical net -

(b) Single nonreacntant lattice network.
Fig.
Fig.

7-20. A two-termina

network.

7-23. Configurations of balanced
phase -correction networks.
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A lattice (balanced) configuration
phase -correction network employing
both series and parallel resonant circuits is shown at (a) of Fig. 7-23. Each
complementary pair is resonated to a
selected frequency band to induce a
given time -delay. The circuit shown at

(b) of Fig. 7-23 is a similar type network using nonresonant circuits for
high -frequency phase correction. (See
Question 7.112.)
7.24 How are ware filters classified?-Wave filters are classified ac-

cording to their function and the procedure used for determining their circuit element values. The four design
procedures are: the constant -k (proto-

7.29

What

is

a

pi -type filter?-A

filter which has a configuration resembling the Greek letter pi. (See Fig.
7-39.)
7.30

What

is

-A wave filter

o constant -k filter?

which a constant
termed k is used. This term is sometimes misconstrued as meaning that
the impedance of the filter is constant;
however, this is not the case. The impedance of a constant -k filter is equal
to the line impedance at only one frequency and presents a mismatch at all
in

other frequencies, as described in Question 7.25.
7.31
What is on rn-derired filter?A wave filter in which the impedance

type); the ni-derived; the mm' (double -in, prime derived); and the mm"

and attenuation characteristics may be

(double -m, double -prime derived). The

m is a constant lying between zero and
one. An m -derived filter can be designed to match approximately 85 percent of the frequency hand covered by
the filter. For audio frequencies, the
constant m is generally made to equal
0.60. An m -derived filter may also be
combined with a constant -k section to
secure a given frequency characteristic.
When a constant -k and an m -derived
filter section arc combined, the filter is
called a composite filter.
7.32 What is the insertion loss of a
filter? -11 is the loss in level measured
at a given frequency in the passband,

latter two are used only in advanced
filter design where the characteristics
must be closely controlled. For audio
work, usually a constant -k or an m derived type is used, or a combination
of both types. Such a filter is termed a
composite filter.
7.25 What is the characteristic im-

pedance of a ware filter?-Its design
impedance, as designated by the symbol

R.. A typical impedance curve for a
constant -k type filter is shown in Fig.
7-25. The actual impedance, Z,, presented by the filter to the line is equal

to the line impedance R. only at one
frequency and is one of the characteristics of a constant -k filter.

FRECXINCY

Fig. 7-25. Impedance characteristic of a
constant -k filter.

7.26

What

is

surge impedance?

The terminating impedance required at
the end of a transmission lane to prevent reflection losses.
7.27 What is the terminal impedance of a filter?-The impedance seen

when looking into the input or output
terminals when measured with an im-

controlled by the designer. The term

with the filter in and out of the circuit.
The insertion loss of a filter (in decibels) may be found by determining the
amount of the current reduction at the
load side of the network. As a general
practice, the insertion loss of any network is measured at a frequency within
the fiat portion of the passband; the exact frequency depends on the individual
characteristics of the network. The expression for calculating the insertion
loss is:

IL = 20Log.

where,

E, and E.: are the voltages at the inpnt

and output terminals,
Ri. and
arc the impedances of
the network at its terminals.

pedance bridge.
7.28 What does the term constant

This formula takes into consideration
the mismatch of impedances at either

impedance mean?-Any device which
maintains a fixed terminal impedance
under normal operating conditions.

end of the network and the effect of
series and shunt reactances in the network.
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7.33 What causes insertion loss?The dc resistance of the coils and the

series and shunt reactance of the circuit
elements
7.30 How can the impedance of an

unknown filter be measured?-By measuring the geometric mean of the filter
impedance in the passband at a given
frequency. The impedance is first mea-

Fig.

filter network

7-37B. Elementary

terminated in its image impedances.

sured with the far end shorted, then

looking into the output terminals equals

open. The characteristic impedance R.
is then equal to:

Z,.

Thus, the term image impedance
may be explained as follows; looking
into the input terminals

R..= V21 X Z2
where,

2, is the first measurement,
is the second measurement
7.35 What is the transmission characteristic of a ware 'inert-It is the
frequency characteristic of the filter
plotted as frequency versus attenuation

sees

its

work Z, sees its image. This is the con-

dition when a filter network is said to
be terminated in its image impedance.
Mathematically the image impedance,
with Z, disconnected and Z connected
is:

Z,,,= Z, +

and is the characteristic seen by the
circuit in which it operates (Fig. 7-15).

7.36 What aro the attenuation
characteristics of a ware lilted-The
loss of a filter plotted as frequency
7.37 Define the term, "image imof a
pedance." --The

network at its two ends,
avoiding internal reflection
losses This occurs when the image impedance is equal to the impedance lookthe

ing into the filter network. When the
image impedances arc equal in value
(input and output), the filter is symmetrical and is equal to Z., the characteristic impedance of the network.
The term impedance can best he ex-

Zr)

(Z.+

Z.) Z.
Za)

Therefore,

=
Zt = ZP
where,

(Z. + ZI1) ZA
Zr

V (Z.+ Z.)

Z,, Z, Z. and Z. arc as shown in Fig.
7-37B.

alike, that will simultaneously termithereby

(Z.

Z..t

wave filter is presented by a group of
curves, each curve having a different
impedance characteristic, depending on
the character of the configuration. (See
Fig. 7-48A.) The image impedance consists of two impedances, not necessarily

(Z.Zt)
(Zr,

Disconnecting Z, and connecting Z1, the
image impedance is:

versus insertion loss in decibels.

nate

Z,

image, and looking back into the net-

Mathematically, the foregoing gives the
image impedance for any given set of
circuit constants. However, in design of
practical filters, the image impedance is
known in advance, and the circuit con-

stants are then computed to result in
the

desired

image

impedance.

The

OUTPUT 212

image or characteristic impedance of an
existing filter may be measured as
given in Question 7.34,
7.38 What 11 meant when it is said
two impedances are conjugates of each
other?-When their resistive components and their reactive components are
equal in magnitude but opposite in sign.
7.39 What are the basic configurations and equations for constant -k low
pass litters?-The basic designs for constant -k low-pass filter sections are
shown in Fig. 7-39. It will be noted that

Fig. 7.37A. Filter network terminated in
its image impedances.

Operation of the network may be visu-

plained by means of Fig. 7-37A. The
image impedances are equal to Z, and
Z if the termination impedances are of
such value that, with Z, disconnected,

the impedance looking into the input
of the filter equals Z,; with Z., connected
and

Z:

21

APO

disconnected,

the impedance

FalIR RETTMAS

a T -type network has an inductance
(L,) in series with the line and a capacitance (CO in shunt with the line.
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Fig. 7-39. Configuration and frequency characteristics of a constant -k low-pass filter.

alized by consideration of the properties
of inductive and capacitive reactance.
Inductive reactance varies directly
with frequency. Since an inductive re-

actance is connected in series with the
line, it offers an increasing opposition
to transmission as the frequency is increased. The capacity in shunt with
the line presents a capacitive reactance
which decreases with frequency. As the
frequency is increased, this capacitive
reactance becomes more effective in

as much as the attenuation of a full
section (T or pi) at the same frequency. The impedance of an L filter is
designated Zi and Zi'. These two designations are used because the impedance
of the filter at one set of terminals differs from the impedance at the other. It
will be seen that at one end the imped-

ance is the same as for the T network
and, at the other, the impedance characteristic is the same as that of the pi
network.

shunting the audio currents, thereby
reducing the transmission through the
filter. The combination of the induc-

pi

tive and capacitive reactance produces
a net attenuation characteristic beginning at the cutoff frequency and con-

either a pi or a T section is twice as

tinuing beyond the cutoff frequency.
The impedance presented by a T network to the transmission line is designated Z,. This impedance is equal to the

line impedance at zero frequency only
and decreases progressively through the
passband. This may be seen by refer-

ring to the impedance curve for a T
section (Fig. 7-39).
An L -type network may be thought

of as one-half of a T section or onehalf of a pi section. An L section is
also called a half -section and has an
attenuation characteristic which is half

The attenuation characteristics of a
section can be made identical to

those of a T section, as indicated by the

attenuation curves. The attenuation of
much as for the L or half -section network. The impedance of the pi section
is designated
for both ends. A constant -k pi section presents an impedance to the line which equals the line
impedance at zero frequency and increases

as the frequency
within the passband.

increases

7.40 How are the different filter
sections selected?-By their attenuation

and impedance characteristics. The attenuation of a constant -k full section is

approximately 23 dB, one octave removed from the cutoff frequency. This
is not considered to be a sharp rate of
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cutoff. If the attenuation is not sufficient, combinations of filter sections
may be connected in tandem.
7.41 How ore different type filter
sections combined?-To better under-

D, the configuration between C and D
becomes a pi -type configuration. The
series element is 1,, while the shunt
element is 2Z,. For the element (Zr) to
equal Z, in Fig. 7-41A, its value must
be doubled. In practice, when two elements appear in series or parallel, they
arc combined into one element.

stand how filter sections are combined,
in Fig. 7-41A is shown the familiar ladder -type network with its series reactive element Z, and shunt reactive element
These reactive elements (im-

The input terminals of the L -type
configuration, Fig. 7-91B are termed

midseries, while the output terminals
are called midshunt. An L section is

pedance) may be either capacitive or
inductive. If two lines, A and B (Fig.
7-41B) are drawn through the midpoint
of the two series elements, the familiar

also referred to as a half -section, since
two L sections connected in tandem
form a T type or pi section, depending
on whether they are joined at their

T -section is developed. In this configuration the series arms are denoted Z,/2,
since they are a half of Z, in Fig. 7-41A,

midshunt or midseries terminals. The
method used for combining the elements of two T-typc configurations is
shown in Fig. 7-41C. Combining two
pi sections is shown in Fig. 7-4ID.

and they are referred to as midshunt
terminals. Referring again to Fig. 7-41B,

drawing a line at C, the structure between B and C becomes an L -type con-

Any number of filter sections may be
combined in tandem to secure the desired attenuation. A filter of this design
is referred to as a composite filter. For

figuration. In this instance the series
arm is also Z,/2, while the shunt arm is
2Z_, and the terminals are termed mid shunt. Cutting the network with a line
21

ZI

2

-

Fig. 7-41A. Ladder network used in basic design.
A

--04

ZI

ZI

ZI

2

2

2

2

Z2

...

1

ZI

22

Z1

Z1

Z2 2

1

2Z2

II2

a2

Fig. 7-41B. Ladder network broken down into filter configurations.

Zr

Fig. 7-41C. Combining two T filters.

nr

L.- s
ZI

i

ZI

Fig. 7-41D. Combining two pi filters.

ZI
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audio frequency work, generally, two
sections are sufficient. In assembling a
composite filter. sections with similar
impedance characteristics are connected

in tandem. This is important in order
that one section may properly terminate
the other. It is apparent that none of the
sections present a constant impedance;
however, if two sections whose impedances vary in exactly the same manner

The line impedance (R.) is the impedance of the circuit in which the filter is
to operate. It will be noted that, if the
value of the inductance has been calculated for n pi section, the value is
divided by two when used in the L or
T sections. However, in the pi section,

the value of the inductance remains
unchanged. It will also be noted that
the calculated value of the capacity for

tandem, then each
will properly match the other at all
frequencies. Thus, within a composite
filter there are no mismatches of impedance and. therefore, no reflection

a T section is divided by two for the

losses. This is accomplished by observing the terminology Z, to Z,,
to

least 40 dB of attenuation at 20,000 Hz.

are connected

in

etc.

From the characteristics given

L and pi sections.
7.44 Show the design procedure for
a 500 -ohm constant -k 10,000 Hz /ow.

pass filter which is required to have of

-Two full sections will have approximately 46 dB of attenuation, at twice

in

the cutoff frequency; therefore, two

Fig. 7-39 it is evident thnt a T section
cannot be connected to a pi section.

such sections using the T configuration
will be used. The first step is to calcu-

However, an L section may be con-

late the values of L and C:

nected between them to match the impedances in both directions. Although

R.

L- 71T.

an internal impedance match can be

500

obtained in a composite filter, none of
the configurations matches the line impedance through the passband. This is
the disadvantage of

- 3.141 x 10,000
= 0.0159 henries

the constant -k

filter.
7.42

How ore the circuit elements
1

combined in a composite filter?-A T

section and an L section, connected in
tandem, are shown in Fig. 7-42. In the
actual physical filter, the right-haud inductance of the T section and the inductance of the L section are combined
into one inductance. Whenever two capacitors appear in parallel adjacent to
one another, they are also lumped into
one unit.
7.43

What ore the basic considera-

tions when designing a filter?-To design a constant -k filter, the following
information is required:
Line impedance,
Filter type (low-pass, high-pass,
etc.),

Tolerable mismatch for R..
Lust/ INTO Mr c01.
'T'SICTION

z,

where,

R. is the line impedance,
f, is the cutoff frequency.
The two sections of the filter are shown

at (a) in Fig. 7-44. At (b) in Fig. 7-44
the circuit element values have been
combined and one coil is used in place
of the two nsed at the output and the
input of the separate filters shown at
(a).
7.45
What arc the basic configurations and equations for constant -k highpass filters?-The basic designs for

constant -k high-pass filter sections are
shown in Fig. 7-45. It will be noted the
positions of the inductance and capacity

are inverse to those of the low-pass
filter. The design equations appear at

"L'SECTON

T`

- 3.141 x 10,000 x 500
= 0.0636 µF

the bottom of the configurations. A full
section will provide approximately 23
dB of attenuation one octave removed

I

z'

T

from the cutoff

frequency. A half

section or L configuration will provide

one half the attenuation of a full sec-

Fig. 7-42. Method of combining two fil-

tion at any frequency. The various sec-

ter sections.

tions may be connected in tandem to
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COMBINED

Z1

2

793N

7 95PH

Si

0 0636

C

)

7 13mm

7 95mn

0 0636

a

Zi

0

O

(a) Design values.
("1)
7 95 _I

(2.42)
793 NH

15 9 nth

(b) Combined values.
0 0636

C

ZI

C

T
Fig. 7-44. Method of combining filter element values.

shown in Fig. 7-46. It will be observed

form a composite filter. As for the lowpass filter, the impedance match must

that these filters utilize resonant circuit arms, both in series and in shunt

be made so that each section is properly
terminated. This is accomplished by
observing the impedance characteristics
for each type section. The procedure for
designing and combining high-pass,
constant -k filters is the same as that
described for the low-pass filter in
Questions 7.39 and 740.
7.46 What are the configuration
and equations for designing a constant -k

with the line. The frequencies 1, and f.
in the equations are frequencies at the
edges of the passband. The frequency
f.. is the frequency in the center of the
passband. The frequencies of f. -,o and
f,00 are the frequencies at the edge of
the widest part of the passband.
7.47 What are the configuration
and equations for designing a constant -k
bond -rejection filter?-The configura-

bandpass filter7-Thc configuration for
a bandpass filter and its equations are

/

tion for a band -rejection or band-elim-
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Fig. 7-45 Configurations and frequency characteristics of a constantk high-pass
filter.
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(b) Transmission characteristics.

"-in
ITIII2Ra
11112-1"

(c) Equations.

Fig. 7-46. Constant -k bondpass filter.

ination filter is shown in Fig. 7-47. It
will be noted that the configuration is
reversed from that of the bandpass

of the objection to the constant -k type

filter. For this filter, the frequencies Leo
and LEG are frequencies at the edge of
the reject band. Frequencies L and if,

pacitance and inductance for the constant -k type filter and then modifying

filter. An m -derived filter is designed
by first calculating the values of cathese values by an algebraic expression
containing the term m. The term m is a
positive number lying between one and
zero. The value of m governs the characteristic of the m -derived filter.

are at the edge of the widest part of
the reject band, and f. is the center
frequency of the reject band.
7.48 What arc the basic principles
al an m -derived lifter?-An m -derived
filter is so designed that either the impedance or the attenuation characteristic, but not both, may be controlled
by the designer. This overcomes some

In certain type sections m governs
the impedance. By the proper selection

of m it

is

possible to match the line

impedance over approximately 85 percent of the transmission band, which is

Li/2

1/2

T
(a) Configuration.

LI.

1t2-htite

Re

lifif2

12

CI. 41102-1"

C2

41-EV2W
(12-11)

R. Fr

I.,
1'111'2

r?

co

(b) Trati.rinission character -lobes.
Fig.

(e)

Equations.

7-47. Constant -k band -rejection filter.
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Fig. 7-48A. Impedance characteristics of m -derived filters, for different values of m.
used to control the spacing between the
frequency of cutoff and that of attenuation. Fig. 7-48A shows the effect on the
impedance for different values of m be-

considerably better than the constant -k
type filter. An m -derived filter employs
resonant circuits in the series and shunt
arms. Theoretically, the filter presents
an infinite attenuation termed lac

tween zero and one. It will he noted
that the best impedance match is ob-

(infinity).
In the design of an m -derived filter

tained when in equals 0.60. This is the
value generally used for audio -frequency filters. It should be understood

two frequencies are involved, the cutoff frequency and the frequency of infinite attenuation. The term m may be
4

rel.

I

3

these data are for an ideal filter and
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Fig. 7-488. Attenuation characteristics of rn- derived filter seetions.
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tions which match each other have
been chosen so that at every junction
of the sections an impedance match

will vary in the practical filter due to
the components, particularly the inductances. Attenuation characteristics for
different values of m are shown in Fig.
7-48B. It will be noted from this family

exists.
7.50 What is the effect of on m derived filter if m equals one?-The

of curves that the attenuation rises to
a maximum and then decreases. This is
due to the resonant circuit incorporated

filter degenerates

in the m -derived filter. The graph in
Fig. 7-48B is plotted to show the attenuation losses. This ratio may be inverted, if necessary, to make the number greater than one. The graph may
be used for either low- or high-pass

constant -k filter is a special case of the
in -derived filter with rn equal to one.

into a constant -k

type. Therefore, it may be said that a
7.51 What sections of an m -derived
filter have the same impedance characteristics as a constant -k section?-The

T section, series m -derived. The series
m -derived family consists of the T,
and the pi sections.
7.52 Show the configurations and

filters.
7.49 What are the advantages of
combining a constant -k filter with an
m -derived filter?-The attenuation of a

equations

for a series m -derived low-

filter.-The configurations and
equations appear in Fig. 7-52A. It will
be noted the configurations arc similar
to those of the constant -k type filter,
except series resonant circuits are used
in the shunt arms. The terms Li.1.0 and

constant -k network rises progressively

pass

as the frequency departs from cutoff.
The attenuation of an m -derived type
rises to a maximum and then falls off.
In a composite filter, the m -derived
section governs the initial rate of attenuation and the constant -k section

C.:[5. in the equations below the config-

maintains attenuation

frequencies

urations are the values obtained for a

where the m -derived section becomes

constant -k filter. These values are then

less effective.

used with the m -derived equations given

It may be desirable to incorporate a
full or half section at each end of the
filter having an impedance characteristic controlled by m and for which m

for L,
and C: to calculate their values. A table of the most commonly used
factors employed in the design of m -derived filters is given in Fig. 7-52B.
7.53 How is the constant "m" determinedT-As previously stated, m is a
number between zero and one and controls the point of maximum attenuation

at

is 0.60. This will provide a match to the

line at either end of the filter. The
block diagram of a composite filter of
this type is shown in Fig. 7-49. This
filter has four sections. The attenuation
characteristic for each section is shown
below the block. The total attenuation
is the sum of the individual attenuation
of each section. Because the end scctions have been designed using a value
of 0.60 for m, they present to the line
a very nearly constant impedance, R..,
over most of the passband. Configurn-

with reference to the cutoff frequency
of a filter. By the proper selection of
m, the rate of attenuation for a given
section can be determined; that is, it
can be designed to attenuate gradually
beyond the cutoff point or it can be
designed to cut off sharply. To determine the value of m, the cutoff frequency and frequency of infinite at -
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Fig. 7-49. A composite filter consisting of constant -k and tri-derived sections.
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Fig. 7-52A. Configurations and design equations for series m -derived low-pass filters.

tenuation (maximum) must be known.
The values may then be substituted in
the equation:

m=
m

- (ftY
- (712

where,

L is the cutoff frequency in hertz,
f c is the frequency of maximum attenuation.
The first equation is for low-pass filters
and the second is for high-pass filters.
The constant m is always less than one.
7.54 What are the configurations
and equations for series m -derived highpass filters? The configurations with

their equations are given in Fig. 7-54.
7.55 What are the configurations
and equations for shunt m -derived low puss filters? -The configurations with

their equations are given in Fig. 7-55.
7.56 What are the configurations
and equations for shunt m -derived highpass fitters? -The configurations with

their equations are given in Fig 7-56
7.57
What are the advantages of
the shunt -type m -derived filter over

I-21R1'44k

4m

m

1-W

0.10

0.990
0.987

0.15
0.20
0.25
0.30
0.35
0.40
0.45
0.50
0.55
0.60
0.65
0.70
0.75

0.80
0.85
0.90

0.960
0.938
0.910
0.878
0.840
0.798
0.750
0.698
0.640
0.578

0510
0.438
0.360
0.278
0.190

I-

1-m'
4m

4ank

0.404

2.475

0.613
0.833
1.066
1.318
1.593

1.630

1.256
1.884
2.512
3.140
3.768
4.396
5.024
5.652
6.280
6.908
7.536
8.164
8.792
9.420
10.048
10.676
11.304

1.904
2.255
2.666
3.151
3.758
4.498
5.490
6.849
8.888
12.230
18.940

1.200
0.938
0.758
0.627
0.525
0.443
0.375
0.317
0.266
0.222
0.184
0.146
0.112
0.081
0.052

Fig. 7-528. Commonly used factors for
the design of m -derived filters.

the series m -derived type? -Electrically

there are none. However, the two types

of design permit a wide selection of
circuits. In building a filter, it is more
economical to use the series -derived

CIIK)

414. R.

ci' CI(K)
Fig. 7-54. Configurations and design equations for series m -derived high-pass filters.
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type because of the cost of an inductance compared to a capacitor. In certain phases of telephone work, it is

and the final values usec are given in
Fig 7-58D
7.59 What is a balanced filter?Filters. like attenuators and equalizers,
may be designed for balanced and un-

desirable that the filter have a capacitor

input rather than an inductive input.
The two designs will permit either type

balanced operation In Fig. 7-59 the
filter of Fig. 7 -44th) is shown converted

input to be used, with the same fre-

to a balanced configuration. It will he
noted the values of the inductances
have been divided by two, and one half
placed in each side of the line. The

quency characteristics
7.58 Show o typical design problem
for a 600 -ohm, 1400 Hi shunt in -derived

low-pass filters-Basically, the filter will
consist of a constant -k pi section with
two shunt m -derived end sections as
shown in Fig 7-58A The calculations

capacitor values remain unchanged.
7.60 Hew is on unbalanced highposs litter
fed to a balanced configuration?-To illustrate the procedure,
Fig. 7-60 shows ii 45 -Hz high-pass filter
both as an unbalanced and a balanced

have been tabulated to demonstrate the
design procedure in Fig. 7-58B. The
derived values are given in Fig. 7-58C

'I

SC.

Tc,

z,_
c

ctini

LI 151

1.1

Li iii

Cr 'C11

Fig. 7-55. Configurations and design equations for shunt m -derived low-pass filters.
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1,
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SC,
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ben'' 4nr

51.,
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Fig. 7-56. Configurations and design equations for shunt m -derived high-pass filters.
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Fig. 7-58A. Basic design of composite shunt rn-derived low-pass filter.
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Fig. 7-381. Design data for 600 -ohm, 1400 Hz, sheet es-slorives1 low -sass filters.
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Fig. 7 -SIC. Design values for the low-pass filter shown in Fig. 7-58A.
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Fig. 7 -SID. Composite filter or final values fo the filter shown in Fig. 7-58A.
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in Fig. 7-44(b) converted

configuration.

to

a

balanced
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configuration. In the balanced configuration it will be noted that the inductances remain unchanged in value but
the capacitor values have been doubled.
The reason for this is that the capacitors of the balanced configuration may
be considered to be in series in each
side of the line. Therefore, to maintain
the same impedance, the capacitance
must be doubled because capacitors in
series divide themselves.
Filters, like equalizers, are designed
to present a given impedance to certain
frequency bands and to accomplish this
a definite value of capacity and inductance is required. If the circuit element
values are maintained regardless of the
type configuration employed, the impedance presented to the circuit is the
same; therefore, the frequency characteristic will be the same.
7.61
How are the frequency charccccccccccc of a filter measured? This

subject is discussed in detail in Question 23.61.
7.62 How may a filter of known

characteristics be converted to an impedance other than the one for which it
was originally designed? By the use of

the following equations, if the circuit
constants are known.
Z,

= -X
R.

L

(a) Unbalanced.
14.16

14.16

700

14.16

7.00

14.16

(h) Balanced.
Fig. 7-60. A 45 -Hz unbalanced high-pass

filter converted to a balanced configuration.

Although the frequency is changed, the
impedance remains the same.
7.64 What type coils are recommended for filter cons truction?-Toroi-

dal coils because of their high Q and
the fact that they are not affected by
extraneous magnetic fields. However,
conventional coils may be used, if
properly shielded. (See Questions 6.68
to 6.71 and Questions 8.72 and 8.73.)
7.65
What tolerance should be
specified for coils and capacitors used in

filters?-For coils, plus or minus two

C.-=

percent; for capacitors, plus or minus
three percent.

R.

7.66 How ore the coils for filters
specified for manufacture?-By the

where,

L. is the new value of inductance,
L is the original value of inductance,
R. is the characteristic impedance,
Z, is the new impedance,
C. is the new value of capacitance,
C is the original value of capacitance.

value of the inductance, the signal level
at which the coil is to operate, the frequency of maximum Q, the filter configuration, the impedance of the circuit,
and the effective shielding of the coils

quency. For example, if a 1000 -Hz lowpass filter is to be converted to 100 Hz,

in decibels.
7.67 If a low-pass and a high-pass
filter are connected in tandem, what is
the overall frequency characteristic?
A. bandpass characteristic.
7.68 What is the overall frequency
response of two low-pass filters connected in tandem?-The frequency re-

the new values may be calculated:

sponse is the algebraic sum of the indi-

How may a filter of known frequency characteristics and components
be converted to another frequency?-By
7.63

changing the values of the inductance
and capacitance inversely with fre-

C,, =_C x 10

L. = L x 10
where,

C. is the new value of capacity,
C is the original value of capacity,
L. is the new value of inductance,
L is the original value of inductance.

vidual frequency characteristics. This
is explained in more detail in Question
6.66.

7.69 What is the center frequency
of the passband and how is it determined?-The center frequency of the

passband of any type filter, or combination of filters, is the geometric mean of
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HIGH-PASS RC
FILTER NETWORK

Fig. 7-71A. An electronic low-pass filter.
the lowest and highest frequency of the
passband. A typical example would be
a recording channel employing a 40 -Hz

high-pass filter and a 10,000 -Hz lowpass filter. The geometric mean, or center frequency, is:

f.= V fi X fr
= V40 X 10,000
= 632.4 Hz

where,

fi is the cutoff frequency of the highpass filter,
f, is the cutoff frequency of the low-

pass filter.

The cutoff frequency of a filter is
taken at the frequency of 10 dB attenuation. Filter nomenclature is discussed in Question 7.102.

7.70

What

is

a cryttol filter?-A

filter composed of quartz crystals. They

are used in wave analyzers to obtain
an extremely sharp passband characteristic. (See Question 22.65.) Crystal fil-

ters are also used in communication type radio receivers for reducing noise
in the reception. Such filters are also
referred to as mechanical filters.
7.7I What is an electronic lilter?An amplifier especially designed to have
a selective transmission characteristic.

Such filters make use of a negative feedback amplifier with a frequency selective network such as the parallel
T which may be controlled from the
panel of the instrument.
Electronic filters are also used for
removing unwanted noises in sound

'IVO`
0
4
a

I.

7-7I B. An electronic bandposs filter.
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tracks during the rerccording of motion

pictures. Typical low-pass and bandpass filters of the electronic type are
shown in Figs. 7-71/1. and B.
7.72 Show a schematic diagram for
a variable dip -filter for rerecording use.

-Variable dip filters are used in rerecording to remove unwanted frequencies such as radar, beacon signals, ac
hum, arc -light whistles, and many other

sounds picked up acoustically or electrically. Fig. 7-72A shows the schematic

GOO a,SO

2817212212C-

C. C 2

X,20

0 OW
00.2}

40 ,2 Sf

MVOS
172,21.0
2102/1200

0 COM

C2

0110
0O1101

00)

000u

. CMS"

0 COOS

000.0

Fig. 7.72A. Schematic diagram for a parallel:T. dip filter.

r,

(a) Without feedback loop.

(h) With feedback loop.

Fig. 7-728. Frequency response of a poroliel-T network.

WAVE FILTERS

339

Fig. 7-72C Rear view of variable parallel -T dip filter.

diagram for a dip filter which has a frequency range of 30 to 9000 Hz, with a

111B,

and R1C, ganged together. Two

additional potentiometers R2 and R3 arc
used as trimmers to obtain a sharp null

band rejection, at the peak frequency.
of SO dB or better. Basically the device
is a variable parallel -T network, consisting of capacitors Cl, C2. and C3, and

point. By the use of a large amount of
negative feedback (26 dB) around the
parallel -T network, the rejection characteristic is considerably sharpened, as

three wirewound potentiometers RIA.

110,I1401011

Fig. 7-72D. Model 7052 variable -dip filter manufactured by Cinema Engineering Co.
The dip -frequency may be varied between 30 and 9000 Hz with a rejection of 50 dB
or better.
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shown in Fig. 7-72B. A rear view of
such an instrument built by the author
is shown in Fig. 7-72C. For convenience
of operation a switch is provided to cut
the instrument in and out of the circuit.

Therefore, the gain is generally adjusted for a no -gain condition.
After the frequency of an unwanted
frequency has been determined, the
filter is switched in and adjusted for a
null at the unwanted frequency, and a

impedance other than 500 ohms is required, the filter may he converted to
any other impedance by the use of the
equations given in Question 7-62. For
frequencies not appearing in the tabulation, the values may be converted to
Freq.

L,

Hz

Henry

test recording made and played back. If
the original sound track contained several harmonics besides the fundamental
quencies are dipped out. This procedure

may be followed to a third generation
provided the signal-to-noise ratio is not
too seriously affected. After the final
filter may be used in dialogue without
it affecting the final result. because of
the narrow bandwidth. A dip filter
having similar characteristics to that

discussed is shown in Fig. 7-72D.
7.73 Show the configuration for a
500 -ohm telephone sound -effects filter.

-The configuration

and

component

5.31

1.59

250
400
500
600
800
1000
3000
10,000

frequency, the rerecorded sound track
is played back and the remaining fre-

transfer is made it can then be re equalized. If carefully done, the dip

30
100

0.637
0.398
0.318
0.265
0.199
0.159
0.053
0.016

C,
p.F
21.20

6.37
2.55
1.59
1.27
1.06
0.796
0.637
0.212
0.063

Low -Pass (See Fig. 7-39)

other frequencies by the equations in
Question 7-63 or by multiplying or dividing the component values by the
ratio of the new frequency to the
known frequency.
Freq.

L,

II:

Henry

values for such a filter are shown at
(a) in Fig. 7-73 and the frequency
characteristic is shown at (b).

30
100
250
400

500
600
800
1000
3000
10,000

(a) Configuration.

1.33
0.398
0.159
0.0995
0.0796
0.0663
0.0497
0.0398
0.0133
0.00398

C,
p.F
5.31
1.59

0.637
0.398
0.318
0.265
0.199
0.159
0.0531
0.0159

High -Pass (Sec Fig. 7-45)

7.75 What are the circuit values for
the more commonly used series m -derived low-pass lifters with a characteristic impedance of 500 ohms? -The values
200 400

1600

101tHt

Hz

(b) Frequency response.
Fig. 7-73. A telephone sound -effects fil-

ter for a 500 -ohm circuit.
7.74 What are the circuit constants
for the more commonly used 500 -ohm,
constant -k, low- and high-pass filters? -

the constant -k configurations of
Figs. 7-39 and 7-45, filters may be constructed using the following values for
a circuit impedance of 500 ohms. If an
Using

given in Fig. 7-75 arc to be used with
the configurations shown in Fig. 7-52.
The value of m is equal to 0.6.
7.76 What ore the circuit values for
the more commonly used series m -de.
rived high-pass filters with a characterimpedance of SOO ohms? -The
values given in Fig. 7-76 are to be used
with the configurations shown in Fig.
7-54 The value of in is equal to 0.6.

istic

7.77 What are the circuit values for
the more commonly used shunt m -de tired low-pass filters? -The values given
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Frcq.
Hz

L,
Henry

30

3.186

100
250

0.954
0.3822
0.2388
0.1908
0.1590
0.1194
0.0954
0.0318
0.0096

400
500
600
800
1000
3000
10,000

341
Cr

variable high-pass filter designed for the

Henry

uF

express purpose of removing the low

1.412
0.4229
0.1694
0.1058
0.0846
0.0705
0.0529
0.0423
0.0141
0.00425

12.720
3.822
1.530
0.954
0.762
0.636
0.477
0.382
0.127
0.038

frequency end of dialogue are shown in
Fig. 7-79A. The frequency range covered is from 80 to 150 Hz. For dialogue
recording, it is generally set for 80 Hz
cutoff, which is standard in the motion -

L.4

Fig. 7.75. Values for Question 7.75.
in Fig. 7-77 are to be used with the configurations shown in Fig. 7-55. The
value of m is equal to 0.6.
Freq.
Hz
30
100
250
400
500
600
800
1000
3000
10,000

L.

Henry
2.216
0.663

0265
0.165
0.132
0.110
0.082
0.063
0.022
0.0066

C,
ihF

}LF

8.85
2.65
1.06
0.663
0.530
0.441
0.331
0.265
0.088
0.0265

19.912
5.962
2.388
1.492
1.192
0.993
0.746
0.596
0.199
0.059

C,

Fig. 7-76. Values for Question 7.76.

picture industry. At times it may be
desirable to use a higher cutoff frequency to remove low -frequency noise

falling between 150 and 80 Hz. However, male dialogue becomes thin if the
cutoff is raised above 100 Hz.
Freq.
Hz
30
100
250

250
400
500
600
800
1000

3000
10,000

L,

L.

Henry

Henry

saF

4.897
1.492
0.596
0.596
0.373
0.298
0.248
0.186
0.1498
0.0498
0.01498

2.216
0.663
0.265
0.265
0.1658
0.1326
0.1105
0.0825
0.0633
0.0223
0.0066

8.850
2.650

C,

1.060
1.060
0.663
0.530
0.441
0.331

0.265
0.0885
0.0265

Fig. 7-78. Values for Question 7.78.

The coils should be of toroidal design with the maximum Q at the cutoff
frequency. Because this filter operates

given in Fig. 7-78 are to be used with
the configurations shown in Fig. 7-56.
The value of m is equal to 0.6.

in a frequency band near frequencies
which can produce hum and noise, the
wiring should be well shielded and the
whole unit enclosed in a metal case.
The use of toroidal coils will reduce
hum pickup to a minimum. The configuration should be grounded to pre-

7.79 What are the configuration
and circuit constants for a variable high-

vent leakage. The frequency characteristic of this filter is shown in Fig. 7-79B.

pass filter suitable for rerccording purposes? -The configuration and circuit
constants for a 600 -ohm unbalanced

-In modern high-fidelity sound reproducing systems, the loudspeaker is de-

What are the circuit values for
the more commonly used shunt m -derived high-pass filters? -The values
7.78

7.80

What is a crossover network?

signed to cover a wide range of freFreq.

L,

Hz

Henry

30
100
250
400
500

600
800
1000
3000
10,000

3.186
0.954
0.382
0.238
0.191
0.159
0.119
0.095
0.032
0.0095

C,

C,

/..LF

AF
12.720
3.822
1.530
0.954
0.762
0.636
0.477
0.382
0.127
0.038

5.639
1.694
0.678
0.422
0.337
0.281
0.211

0.169
0.056
0.017

Fig. 7-77. Values for Question 7.77.

quencies, generally 30 to 15.000 Hz or
more. To obtain satisfactory operation

over this wide range requires the use
of two or more loudspeakers, each operating in a given frequency range, as
it is not practical to attempt to obtain

this wide range with a single loudspeaker.

When two or more loudspeakers are
used in combination, the frequency

spectrum is divided into bands and con-

trolled by a crossover or frequency dividing network composed of two or
more filters. As a rule, they are a high-
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,
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IF-,

1775E

17711E
150117

256a 5

159 H

4

1771

33411

135115

0

120/15

600 A

43611

030/11

8

SO Hz

5901

I

25611 5

A

354

4

199M g

396H

23911 (?,

436/1

2961

.598H

600 A

C

jGNO.

COILS 2% MAXIMUM TO. AT RESONANT FREQUENCY.
CAPACITORS 3%

Fig. 7-79A. A variable high-pass filter for rerecording.
high -frequency ranges. The result is a
smooth transition over the complete
range of the three speaker units.
The sole purpose of a crossover network is to limit the operating range of
a given speaker unit. The network cannot be used to correct for deficiencies
in the amplifier system, speaker units,

pass and a low-pass filter. The lowpass filter limits the high -frequency
response of the low -frequency speakers

and the high-pass filter limits the low frequency response of the high -frequency speakers.

A three-way network consisLs of a
low-pass, bandpass, and high-pass filter

section. The low- and high -frequency
sections function as for a two-way system. The bandpass section limits the
frequency response for the midrange
speaker unit, permitting it to extend

or enclosure. One of the most impor-

portion of the low- and

units; this could result in a considerable

only into

a

tant conditions imposed on the network
is that it must not induce an appreciable amount of loss (insertion loss) be-

tween the amplifier and the speaker

...

IN!

+

Aid

:1611,111i

r
III
:a L.
E

30

..I

ii

1

III i

4j

351

5

15°N8

1101

III

11111

14

4Out 60Ht

00H/

200111

4001060e01/

I AIM

2111

4 kHz 6101/

10101:

HERTZ

Fig. 7-798. Frequency characteristics of the variable high-pass filter shown in
Fig. 7-79A.

WAVE FILTERS

343

Fig. 7-80. A 400 -Hz speaker -crossover network.

loss of power particularly with amplifiers of 50 -watts power or more. (See

thereafter.. The 6 and 18 dB per octave
filters fall off correspondingly.
7.82 What arc the advantages of a
parallel crossover network over a series

Question 7.84.)
7.81
What is the frequency response

type)-The selection of the configura-

of a typical crossover network?-A typical frequency response for a crossover
network comprised of a low-pass and
a high-pass filter is shown in Fig. 7-81.
The curves are ideal curves for three
different rates of cutoff. The point
where the curves cross over is called
the crossover frequency.
The characteristics above and below

tion for

a crossover network is not
critical; either the series or parallel

network may be used. However, the
parallel configuration does offer slightly

better characteristics in the transmission and attenuation bands. Series configurations are used only with two-way
speaker systems. Most commercial units

the crossover frequency drop off ap-

employ the parallel configurations because the component values are the
same for each filter; thus, manufactur-

proximately 6, 12. or 18 dB per octave,

depending on the design of the network. In practice, because of the dissipative losses in the circuit elements,

ing costs are reduced. Theoretically the
constant -k, constant -resistance network

reflects a constant resistance back to
the amplifier output. Since a speaker

the first octave for the 12 dB per octave

filter falls off about 10 dB and 12 dB
2

3

5 6 7 69

4

2

5

5

6

8 9

1

CROSSOVER
FREQUENCY
LOW-PASS
SECTION

0
-

HIGH PASS

LOW -FRED

5
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1. 43p
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Fig. 7-81. Typical frequency characteristic for ideal 6, 12, and 18 dB per octave
crossover networks.
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unit does not reflect a constant resistive load, the amplifier does not sec a

with the midrange or high -frequency

constant resistance. This disadvantage
is somewhat compensated for by the use
of negative feedback in the amplifier

which may be cut in or out of the circuit by a switch. The capacitors are
connected in parallel with the resistor.

circuitry. The only time an amplifier

The switch permits the user to select a

sees a purely resistive load is when the
network is terminated, on the speaker

capacitor that will increase the high -

speaker unit, and a group of capacitors

side, in the pure resistance. In a two section constant -resistance network, the
frequency response is complementary,

and the sum of the power delivered to
the output section is constant for a constant input voltage at the input of the
network. When the output sections are
terminated in a resistive load, the input
impedance presented to the amplifier is
constant throughout the entire frequency range. The frequency response
of the filter sections in the passband is
uniform, with constant phase -difference

at the output of the high and low -frequency sections. (See Fig. 7-82.)
7.83 Are equalisers ever included in
a crossover networkl-Yes, some manufacturers Include a simple high -fre-

quency equalizer in the network to increase the response of the midrange
and high -frequency units. This equalizer, though included with the network,
is an added feature and is not a part of
the network proper. The equalizer generally consists of a resistor in series

frequency response to suit his local
acoustic conditions.
7.84 What causes insertion loss and
what is the average loss for a crossover
network?-The insertion loss of any
network is caused by the dc resistance

of the coils, and the shunt and series
reactance of the circuit elements. As a
rule. the insertion loss of a crossover
network due to circuit elements is approximately 0.5 dB and is exclusive of
the crossover -frequency loss which

Insertion losses up to 1 dB are not
too important if the amplifier power
output is not greater than 20 watts.
However, if the amplifier system is
greater than 20 watts, the insertion loss
becomes important, especially in commercial installations where 100 watts
or more may be used. As an example,

for an insertion loss of 0.5 dB at 50
watts, the power dissipated by the network is approximately 6 watts, and for
a 100 -watt system the loss is more than
10 watts (measured by using a steady
L2

LOW

FREQUENCY
SPEAKER

R,

-CRe

L

R

a.

HIGH

Ro
C2

(a) Series type, 6 dB per octave.
LI

Ra
C

0

SPEAKER

Re

LOW

FREOUENCY
SPEAKER

2

HIGH
FREOUENCY

FREOUENCY Re
SPEAKER

(b) Series type, 12 dB per octave.

LOW

FREOUENCY

LOW

Ro

0.

z

SPEAKER

R

o

FREQUENCY Re
SPEAKER

0I
C1

HIGH

FREQUENCY
SPEAKER

HIGH
Re

FREQUENCY
SPEAKER

(c) Parallel type, 6 dB per octave.

C

LIL.Jo

HENRY

c

FARAD

L2.

HENRY

C 3. -TT

FARAD

L3.

LI HENRY

L'Jc Ro

C,

no

(d) Parallel type, 12 dB per octave.

FARAD

I

is

3 dB.

We 27rfc
Re SPEAKER IMPECANCE
fc . CROSSOVER FREQ.

Fig. 7.82. Constant -k constant -resistance, crossover networks and design cessations.
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input voltage in the passband). To obtain a low insertion loss, the coils must

choice of crossover frequency is dictated by the frequency response of the
speaker units. Typical crossover fre-

have a low dc resistance, and the capac-

itors must have a low power factor.

quencies for low -frequency sections are
400, 450, and 600 Hz, with 3000 and 5000

Special

nonpolarized electrolytic and
paper capacitors are available for crossover network construction. Conven-

Hz for the high -frequency
Ideal

tional nonpolarized electrolytic capacitors should not be used because of their

crossover

sections.
are

characteristics

signal voltage must never exceed the dc

shown in Fig. 7-85 for both two-way
and three-way systems. The crossover
frequency must become effective before
the response of a given speaker unit
falls off, and the movement of the diaphragm becomes nonlinear. Low -frequency speakers designed for multiple
speaker systems seldom have much response above 1500 to 2000 Hz. The frequency response of the midirequency

working voltage ratings.

speakers must be restricted to those

7.85
What factors dictate the crossover frequency of a network?-The

frequencies where the wavelengths are

power factor and leakage. The characteristics for capacitors manufactured
especially for crossover -network use

are given in Figs. 7-84A and B with
standard ratings given in Fig. 7-84C.
Capacity tolerances are plus or minus
20 percent of the rated value. The peak

such that the excursion of the dia-

600
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Fig. 7-84A. Impedance versus frequency characteristics of capacitors made for crossover networks. (Courtesy, Sprague Electric Co.)
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Fig. 7-848. Phase angle as a function of frequency of crossover -network capacitors.
(Courtesy, Sprague Electric Co.)
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JH
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1H
.1K
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Fig. 7-84C. Standard ratings of capacitors designed for loudspeaker crossover networks. (Courtesy, Sprague Electric Co.)

phrngm will not exceed the diaphragm
displacement

recommended

by

the

manufacturer.

Networks employing a 6 dB per octave cutoff do not as a rule provide a
rapid enough cutoff. The network roll off should be at a frequency high or low
enough to protect the midrange and
high -frequency units from damage. The
low -frequency unit must be capable of
handling at least one octane above the
crossover frequency, and the bigh-fre-

quency unit one octave below the
crossover frequency, at the full power
of the driving amplifier. The use of a
12 dB per octave cutoff rate will greatly
assist in overcoming this difficulty, and

offers greater protection to the midrange and high -frequency units. For a
two-way system, a crossover frequency
above 600 Hz should be avoided, as most

of the peak power is concentrated below 500 Hz. The use of a 3.50- to 400 -Hz

crossover results in equal division of
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Fig.

7-85. Frequency response for two-way and three-way crossover filter networks.

the total peak power between the low and high -frequency speaker units. For
a three-way system 400 to 500 Hz for
the low -frequency crossover and 5000
Hz for the high -frequency end seems a
good compromise.
7.86 What is the power loss at the
crossover Iraquency?-In a well -de-

signed network, 3 dB, exclusive of the
insertion loss. At the crossover fre-

quency the power applied to the high and low -frequency speakers is divided
equally. Limiting the low -frequency response of the high -frequency speakers

prevents damage to the diaphragm.
Above the frequency of the crossover
point, the movement of the high -frequency speaker diaphragm is only a
few thousandths of an inch, while the
low -frequency speaker diaphragm may
be moving up to le of an inch.
Although a 3 -dB loss occurs at the
crossover frequency, this is not par-

input impedance of the filter is constant throughout the whole frequency
range. The frequency response of the
filters in the passband is uniform, with
a constant phase difference at the outputs. Constant -resistance filters may be
designed for either series or parallel
operation.
7.88 Is there any advantage in increasing the cutoff -frequency rate beyond 18 dB per octave?-No, 18 dB is

the maximum rate used in practice, as
the improvement does not offset the
additional power losses. Most crossover

networks employ a 12 dB per octave
cutoff rate.
7.89 What is the advantage al an
m -derived crossover network compared
to a constant -k type?-Constant-k net-

works are limited to a maximum cutoff
rate of 12 dB per octave, while the rn-

ticularly noticeable to the ear and is

derived network eau provide a 12 dB
greater rate of cutoff. An additional
advantage of the rn-derived filter is

generally within the overall frequency
limits of the speaker system.

that the impedance or attenuation characteristics can be closely controlled by

What is a constant -resistance

the designer. For most audio filter

network?-A network that will reflect

7.78

resistive load. Loud-

work, m equals 0.6; the same holds true
for crossover networks. Configurations
for both 12 and 18 d13 per octave, series
and parallel types arc given in Fig. 7-89.

speakers do not reflect a constant
impedance; therefore, the amplifier does

7.90 What type coil is used in
crossover networks?-Air-core coils are

not see a constant resistance. This disadvantage may be somewhat compensated for by the use of negative feedback in the amplifier.
In a constant -resistance type net-

used. Because this coils used in crossover networks arc of only a few milli henries inductance, they may be wound
with number 10 and number 18 gauge
wire on an air core. The winding may
be on a wooden core and scrambled -

a constant resistance to the output circuit of the driving amplifier when

terminated in

a

work, the frequency response of the
two filter sections is complementary.
The sum of the power delivered to the
output circuits of the filters is constant

for a constant

input voltage. When

terminated in a pure resistive load, the

wound.
7.91

What type capacitor is used
Paper dielectric

in crossover networks?

or special nonpolarized electrolytic capacitors, as discussed in Question 7.84.
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L,
LOW

LOW

FREQUENCY Ro
SPEAKER

FREQUENCY Ro
SPEAKER

Ro

C2

C3

-

HIGH

HIGH
FREQUENCY
SPEAKER

FREQUENCY Ro
SPEAKER

L3

(a) Parallel type, 18 dB per octave.

Ro

(b) Parallel type, 12 dB per octave.

La
LOW

LOW

"w Es

C3

Cy

FREQUENCY

Rt.

SPEAKER

SPEAKER
c

HIGH
FREQUENCY

Ls

FREOUENCY

O.

Ly

Rc

Ra

SPEAKER

(c) Series type, 18 dB per octave.
CI.

an

FARAD

L.), Pa

(d) Series type, 12 dB per octave.

Li.(14.ffo--- HENRY

c2.(74,70)(.. -7k FARAD 12. (2- HENRY

Ln 2[..)

3-ILk FARAD
ao

2Rc

L.), 21T1c

HENRY

Rc SPEAKER IMPEDANCE

HENRY

lo CFOSSOVER FRED

c4. 2---1-(400 FARAD

La.

Cy .(Im)i.4--:Ic FARAD

= ,-HENRY
Lyk'r"2,
Ro

m 0.6

Fig. 7-89. Conventional m -derived crossover networks and design equations.
7.92

Are

in

former having an 8 -ohm and a 16 -ohm

cros 00000 networksl-No. Iron -core inductances induce distortion because of
saturation. Also, their cost is considerably higher than air -core types.

winding. If the output transformer in
a particular amplifier has only one
winding, a matching transformer may
be used to supply the desired imped-

7.93

coils

iron -core

used

Con a crossover network he de-

signed to operate with speakers of unequal impedancet-Yes, by the use of
the circuit in rig. 7-93 and by using the
design data given in the following
equations:

=

CI

Cs=

wr

ances.

7.90 Show the dill
methods of
connecting loudspeakers to the output of
crossover networks.-In Fig. 7-94 part

(a), an 8 -ohm network is shown connected to two 16 -ohm low -frequency
speakers in parallel. The two 16 -ohm
speakers reflect an 8 -ohm load imped-

the network. The high -fre-

ance to

VTRil
w.

quency speaker unit has an impedance
FB

I

V' Rim,
Rim,
1

Vitt R4aW

where,

is the impedance of the low -fre-

quency speaker,
111,

is the impedance of the high -fre-

quency speaker,
te. is 2ir times the frequency of cutoff.

The circuit elements are connected in
the output of a normal output trans -

Fig. 7-93. Crossover network for loudspeakers of unequal

impedance.
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LOW-EREO
SPEAKERS

CROSSOVER

NETWORK
i6
HIGH-FREO
SPEAKER

(a) Two 16 -ohm low -frequency speakers matched to 8 -ohm network and one 16 -

ohm high -frequency speaker matched to 8 -ohm network.

K

3211

LOwFREO
16

ft

SPEAKERS

CROSSOVER
NETWORK

an
HIGH -F RE

SPEAKER

(b) Two 32 -ohm low -frequency speakers matched to I6 -ohm network and one

8-

ohm high -frequency speaker matched to I6 -ohm network.
6)4

an
16n

LOW -F RE°
SPEAKERS

CROSSOVER
NETWORK

an
HIGH -FRED
SPEAKER

16)84

(r) Two 8 -ohm low -frequency speakers snatched to 16 -ohm network and one 8 ohm high -frequency speaker snatched to 16 -ohm network.
Fiq. 7-94. Various methods that ore used for matching the speaker impedance to the
network impedance.

of 16 ohms and is connected to the out-

ever possible, the network should be

the network by means of an
autotransformer to match the 8 -ohm

designed for a given impedance, and the

put of

output to the 16 -ohm speaker.
Two 32 -ohm low -frequency speakers

speaker units selected for that impedance. Transformers are quite expensive
and induce a power loss, particularly
frequency

response below

connected in parallel to the output of

for

a 16 -ohm network, appear in Fig. 7-49
part (b). The high -frequency unit has
an impedance of 8 ohms, therefore an
8 -ohm resistor is connected in series

recommended for matching the voice coil impedance to a crossover network?

with the speaker unit to increase the
load impedance to 16 ohms. It should
be pointed out that the use of a resistor
is not recommended unless the high frequency

unit has high sensitivity,

since half of the power is dissipated in
the resistor. Because of the loss in-

curred with a resistor and the higher
power required to drive low -frequency
speaker units, resistors should not be
used with low -frequency units.
A third method of impedance matching is shown in Fig. 7-94 part (c). Here,
two 8 -ohm low -frequency units are
matched to a 16 -ohm network by means
of a transformer having an impedance
ratio of 4:16. The 8 -ohm high -frequency unit is matched to the network
with an 8:16 -ohm transformer. When-

good
50 Hz
7.95

Why

is

an

autotronsformer

-Because it has less insertion loss and
is less expensive.
for

7.96 What are the circuit -constants
crossover networks?-The circuit

constants for constant -k and m -derived
crossover networks, both series and
parallel configuration, are given in Figs
7-96A and B. The constants for the de-

sired network and frequency are selected from the tables, and then converted from an impedance of 10 ohms

to the required Impedance. No fnrther
calculations are required. (See Question
7.62.)

7.97 How ore the network constants
shown in Fig. 7-96A and B converted to
other impedances and frequencies? -The

impedance may be changed by use of
the equations given In Question 7.62,

6.44
5.62

5.00 24.50
4.08

3.74

3.20

3.46

3.00

1.50
2.82

1.41

1.19
2.38

1.25

2.50

1.32
2.64

5.31

7.96

14

9.95

6.63

4.98

15.92

10.62

3.32

3.98

2.65

5.31

8.49

12.74

3.18

6.37

7.69

3.98

10.19

12.74

6.37
1.99

1.77

7.08

221

1.99
7.96

2.49

9.09

2.84

1.59

3.18

2.27

5.10

3.54

3.98

5.66

6.37

7.28

4.55

1.81

5.79

1.45

2.89

4.63

1.17

124
1.66

1.42

1.33

3.98
1.53

3.75

0.995
1.06

425
4.55

122 1.14
4.90

5.31

1.33

0.937

1.87

1.99

2.12
2.27

2.65 2.45

3.00

3.18

3.40

3.64

4.25 3.92

16.76

17.69

1.11

3.54

1.05

3.35

0.838

1.68

1.77
0.884

2.55

2.68
2.83

0.995

3.18

0.796

1.59

25.46
26.82

7.96

15.91

9.95

28.30

8.38

10.47

8.84

1000

33.52 31.85

950

11.06

36.38

900

1.99

6.37

1.65

5.30

5000 6000

5.09

1.59

4.24

1.32

0.637 0.531
0.332 0.199 0.166

1.06

0.265 0.159 0.133

0.531 0.318 0.265

0.849 0.510 0.425

8.49

2.65

520 3.18 2.65

3.32

10.61

3000

2.24 0.750 0.450 0.374

1.12 0.375 0.225 0.187

Fig. 7-96B. Component values for m -derived loudspeaker crossover networks shown in Fig. 7-89.

Inductance in millihenries. Capacitance in microfarads. m = 0.6.
R. = 10 ohms.

14

31.85 21.23

10.61

L.

16.98

25.46

15.91

Ls

26.54 22.74 19.90 17.69 15.92 14.47 13.27 12.24 11.37 10.61

9.37

39.81

254.64 169.84 127.39 101.90

53.07

79.62

49.76 39.81

30.00

750

9.95

700

84.93 72.78 63.69 56.61 50.96 46.32 42.46 39.18 36.38 33.97 31.84

650

31.84

66.34

159.15 106.15

79.57

600

18.75

550

53.08 45.49 39.81 35.38 31.85 28.95 26.54 24.49 22.74 21.23 19.90

500

63.69

450

11.72

400

37.50

350

33.17 28.43 24.88 22.11 19.91 18.09 16.59 15.31 14.21 1327 12.44

300

212.30 159.24 12738 106.16 90.98 79.62 70.76 63.70 57.90 53.08 48.98 45.48 42.46 3920

250

850

200

800

150

1..,

C,

C,

C.

99.47

318.5

C,

C.

100

f.=

1.87

3.75

2.85

6000

1.59 0.531 0.318 0.265

Inductance in millihenries. Capacitance In microfarads. R. = 10 ohms.
P values for constant -k loudspeaker crossover networks shown in Fig. 7-82.
Fig. 7-96A. Comp
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1126
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3.75
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5000

3000
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1000

6.37

950
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900

7.96

850

7.50

800

10.61

750

11.25

700

15.91
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L,

600
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550
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56.29 45.03 37.52 32.16 28.14 25.01 22.51 20.46 18.76 17.31 16.07 15.01 14.07 13.25 12.50 11.84 11.25 3.75
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11252 75.05
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22.74 21.23 19.90 18.75 17.69 16.76 15.91 5.30
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while the frequency may be changed by
use of those given in Question 7.63.
7.98 Show the configurations for
three- and five -way crossover networks.
-The three-way crossover network

two crossover frequencies are established at a point 3 dB down from the
fiat portion of the characteristic. A
three-way constant -k, 16 -ohm, 12 dB
per octave network is shown in Fig.
7-98B, with its frequency response
shown in Fig. 7-98C. Components C..
and
constitute a low-pass fiber with
a cutoff frequency of 450 Hz.
The midrange section is a bandposs
filter, consisting of a simple 450 Hz

differs from the two-way network, only
in the addition of the midrange (bandpass filter) circuit elements. The configuration for the design of a three-way

constant -k network, using 6 dB per
octave rolloff is given in Fig. 7-98A, and
is basically the same as Fig. 7-82C, except for the addition of C,. and
The
circuit element values are calculated by
using the equations below the diagram.
Analyzing the frequency -response curve
above the filter sections reveals that

high-pass section, and a 5000 -Hz lowpass filter. Circuit element C4.4 and
form a high-pass filter, and L. and
form a low-pass filter. These two sections together form a handpass section.
Comparing the low-pass section and the
high-pass section of the banclpass filter,
it will be observed that both curves arc
down 3 dB from the flat portion of their
response curve, and the crossover fre-

350Hz

-sae C

quency is 450 Hz. The output portion
of the midrange filter L.. and C.c at the
lower portion of the configuration form
a 5000 -Hz high-pass filter. Comparing
the frequency response of the two sections, a crossover frequency of 5000 Hz
has been established.

R0NErstoRK lizPEDANCE

The design procedure is to first calculate the value of the low-pass section
La and C.'. Circuit elements L24 and C44
must also cross over at 450 Hz, but in an
inverse manner; therefore, their values
are equal to L, and C,. The output portion of the midrange forms a low-pass

sc CROSSOvEri FREQUENCY

filter with a cutoff of 5000 Hz; these

Li.L1A 2 Tt
-111-

values

Co Cu.

are calculated for that frequency. Circuit elements Cir and 1.,c
form a high-pass filter (5000 Hz) with

2171c510

Fig. 7-96A. A constant -k, three-way 6
dB

the same values as CA and 104, but inversely connected. When the frequency

per octave crossover network.
450142

:i;1117:",
LF
SPEAKER
611 450Hz

INPUT
1611

g

450Ht.

5 kHz

L38

L3'11.0mH
C3 7. 15.6uF

C

-3d13

C3A :15.60
L33: tic/mH

MIDRANGE
SPEAKER

L3820.72o01

ign 450/5 kHz cm, 4",F

-o
C

55Hz

C3c.

-3dC3c

L3cz 0.72 mH
13C

HIGH -FREQUENCY
SPEAKER

160 5/15 kHz

Fig. 7-98B. Three-way, 12 dB per octave, 16 -ohm crossover network.
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Fig. 7-98C. Frequency responic for ncfvro Ic of Fig. 7.988.
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SPEAKER
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Fig. 7-98D Five -way, constonl-k crossover network.
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3
ma
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7-98E. Frequency response for network of Fig. 7 98D.
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response of the two are compared, a
crossover of 5000 Hz is created. The cir-

cuit element values of Fig. 7-98B may
be converted to an rn-derived network
by the use of the equations:
14. Ian = (1 +

m)(1)
henry
d.

L.., Lar = (11) henry
dr

CU, C7r

(i±rn) (A) farad
l

Ci.=

farad

where,
m equals 0.6,
ca equals 2n fc;
ft. is the circuit impedance.

Actually there is little difference in the
design of four- or five -way networks,
except for the crossover frequencies. A
typical five -way network is given in
Fig. 7-98D, with its frequency response
shown in Fig. 7-98E. The circuit cle-

7.99 Con a crossover network be designed for 250- or 600 -ohms impedance?
-Yes, many theater installations use
250- or 600 -ohm crossover networks

because of the long transmission line
between the amplifier system and the
stage speakers. Autotransformers are
used at the speaker end to convert the
high impedance down to the voice -coil
impedance.

Hy using a high -impedance transmission line, the voltage is high and
the current low; thus, the power losses
that would be encountered using a low

impedance line are avoided. The configuration for a 250 -ohm crossover network used in motion picture theater installations is given in Fig. 7-99.
7.100 What is a rumble filter?-A
filter used in a record -reproducing
sound system for removing rumble

created by the turntable mechanism.
Generally, these filters, because of their
very low frequency characteristics, are

ment values are calculated as for the
three-way network (Fig. 7-98B) with

composed of only capacitance and resistance, and arc connected in the pre-

additional high-pass sections. It will be
observed the fifth section (10,000 Hz)
consists of a single capacitor connected
in series with the second high speaker

amplifier stages of the amplifier system.

unit. As this latter unit is confined to

former to prevent radio and line noises
from entering the power snpply circuits
and causing noise in amplifier systems.

frequencies of slightly less than 10,000

Hz and above, a more elaborate network is not required. The frequency response for each section of the network
is plotted above each configuration. The

values of the series capacitor may be
calculated:
C

79 600
'

f x R.

where,
79,600 is a constant,

f is the cutoff frequency,
R. is the speaker impedance.

7.101

What is a line -noise suppres-

sion lifted-A filter used in the power
line at the primary of a power trans-

A typical circuit for such a filter

Is

shown in Fig. 7-101.

Filters of this natnre may be used in
either ac or de lines. The coils are air
core and wound with quite large wire
capable of carrying the full current load

of the equipment. The capacitors are
either paper or oil insulated.

(See

Question 24.71.)
7.102 What method is used by the

motion picture industry to identify the

en

e n

Fig. 7-99. Configuration for 12 de per octave crossover network used in motion
picture theater sound installations. Autotransformers ore used at the speaker end to
match the low impedance of the speaker voice coils. The network is mounted at the
speakers on the stage.
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improvement of the input impedance
characteristic can he obtained by using

LOW FREO HIGH FRED
CHOKES

CHOKES

the value of 045 for m. The improvement being small, little is gained by
making this change.

LINE

0504.

LOAC

Fig. 7.101. Configuration for a linenoisc
suppression filter.
frequency characteristics of wove filters?

-The method recommended by the
Motion Picture Research Council for
marking the nameplate of filters is as
follows:

Two frequencies which arc

down 3 and 10 dB with reference to
1000 Hz are stated. As an example:
A high-pass filter designated 50-111-42

would indicate that the frequency response at 50 Hz is down 3 dB and at
42 Hz IC dB. A second example: An
80 Hz, high-pass filter is designated
90-H1-78. This would indicate that 90
Hz is down 3 dB and 78 d13 is down 10

dB. The configuration and impedance

As a rule, the designer of a crossover
network finds little interest in the
phase -shift characteristics; however.

the following information is approximately correct. For the m -derived networks of Figs. 7-89A and C, the phase
shift at the crossover is approximately
321". For the networks of Figs. 7-89B
and C approximately 221'. The phase
shift at crossover for constant -k networks in Figs. 7-82A and Cis approximately 90', and for Figs. 7-82B and D
it is approximately 180'.
7.104 What are the circuit element
constants for a 6 -kHz, 8 -kHz, and 10 kHz, 600 -ohm low-pass filter having
sharp cutoff characteristics? -Three

low-pass filters that may be used for
recording purposes are given in Fig.
7-104.
28 I NM

1111.5mH

0------1500-N-.-erjap.-..--0
0466

are also stated.
SOO A

.035

600.9

T

T.023.
0

(a) 6000 Hz.
-6

211 HA

24 4 mn
0102

47 45 50

Fig. 7-102. The frequency characteristics
of a 45 -Hz high-pass filter designated

600 9

0258

0

0

(b) 8000 Hz.

50-H1-42.

162 /9.1

7.103 What arc the impedance and
phase -shift characteristics for constant -k

and m -derived crossover networks?-ln
general, the impedance characteristics
of a corresponding series or parallel
networks are inverse to each other, and

vary from one to the other. If a network is terminated at the output in R
ohms, the impedance at the input is the
same. However, since the voice coil
does not present a constant load impedance, this does not hold true. This
effect is somewhat offset by the isolating effect of the intervening filter sec-

tions, particularly for the networks in
Figs. 7-89A and C. For the m -derived
networks in Figs. 7-898 and D, a slight

600.w
0193

K3 2 rnm

0094
6130H

600H

020e

0146

T0313

T
(c) 10.000 Hz.
Fig. 7-104. Three 600 -ohm low-pass Oil
tern suitable for recording purposes.
7.105
What are the circuit element
constants for a 45 Hz and 80 Hz, 600 ohm high-pass filter?-Three high-pass
filters suitable for recording purposes
are shown in Fig. 7-105. The configuration shown at (c) has the sharpest cutoff characteristics.
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466

1 66

INF

VF

An optical filter may be likened to
an electrical filter. A red optical filter
appears red to the eye because it ab-

sorbs green and blue light rays, but
2

HE N

600n

7.107

0

(a)

80

passes red light freely. Such filters are
made of glass and gelatin
Give o schematic diagram for a

20,000 -Hs low-pass filter for eliminating
the high -frequency bias current in the
output when making frequency -response
measurements on a magnetic recorder.-

Hz -600 ohm.

When making frequency -response measurements on a magnetic recorder using

the playback circuit, the bias current

600A

will often affect the frequency -response

measurement. To eliminate this effect,
a 20,000 Ilz low-pass filter is connected

in the output of the playback circuit

(b) 45 Hz -600 ohm

which eliminates the effect of the bias
current. Such a filter is shown in Fig.
7-107A, with

its

frequency -response

curve shown in Fig. 7-107S. The filter
configuration is designed for 550 ohms
which will permit it to be operated in
either a 500- or 600 -ohm circuit. If a
vacuum -tube voltmeter is used at the
O. 20

(c) 80 H:-250 ohm.
Fig. 7-105. High-pass filters

0.500

c 100

that ore

suitable for recording.
550+

7.106

What is

a ...rotten filtort-

An optical filter used for filtering a

given band of light. They are used in
film recorder optical systems when recording directly on color film (direct
positive) and are also extensively used

0-

Fig. 7.107A. A 20 -kHz low-pass filter
for

removing

the high -frequency

bias

current in the output of a magnetic tape
recorder

in photography.

when making frequency -response measurements.

0
5

- 10
Is

20
°°

U
,

25

30
55

it

40
45
50
55

200222

NW!

2144r

01042

201u11

100 6/tt

F REM* WV IN HER T 2

Fig. 7-10713. Frequency response of 20 -kHz low-pass filter shown in Fig. 7-107A.
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5000

aco

coo n

extensively in the laboratory and in
sound recording systems. A variable filter panel, incorporating a high-pass and
low-pass section, is shown in Fig.
7-109A.

0

The two filter

sections

arc

completely isolated from each other, but
may be connected in tandem by strap-

0

Fig. 7-107C. Low-pass filter for eliminating the effects of bias current when
making measurements on magnetic recorders.

ping the binding posts on the front of
the panel. An octave bandswitch associated with each filter section, permits
the cutoff frequency to be changed in
octave steps, in conjunction with a mul-

output of the filter, the filter must he

tiplier dial for tuning the cutoff fre-

terminated in either 500 or 600 ohms.
If not, the filter frequency characteristics may be altered and the frequency

quency over a range of one octave. The

multiplication factor read on the dial
multiplied by the octave band setting

response of the recorder under test may

indicates the frequency, and when used

be affected. A second filter configuration, having similar characteristics to

with the tables at the upper portion of

that in Fig. 7-107A, is shown In Fig.

As an example, setting of the octave

7-107C.

bandswitch to 300 Hz and the multiplier

the front panel requires no calculations.

What is on electronic cross-

to 1.8, results in a cutoff frequency of

over networkl-An amplifier with vari-

540 Hz. The cutoff frequency is defined
as the frequency attenuated 3 dB down
from the maxiinum insertion loss.
By connecting the higb-pass and
low-pass sections in tandem, the device
becomes n bandpass filter, without increasing the insertion loss which is so
common to most bandpass filters with a
bandwidth of !! octave. Setting the
high- and low -frequency sections to the

7.108

able RC circuits which are used to control the frequency of crossover, in a
multiple loudspeaker system. Electronic
crossover networks are connected after
the preamplifier stage and feed two
power amplifiers, one for the high -

frequency speakers and one for the
low -frequency speakers.
Electronic crossover networks are
discussed in Section 20.
7.109 Describe the construction of

a variable filter pond. --Variable filter
panels are quite handy in making measurements on almost any type of elec-

tronic equipment, and they are used

same frequencies narrows the bandwidth to
octave. Using an external
10 -dB pad connected to the binding
posts between the high- and low-frequency cutoffs will reduce the passband
to approximately
octave.

Fig. 7-109A. Model 2AR variable LC filter panel manufactured by the Allison Lab.
oratories, Inc.
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Fig. 7-1098. Frequency response for Allison

Laboratories Model 2AR variable

filter panel.

The normal rate of cutoff for both
30 dB per octave, when
properly terminated with an input and
output impedance of 600 ohms. Mea-

7.710 Describe the basic configurations for double -m and double-rn prime

surements down to minus 120 dB below

vide an impedance match over about 85

volt arc possible, without interfer-

percent of the passband, such a match
may not be sufficient for certain filter
applications. With further modification
of the m -derived equations, it is possi-

sections is

1

ence. The frequency response for bandpass operation below 1000 Hz is shown
in Fig. 7-109B.

Variable filters are used extensively
in rerecording sound tracks for the removal of unwanted sounds above and
below the dialogue range. They are also
used for creating narrow band response
to simulate a telephone, dictating machine, radio, or an intercommunicating
system A variable sound -effects filter
panel of this type is shown in Fig.
7-109C, with its many frequency characteristics shown in Fig. 7-109D. Two
switches are provided for cutting the
filter panel in and out of the circuit and
for operating as a high-pass, low-pass
or bandpass filter. The insertion loss is

filter sections.-Although a m -derived

filter section can be designed to pro-

ble to develop other m -derived sections

from existing m -derived sections, or
from their prototype, the constant -k
section. Such sections arc termed mm'
and ntm" filters, and can be designed to
have a more constant impedance in the
passband than that which can be obtained with the conventional m -derived
section. Double m -derived sections provide an impedance match within 2 per-

cent over 96 percent of the passband.
However, their attenuation characteristics

remain the same as for the m -

derived section of a similar design.
Typical examples of the double -m or

less than 0.25 d13. The coils are toroidal
wound to eliminate stray magnetic

mm' filters are shown in Fig. 7-110. The
design procedure is somewhat similar to

fields. The filter configurations are of
the constant -k type. For sound effects,
the cutoff rate is generally not less than
12 dB per octave, and not more than
18 dB per octave.

that of the m -derived. First the filter

YORAM Miff

is designed as a constant -k section, then
the circuit elements are modified, using

the factors given in the diagram. The
filter sections shown are termed termi-

-2=-

Fig. 7-109C. Model 6517-E variable sound -effects filter panel manufactured by
Cinema Engineering Co. Frequency range, 70 Hi to 10,000 Hz.
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(5) Used as a high-pass biter.
Fig. 7-109D. Frequency -response characteristics for Cinema Engineering Co., Model
6517E sound -effects filter panel.

nal sections and arc used as end sections. These sections may be used with
other m -derived and constant -k sections, provided the image impedance
match is satisfied between the sections.
The mm' -derived filters have been included to show only the basic conception of design. The reader is referred
to the references.
7.111 What ore the design characteristics for filters to be operated in parallel or series?-Wave filters to be op-

erated in either series or parallel require special treatment, because the
impedances are joined to a common
source impedance. Since filter impedances vary with frequency in the stop
band, both the parallel impedance and
the

insertion loss are affected. The
loudspeaker crossover networks of Fig.

7-111 are typical examples of parallel
and series filter combinations

For parallel operation, the low- and
high-pass sections must employ T -type

intermediate sections with an L -type
input half -section, designed for m equal

to 0.6. With equal load impedances at

the output terminals of each filter,

a

normal impedance match is achieved by

omitting the shunt impedance (2, and
Z.) at the input of each filter section.
For series operation the filter sections
are designed using pi intermediate sections, with pi input half -sections. Again
using a value of m equals 0.6. and using

equal termination impedances at the
output, a normal impedance match is
obtained by omitting the series impedance at the input of each filter section.
When low- and high-pass sections
are connected in parallel, the circuit
elements of the high-pass filter replace
the shunt inductance and capacitance
of the low-pass filter of the passband.
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3615 LIK

ZIP( (wool

LOAD SIDE

R.

HIGH-oess SECTION

LIN. nip

a) PaTaltel-connected.

(a) Series -derived, low-pass terminal

LOW-PASS SECTION

section.

2-11

.511011K

LOAD SIDE

Z25 Inwni
23 35C2K

Z2IC

72504 -is
22

36tSC2K

I

.1646O2N

.1494C25

HIGH -P&SS SECTION

(b) Series -connected.

0

C21(

Fig. 7-111. Filters connected in parallel

rt.%

and series.

(b) Shunt -derived, low-pass terminal
The circuit elements of the low-pass

section.

filter replace the inductance and capac137912K

itance of the high-pass filter

6 076CI

0---1

o

2 766C1K

2IK

6 691C15

957I2N

LOAD
SIDE
ZINOner'l

T4 282Clx
0

of the

passband. When connected in parallel,

the two filters will exhibit about the
same amount of attenuation and impedance characteristics as if the input elements Z, and Zr had not been removed.
When connected in parallel, about 12

attenuation per
expected.

dB

octave may be

In the series circuit, the procedure

1-0'244:1,

(c) Series -derived, high-pass terminal
section.
9576111

used in the parallel network is not necessary, as filters connected in series are
inverse to each other. The foregoing
design procedures are applicable in all
instances where filters are comple-

mentary: that is, where frequencies that
lie in the stop band of one filter arc in

the passband of the other.
7.112 Describe the basic principles
of a phase -shift or phase -correction net-

work.-An ideal transmission line would

be one in which the received signal
currents represent a faithful copy of
the transmitted signal-in other words,
distortionless transmission system.
For relatively short distances, the effect
of phase distortion is not appreciable;
a

C15. 41r,IR.

(d) Shunt -derived, high-pass terminal
section.

Fig. 7-110. Double m- or mm' -derived
filter sections.

however, this is not true for long-distance transmissions. Here the phase dis-

tortion can become serious enough to
impair the commercial efficiency of the
line. The correction of frequency dis-
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Fig. 7-1126. Frequency characteristics of the

tortion by the use of equalizers is not
enough because as the equalizatiou is
increased, the phase distortion is likewise increased. For high -quality trausniissions, the phase distortion must be
reduced to a negligible amount.

thing resembling the transmitted signal.

To correct for these deficiencies, filter
networks, termed phase -correction or
all -pass filters, are used. Such networks

have zero attenuation for all frequencies within their design range. They

Distortion due to frequency varia-

are used as phase -correction equalizers

tions and phase differences between the
signal at the sending and receiving ends

to induce a time delay for a given
group of frequencies.
By applying a complex waveform
consisting of many frequencies to a long

of the line gives rise to what is termed
transient effects. The signal after ar-

riving at the far end of the line re-

transmission line, each frequency will
be delayed in its transmission a different length of time, the delay time increasing with the length of the line and

quires an appreciable time, which var-

ies with frequency, to build up, and
may at times never build up to anyLr

line in Fig. 7-112A.
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Fig. 7-112C. Low- and high -frequency equalizers and o Muse -correction network.
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Fig. 7-112D. Converting T and pi networks to lattice networks.
the frequency. The actual time delay is
not important, but the relative time delay between the frequencies is important. The difference in phase between
the signal at the sending and at the re-

ceiving end of line can be expressed
in terms of time through the line:
Phase -shift
where,

yid + rtir radians

y is the time delay of the network,
si is equal to 2wf,
and n is an integer.
1R

2C2

2

For a network to have zero phase shift
y must remain constant for all fre-

quencies, or the curve of the phase
shift, as a function of frequency, must
be a straight line. When a complex
waveform is applied to a system which
has a linear phase shift, the transmitted

signal is received at the far end of the
line after a definite time delay, but all
frequencies in the waveform will he received at the same instant in the same
relationship as they were at the sending
end of the line. A time delay at the high
frequencies is more noticeable than at
the low frequencies because the human
ear depends on the higher frequencies
for definition. In the range between 5000
and 8000 H7, it has been determined
that the time -delay should not exceed
the 1000 -Hz delay time by more than
10 milliseconds. The delay at SO Hz may
be up to 75 milliseconds more than that
at 1000 Hz, without noticeable effects.
The low frequencies are delayed by the
presence

of

series

capacitance

and

shunt inductance, the delay increasing
with the value of the circuit constants.

High frequencies arc delayed by the
presence of series inductance and shunt

2c2

(a) Simple net-

(b) Complex net-

work.

work.

Fig. 7-11 2E. Phase -shift characteristics

for two different types of networks.

capacitance, the delay increasing with
the increase of these values.
The effect of phase distortion for a
transmission line 285 miles in length
and terminated in 600 ohms at each end.

is shown in Fig. 7-112A. This line, an
experimental one, was designed to have
a frequency response of plus or minus 1
dB. from 10 to 20.000 Hz. This required
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Fig. 7-112F. Configuration for an all -pose network and its design equations.
that 20.000 Hz he equalized 28 dB. with
reference to 500 Hz. After the line was
equalized (Fig. 7-11213) it was discov-

pi section, high-pass filter connected between two impedance -matching trans-

ered the high -frequency equalizer in-

and packaged in a metal box with stan-

duced phase distortion, more than twice

dard microphone connectors at each end,

as great as that of the line itself. To

for connecting directly into the microphone cable. The taps on the trans-

correct for this deficiency,

a

phase -

correction network of the design of Fig.
7-112C was connected in tandem with
the equalizer networks Time -delay
networks can not be developed using
the conventional ladder -type networks;
instead, symmetrical m -derived net-

works of the T- or pi -type are used.
Conversion of a T section and a pi section to a lattice network is shown in
Fig. 7-112D. All -pass networks are developed by the use of lattice networks,
in which the reactances Z., and ZP are
reciprocal with respect to image impedances R... This results in a passband in

which the attenuation is zero, and the
image impedance is a constant resistance (R.) for all frequencies.
The phase -shift characteristics for
two different types of networks are
given in Fig. 7-112E. Fig. 7-112E part (a)
indicates the phase -shift characteristic

when the LiC ratio is large, and part
(b) indicates when the L/C ratio is
small. Phase -correction networks have
been used with success in disc recording systems employing diameter equalization, and pre- and post -equalization.
Fig. 7-1I2F gives the equations used in
the design of all -pass networks.
7.113

Describe

o

low -frequency,

filter for use with microphones.-A rather simple 100 -Hz filter
high -pots

formers. This filter is generally made

formers permit the filter to be used with
different impedances. The coils are toroidal wound, high -Q, and are encased
in a mu -metal box to eliminate the ef-

fect of stray magnetic fields. The frequency response is shown in Fig. 7-113
part (b).
7.114

Describe

the

characteristics

and use of a pink -noise filter.-A pink noise filter (Fig. 7-114A) converts the
output signal of a random -noise gener-

ator to a constant energy per octave
generator which facilitates measurements

to

band-

constant -percentage

width analyzers. The circuit

in

Fig.

7-114B is an RC low-pass network with

a slope of 3 dB per octave from 20 to
20,000 Hz, and a slope of 16 dB per octave at the higher frequencies shown in
Fig. 1-114C.

If the output of the random -noise
generator is connected to a constant bandwidth analyzer, the
output -voltage characteristic appears as
white noise (Fig. 7-114D). Connecting
percentage

the pink -noise filter in the output produces an output signal as shown in Fig.
7-114E. termed pink noise. The white and pink -noise spectrums shown were

made with a one-third octave bandwidth analyzer and recorded using a
graphic level recorder.

for use with a microphone to reduce the

It is interesting to note that certain

effects of wind noise is shown in Fig.

noises occurring in nature are closer in
spectral characteristics to pink noise

7-113, part (a). The device consists of a
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(b) Frequency -response curve
Fig. 7-113. A 100 -Hz high-pass wind noise filter for a microphone.

particularly on magnetic tape or film
equipment, the noise is measured while
erasing the high -frequency bias current
signal. To properly measure the noise, a
filter (Fig. 7-115A) with the frequency

characteristic shown in Fig 7-115B is

Fig. 7-114A. General Radio Co. Model
1390 pink -noise filter.

required to attenuate noises outside the
audio spectrum The filter shown is designed to operate in a 600 -ohm circuit.
Noise measurements are discussed in
Section Z3.
7.116 What are Butterworth, Che-

bysker and elliptic filtersl-Such filters
are used for rf and crystal bandpass de-

sign. The equations used replace the
0

Fig.

7-114B. Circuit configuration for
pink -noise low-pass filter.

than to while noise. This is also characteristic of low -frequency noise found in

semiconductor devices and in certain
acoustical background noises.
7.715 Describe an RC filter for
making noise measurements.- When
making conducting -noise measurements,

a
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Fig. 7-114C. Frequency characteristic of
pink -noise low-pass filter.
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Fig. 7- 158. F equency characteristics for noise filter used for making noise measurements on magnetic ecord ng equipment and similar devices.
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conventional equations used for the de-

sign of constant -k and m -derived filters.

Conventional filters are designed section by section, matching the impedance

of each section to the other. Butterworth, Chebyshev and elliptic filters
are designed as a whole which simplifies the matching of the sections, permitting the response to be optimized,
and are expressed using transfer equa-

tions. As a rule, the configuration
either a ladder or lattice network

is

Bessel filters, because of their excellent phase -shift linearity characteristics, are often referred to as linear
phase- shift filters. Filters of this design arc generally fabricated using
solid-state techniques in the form of an
operational amplifier. For mathematical
treatment of such devices the reader is
referred to the references.
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Section 8

Transformers and Coils
Transformers and coils play ar. essential part m the field of Audio Engineering.
Types such as input, output, intermediate, repeat, power and modulation, to mention but a few, often serve as a key component in audio circuitry. Such devices are
used for matching impedances, isolation, bridging low -impedance circuits, and in
power supplies.
Work by men such as Clark, Lenz, Maxwell, and Steinmetz has added greatly to
our understanding and usage of transformers and coils. The various segments, construction detail, and design characteristics of these devices, are discussed in this
section, with charts and graphs for determining their characteristics, when used
under conditions other than for which they were designed. Constant -voltage transformer, their design and use, are also covered.
8.1
What is a transformer?-An
electrical device consisting of one or
more coils wound on a magnetic material core. Electrical energy may be
transmitted between one or several of
the windings. Transformers designed
for audio frequency use must he capable of transmitting currents over a
wide frequency range. in contrast to a
power transformer which transmits
currents over a narrow frequency band.
Transformers for either service may
be designed to step-up or step-down
the current. Typical schematics for an

8.3
What takes place in a transformer when the core material is saturated?- When the core becomes saturated in a power transformer, it is no
longer able to produce additional lines
of force. Hysteresis losses occur, the
coils become overheated, and damage

audio and a power transformer arc

sponse is affected, particularly at fre-

shown in Figs. 8 -IA and B, respectively.
8.2 Why are laminated cores used
in transformers?-To reduce eddy -cur-

quencies below 100 Hz.
8.4 What is copper loss?-A power

rent loss in the core material, thereby
improving the transformer characteristics. Hysteresis losses in the core are
caused by molecular friction and are
reduced by the use of alloy steel, such
as silicon, hypersil, and hypernic. The
latter two metals are manufactured by

to the winding may take place under
these circumstances.

In an audio -frequency transformer,
if the core cannot produce the required
lines of force the inductance drops and,
because of the core saturation, the core
losses increase, and the frequency re-

loss caused in a power transformer by
the de resistance of the coils. The loss
varies as the square of the current.
8.5
What is iron or core fast in a
transformed-The loss of energy due to

Westinghouse.

S

6
ELECTIVSTATC
CORE

Fig. 8-1A. A typical audio transformer.

SMELO

Fig. 8-18. A typical power transformer.
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eddy currents in the core material. In
practical transformers, the core loss remains almost constant from no load to
full load, under normal conditions. (See

SECONDARY
OUTPUT

Question 23.158.)
8.6 What arc eddy currents?-CirPRIMARY

culating currents induced in a conduct-

IMPIT

ing material as the result of the rapid
reversal of the magnetic field. (See

(a) Step up.

Question 8.2.)
8.7 What causes current flow in the
r

primary of a power transformer operating with an unloaded secondary?-The
primary impedance has both an ac reactance and a de resistance, which will
cause a current flow. In well -designed
transformers this current is small and

C. PRIMARY
INPUT

SECONDARY
OUTPUT

is referred to as the mag-I current, or
magnetizing current.

What is on autotransformer?It is a transformer with a single winding as shown in Fig. 8-8A. Such transformers may be designed for stepping
the voltage up or down, and may be
used with any type equipment. Auto transformers are also constructed to be

continuously variable over their entire

range. The interim construction of a
variable autotransformer manufactured
by General Radio Co. and sold under
the trade name of Variac is pictured in
Fig. 8-8B.

The autotransformer used in this device consists of a single layer winding
on a toroidal core As the shaft is ro-

Fig.

0

o

8.8

',h) Step down.
Fig.

8-8A.

Two

types

of

autotrans-

formers.
a brush contact traverses
the
wir.dmg turn -by -turn; thus, the voltage
may be varied from zero to full voltage.
A tap on the winding permits the input
voltage (line) to be changed, resulting

tilted,

in an overvoltage connection (zero to
140 volts for a line voltage of 117 volts).
Autotransformers are sometimes used

in audio amplifiers for interstage coupling and for impedance matching in
loudspeaker systems.

8-8B. Interior construction of a General Radio Company Vorioc, showing the
autotransformer winding.
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8.9 What is a Miler winding?-A
coil is said to be bifilar wound when,

to achieve a balance between windings,
two conductors are wound side by side.
(See Fig. 5-16B.)
8.10 What is a pie winding? --A

thin sectional winding used in transformers and coils to reduce the effect
of distributed capacity between the
windings.
8.11 How is the wattage rating of
a transformer determined if rated in

volt-amperes?-The power rating of a
transformer depends on the amount of
heat the windings can stand. The power

rating in watts is the product of the
volt-ampere rating times the power
factor. Small transformers employed in
electronic equipment generally have efficiencies of 95 to 98 percent; therefore,
efficiency as a rule is ignored. Assume
a power transformer is rated 117 volts,
60 Hz, 100 volt-amperes, with a secondary of 6.3 volts. The rating of 100 voltamperes means the product of voltage
times the current (E x I). Since the
secondary can never exceed 100, and if
it has a load of 12 amperes, the wattage
will be 75.5 watts, ignoring the power
factor. If the power factor is to be taken
into consideration, the rating of 100
volt-amperes is multiplied by the power

factor. For a power factor of 0.9, the

would then be rated 0.100 kilovolt -amperes. If the transformer has more than
one secondary winding, the total load

wattage cannot exceed the 100 voltampere rating. Power factor is discussed in Questions 3.14, 3.58, and 3.62.

Other formulas used with power transformers are shown in Fig. 8-11. For 3 phase circuits I and E are per phase.
8.12 Define an electrostatic shield
and its purpose in a power transformer.

-An electrostatic shield consists of a
single turn of copper or brass covering
the entire length of the primary wind-

ing. The ends of the shield are insulated from each other to prevent the
shield from acting as a shorted turn.
A connection to the shield is brought
out to a separate terminal for grounding. The purpose of the shield is to
prevent the passage of line noises and
radio -frequency signals from the transformer into the power supply, and
thence to other parts of the equipment.

Electrostatic shields are also used in
audio transformers. (See Question 8.42.)
8.13 What is the effect of connect-

ing a power transformer designed for
60 -Hs operation to a 25 -Hs lineT-The

inductive reactance of the primary is
considerably lower when connected to
the 25 -Hz voltage source. This causes

the primary current to be more than

maximum wattage at the secondary is

double its normal value. The increased

100 X 0.9 = 90 watts.

into kilovolt -amperes, divide the volt-

current through the primary winding
will cause serious overheating and,
eventually, will cause the primary to

ampere rating by 1000. The transformer

burn out.

To convert the volt-ampere rating

To Find

Knowing

1 -phase

Amperes

E, hp. PF,
Eff.

hp x 746

hp X 746

E x Eff. x PF

1.73 x E x Eff. x PF

Amperes

kW, E, PF.

kW x 1000
E X PF

kVA x 1000
1.73 X E X PF

Amperes

kVA, E.

kVA x 1000
E

kVA X 1000
1.73 X E x PF

Watts

E.I. PR

EXIXPF.

ExIx1.73PF

Kilowatts

E1,
,
PF

EXIXPF

EXIX 1.73XPF

1000

1000

kVA

1.2ii

EXI

E x 1 1.73 x PF

1000

1000

where,
E is voltage.

is current,
Eff is efficiency,
I

3 -phase

PF is power factor,
hp is horsepower,
kW is 1000 watts.

Fig. 8-11 Formulas used with power tronsforiwers.
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Transformers designed for 25 -Hz op-

eration have about 50 percent more
material than do transformers
designed for 50- to 60 -Hz operation.
8.14 Con o transformer designed for
60 Ha be operated on 400 Hr? -11 the
core material is of a good quality, a
core

transformer which has been designed
for 60 Hz may be operated on 400 Hz.
However, a transformer which is designed for 400 Hz operation cannot be
operated on 60 Hz, as the core is smaller

for a given power rating.
8.15 What is a filament transformer?-A transformer used for supplying a source of voltage to the filament or heater circuit of a vacuum
tube.
8.16

Audio transformers must operate over
a frequency range of 20 to 20,000 Hz.
Many audio transformers are designed
to operate over a frequency range of
10 to 200,000 Hz. Such wide frequency
characteristics require careful design as
to the method of winding the coils, their
connection, material for impregnating

the windings, core types and material,
and the method used for stacking the
laminations.
8.18 Define ampere turns.-The
equations for determining ampere turns
are given below:
ampere turns

ampere =

What is the electrical center

of a coil?-The point of equal impedance. In audio transformers this may
not always indicate equal de resistance
from the center to the ends of the winding. The reason for this Is the center
tap is made on the basis of impedance
rather than dc resistance. However, in
high -quality audio transformers, the dc
resistance is the same for both sides of
the coils because the windings are split

- V-x _r
AT

resistance = Ft x T

effective turns -

total resistance
resistance of coil

X turns of coil
where,

A is the current in amperes,
R is the dc resistance,

T is the number of turns in the coil.
V is the voltage applied to the coil.

into several separate coils and then

The latter takes into consideration any

connected in series. The center top is
taken at the junction of the coils. The
internal connections for a 1:1 repeat
coil, Fig 8-16, shows how the coils are

resistance

connected in series, and the taps taken
for the different impedances.
8.17 What ore the essential differ-

ences between on audio and o power
transformer?-Power transformers are
designed to operate at one frequency
or over a small range of frequencies.

external to the coil. One
ampere turn equals 1.257 gilberts.
8.19 What is a current transformer?
-A special transformer designed to
work with a current -indicating instru-

ment The primary of the transformer
is connected in series with the load, and

the indicating instrument is connected
to the secondary, as shown in Fig. 8-19.

In this manner, the transformer carries
the load while the instrument is com-

Fig. 8-16. Coil construction and winding for a 1:1 repeat coil with taps at 250 ohms
and center.
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SOURCE

% Regulation _

LOAD

V, - VV3

X 100

where,
LIDA,

V, is the no-load voltage,
V, is the full -load voltage.

CURRENT
I RANSFOR IA( R

8.22

CURRENT *KAT IN.3

eismusrEnt

Fig. 8-19. Current transformer connected

to indicate load current.

pletely isolated. The indicating instrument is actually a voltmeter, although
calibrated in amperes.
8.20 How is the turns ratio calculated for a current transformer?
I

How

are

three-phase

power

transformers connected for utility sereice?-Several methods used for connecting 3 -phase power transformers for
commercial services are shown in Figs.
8-22A to F. Fig. 8-22A shows an open delta connection and is the simplest of
all 3 -phase transformer connections as
each winding consists of only two coils.

In Fig. 8-22B is shown a six -winding
transformer connected in delta. Figs.
8-22C and D illustrate two transformers

connected in a star or wye configuration using a 3 -wire and a 4 -wire feed
system. The 4 -wire connection will permit the taking of 115 volts from any one

N

I.-N,
where,

1, is the current in the primary,
I. is the current in the secondary,
N. is the number of primary turns,
N. is the number of secondary turns.

winding to a neutral wire connected at
the center of the three secondaries.
Fig. 8-22E shows a star -delta, or
delta-wye, connection. Here, one side of

the transformer winding is delta connected and the other side is star con-

8.21 How is the voltage regulation
of a transformer calculated?-The voltage is first measured in a no-load condition, and then with a full load applied.
This information is then substituted in
the following equation:

nected. In Fig. 8-22F is shown a 4 -phase

Fig. 8-22A. A three-phase transformer

Fig.

or quarter-phase connection. The various voltage combinations are shown
relative to the common center tap and

to the outside ends of the coils.

(See

Question 3.32.)

8-22B. A threephase transformer
delta connected.

open -delta connection.
71.1.

,Is.

no,

I -

col
Fig. 8-22C. A star- or wye-connected
three -wire, three-phase transformer.

Fig. 8-220. A star -connected, four -wire,
three-phase transformer.
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8-22E. A three-phase transformer
with windings connected in delta and
Fig.

wye.

Fig. 8-22F. A four -phase or quarter-phase connected transformer.
8.23

What is a teaser transformer?

-A power -transmission transformer
used with 3 -phase power -distribution
systems, as shown in Fig. 8-23.
Assume a 1000 -volt, 3 -phase power
source is to be stepped down to 100
volts. The primary of a 1:1 teaser trans-

former, T2, is connected in the center
leg of the main power transformer as
shown The secondary of the teaser is
connected to a center tap on the secondary of T1. The voltages developed
by the system are given in the diagram.
It will be noted the teaser transformer
develops only 86.6 volts across both its
primary and secondary windings.
The advantage of such a system is
that moderate amounts of power may
he transformed with only two transformers. About 58 percent of the system
rating may be used with a teaser transformer, compared to one using a trans-

unbalanced. The phasing of the transformer windings must be carefully carried out to prevent damage.
8.24

Describe a repeat or isolation

coil.-An audio transformer consisting
of two windings with a one-to-one impedance ratio. However, repeat coils are
generally designed with taps at various

points on the coils to provide impedance matching between circuits of unequal impedance. A typical schematic
of a repeat coil is shown in Fig. 9-24.
It will be noted that although the coil
is designed for an impedance of 600
ohms, ranging downward to 250 ohms,
the center tap is balanced with respect
to the center of the coil. High quality
repeat coils used for transmission measurement work, as described in Question 23.14, employ an electrostatic shield

former in each phase. Because of dis-

between the two windings to prevent
the transfer of noise by means of the
capacitance existing between the two

symmetry, the system can easily become

windings.

Val"

A PHASE

C PHASE

war

a

'MU

Fag. 8-23. Three-phase power transmission using a teaser transformer.
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25011

6

'SE MELD
Fig

8-24. Typical 600:600 -ohm repeat or isolation coil. In-between impedances are
indicated for ready reference.

Thus, a signal is transferred from one
coil to the other coil inductively only.

the extensive use of such coils in mixer

The windings consist of several sepa-

the terminology used
with input transformers.-Terminology

rate coils, each with the same number
of turns and connected in series in such
a manner that the capacitance between
coils is reduced to a minimum. This

method of construction permits the various impedance taps to be taken at the
exact electrical center, resulting in a
well balanced design The insertion loss
of the average repeat coil is about 0.10
to 0.5 dB.

Repeat coils are often referred to as
isolation coils, when they are employed
to separate an unbalanced circuit from
a balanced one. This is demonstrated by

consoles.
8.25 Define

used with input transformers is often
misused, especially when referring to
grounded -input circuits. Fig 8-25 illustrates three methods most commonly
employed. At part (a) is shown an ungrounded symmetrical input, often erroneously referred to as a balanced input. A true balanced circuit is one
rising an input transformer with a center tap to ground, as shown in part (c).

For the circuit of part (a) to be truly
balanced (although no ground is used)
the transformer windings must be
wound so that the distributed capaci-

tance to ground is the same for each

(a)

Syrnmetrica/ input.

coil. Also, each coil must have identical
inductance and de resistance, and be
physically interleaved to reduce the effects of leakage inductance. If all these
conditions are met, the coil may be said
to he balanced. However, in the average
coil these conditions do not always pre-

vail, therefore this circuit is said to be
symmetrical.

The circuit in part (b) is an unbalanced input with one side of the input
winding connected to ground. This input is often used with circuits such as a
(b) Grounded input.

high -impedance microphone employing
a single conductor and
shield. The

shield is connected to the ground side
of the transformer.
8.26

Whet is an impedance -match-

ing coiI?-A coil similar to

a

repeat

has more taps and a
wider range of impedances. A typical
coil, except it

(c) Balanced to ground input.
Fig. 8-25. Three different types of transformer -input circuits.

impedance -matching coil may have a
600 -ohm winding with taps at 500, 2.50,

and 150 ohms; the other coil may be a
5000 -ohm winding with taps at 1000,
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500. 250, 150, 50, or 30 ohms. Such coils

primary of the transformer to present

are not always balanced in their design

the correct load impedance to the plate
of the tube. If the tube requires a load

and should be carefully checked for
unbalance when connected in a circuit
subject to leakage.
8.27 What causes the insertion loss

in a transformer?-It is the loss caused
by the shunt reactance, distributed capacitance, dc resistance of the coils,
core material, and other losses due to
the geometry of the coils. In the average

audio transformer, this loss is not too
important unless the power in the
transformer is large, such as in an output transformer.
8.28 What ore the basic principles
of impedance matching? -The formula
for impedance matching states: The
impedance ratio of a transformer is directly proportional to the square of the

impedance of 5000 ohms and the speaker
16 ohms, the impedance ratio is 5000/16
or 312.

For a transformer of this design, if
a 16 -ohm resistance is connected across

the output winding, the reflected impedance seen by the tube plate circuit

will be 5000 ohms. The turns ratio of
the coils is 17.66 or the square root of
312. Thus, it may be said:
1-T;

11

N.

sc_

where,

Z. is the impedance of the secondary,
Z, is the impedance of the primary,
N. is the number of turns in the secondary winding,

turns. Frequency does not enter into
this formula.
8.29 What is meant by the term
impedance
ratio?-Transformers are
generally used to step up or step down
a voltage or to transfer power from one
circuit to an her. Because circuits differ in their in )edance, if the maximum
transfer of power is to take place, the
turns ratio of the transformer must be

or

N, is the number of turns in the primary winding.

The foregoing relationship is generally
stated: The impedance ratio is equal to

the turns ratio squared, or the turns

such that an impedance match is elected between the two circuits, the
source and the load. As an example.

ratio is equal to the square root of the
impedance ratio. The voltage ratio is
equal to the turns ratio.
In a well -designed transformer the
impedance ratio will remain the same
throughout the normal frequency band.
If a pure capacitance or inductance is

assume the plate circuit of an amplifier
is to be connected to a loudspeaker.
As the plate resistance of a tube may
run into several thousand ohms and the

connected across the transformer rather
than a resistance, the impedance seen
by the primary will appear as a capacitance or inductance. Very often advan-

loudspeaker only

transformer will have to be of such a

tage is taken of this fact to transform
small capacitors to a larger value for

turns ratio that the impedance reflected
back by the loudspeaker will cause the

starting capacitor -start motors. (See
Question 8.34, and Question 3.9.)

a

few ohms,

the

at K/rt

(a) Step-up transformer.

Rt.

4000"

Si

tz

Because of the practical limits of a
transformer, a given transformer cannot be used over a wide range of impedances. Attempting to use a transformer to obtain a given impedance
ratio, but with the impedance diverging
considerably from the original design,
will result in frequency discrimination
and a loss of power transfer.
8.30 What is reflected impedance?

-The impedance seen when looking
into a given winding of a transformer
with one or more of the other windings
terminated in a given load resistance.

To illustrate how the reflected im('b) Step-down transformer.
8-30. Reflected impedance by termination of a transformer winding.

Fig.

pedance of a transformer winding is
calculated, assume an ideal transformer
(one with no losses) is available with
a

turns ratio of 20:1. The secondary
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winding (the smaller of the two) is

terminated with a resistive load of 10
ohms as shown in part (a) of Fig. 8-30.
The reflected impedance to the primary
winding may be calculated:

=

ZP

or 2, =

where,

N is the turns ratio,
R,. the load resistance in ohms across
the secondary,
Z, the primary impedance,
Z. the secondary impedance.
The impedance seen by the generator is
the turns ratio (20) squared, or 400
times the impedance (10 ohms) of the
secondary. The 4000 ohms seen at the

primary winding is the 'reflected impedance" caused by the 10 -ohm secondary terminating resistance. The 4000

ohms will only be seen when the secondary is terminated in 10 ohms. If the
primary impedance is measured with
the secondary unterminated, only the
actual inductive reactance of the primary coil

will

measured.

be

The

reflected impedance of a step-up transformer of known turns ratio is calculated using the foregoing equation. For
step-down transformer,
part (b), the equation is:
a

Fig. 8-30

Z1

- N'
where,

Z. is the smaller impedance of the two
windings,

Fig.

8-31. The electrical circuit of an

ideal transformer of 100 % efficiency.

secondary winding load resistance. If
the

transformer has more than one

winding, only one must be terminated,
unless the transformer is designed to
operate with a double termination. In

the practical transformer, the distributed capacity and leakage are also reflected to the primary side. (See Questions 8.31, 8.32, and 8.33.)
8.31 What is on ideal transformer?

-A transformer which has no electrical
losses. None of the electrical energy is
lost in producing the magnetic field in
the iron core, nor as heat in the windings. Furthermore, all the lines of flux
of the changing current in one winding
link all the turns of the other winding.
(See Fig. 8-31.) Actually, this is not
possible, as there arc always sonic losses

regardless of the design and materials
used.
8.32 What arc the losses of a practical transformer?-A simple trans -

Z, is the larger impedance of the two
windings,

N

is the impedance ratio (turns ratio
squared).

It should be understood that a transformer does not supply an impedance,
but is designed to effect an impedance
match between two circuits by supplying the correct turns ratio between the
source and load impedances. Trans-

(a) Physical transformer.

formers will only present the correct im-

pedance match when they are properly
terminated. Transformers may be supplied with a solid termination on either
winding to deflect a given impedance

to the other winding. This method of
operation is used with amplifiers employing beam -power tubes in the output stage. The plate resistance of such
tubes is generally of the order of 25,000
to 90,000 ohms and is worked into a load
impedance of 3000 to 10,000 ohms to

reduce distortion. If the transformer is

of the correct turns ratio, the correct
load impedance will be reflected by the

(b) Equivatent "T" network of (a).

(c) Simplified equivalent circuit of (b).
Fig. 8-32A. Equivalent circuits

audio transformer.

of an
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(a) Loss of power due to shunt effect of the primary.
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(b) Loss due to distributed

50

REA:"..ANCE

capacity.

Fig. 8-3 2 8. Lass curves of an audio transformer.

former with its various perimeters is
shown at parts (a) and (b) of Fig.
8-32A. In addition to the power transfer characteristics, the primary inductance L.. shunts the source impedance,

frequency of the signal voltage is increased, the impedance of the distributed capacity decreases and shunts a
portion of the power which would normally be passed to the load, as shown

as shown at part (c) of Fig. 8-32A A

at part (h) of Fig. 8-32B.

leakage reactance Li. which in effect is

8.33

What is leakage seat -lance? -

in series with the load, and a distributed capacity C (due to the winding of
the coils) are also in shunt with the

The transfer of electrical energy from

source impedance.

of force linking both the primary and

As the frequency of the input signal
decreases, the primary inductance also
decreases This decrease of inductance
may reach a point where some of the
power which is normally transferred

secondary windings. In an Ideal transformer, 100 percent of the lines of force

from the primary to the secondary is
shunted through this inductance, as
shown at part (a) of Fig. 8-32B. If the

the primary to the secondary of a transformer depends on the magnetic lines

would be utilized and the maximum
transfer of energy would take place
without loss.
The foregoing situation can never be
achieved, as a certain amount of the
magnetic lines of force leak off into the
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air. This leakage is called leakage reactance. Leakage reactance is reduced in
a transformer by the core material, core

match of the termination at the load
end of the line, the greater will be the

design, and the geometry of the coils.

losses because of reflection.
B.36 How may the turns ratio of an

(See Question 8.32.)
In conventional push-pull output
transformers, the magnetic lines of

unknown transformer be determinedlA known voltage is applied to one of
the windings and the voltage is mea-

force do not completely couple both
halves of the primary winding. Lines
of force coupled to one coil but not

sured across the other winding. The

to the other cause a counter enif to be
generated.
TR

IR

1

turns ratio is equal to the voltage ratio.
8.37 What is the relotionship of the
impedance to the turns ratio of a transformer?-The impedance ratio is equal
to the turns ratio squared.

1/2

8.38

1/4

8.39

Fig. 8-34. Tronsforrnotion of o capacitor.

Leakage reactance may be considered to be like an inductance connected

in series with the plate of each tube,
and is the result of insufficient magnetic
coupling between the two halves of the

primary winding. When the tubes are
driven to cutoff at frequencies above
3000 Hz, the output waveform becomes
distorted because of sudden changes

the plate current caused by tran-

in

is

the relationship

of

the turns ratio.

160F

4

What

voltage to the turns ratio of a transformer)-The voltage ratio is equal to

sients. Output transformers of special
design, such as the McIntosh, have been
developed to reduce the effects of leakage reactance to where it becomes neg-

ligible. The McIntosh amplifier is discussed in Question 12.231.
8.34 Is it possible to transform co-

pacitancel-Yes, this is often done in
capacitor -start motor circuits. Referring
to Fig. 8-34, a 4-p.F capacitor is shown
connected across the primary winding
of a transformer having an impedance
ratio of 1:4. Looking into the secondary

What

is

the relationship

of

turns ratio to the impedance ratio of a
transformerl-The turns ratio is equal
tc the square root of the impedance
ratio.
8.40

Does the mismatch of impedances affect the frequency response of
e transformer?-A slight mismatch has
little or no effect; however, it is best
to measure the frequency response if
more than a 15 percent mismatch is
known to exist.
8.41 What is the maximum mismatch of impedances that may be tolerated?-Although circuit requirements

will control the amount of mismatch
that may be tolerated, the mismatch
should not exceed 15 percent.
8.42 What is the purpose of a center top, balanced -to -ground audio trans-

fornserl-To reduce the effects of longitudinal currents and also reduce the
influence of external magnetic fields
and line noises. In Fig. 8-42 is shown a
balanced line using two center -tapped
transformers balanced to ground. Lon-

winding, an image capacity of 16 ai is

gitudinal currents are the result of inductive interference induced into both

seen. (See Question 8.29.)

sides

What are reflection losses?The transmission losses resulting from
8.33

of the line simultaneously, as
shown by the arrows. The induced currents travel in the same direction in

portion of the transmitted signal
being reflected back towards the signal -

each side of the line. Arriving at the

source. This may be the result of mismatched impedances or of a discontinuity in the transmission line. In the
case of an improperly terminated line,
not all of the signal energy is transmitted to the load. The portion not
absorbed by the load is reflected back

rent travels downward to the ground
through the center tap of the trans-

a

receiving

end of the line,

the cur-

former. As the field reverses, the same
action occurs but in the opposite direction. During this action, the audio signals arc traveling in opposite directions

energy from the source, and causes a

their normal manner, as indicated
by the solid arrows parallel with the
lines. In addition to the center tap on

of power. The greater the mis-

the transformer, electrostatic shields, as

towards
loss

the

source

and

meets

the

to
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Fig. 8-02. Balanced transmission line using two balanced -to -ground repeat coils, one

at each end of the line to reduce the effect of longitudinal currents caused by external magnetic fields.
P

explained in Question 8.12, are used

S

AID

to prevent capacity coupling between
windings, thus, permitting only inductive coupling.

(a) Unterminated.

8.43 What is a terminated transformert-A transformer operating with
a resistive load connected across the
primary or secondary winding in parallel with the normal load of the wind-

p

5

IEE

ing. Fig. 8-43 shows untcrminated and
terminated transformers operating with
different types of terminators.
8.44 Where arc unterminated trans-

(b) Secondary terminated.
P

formers used?-To feed the grid of a
vacuum tube. This connection is often
referred to as an open -circuit connection and is generally employed in microphone and photocell preamplifiers.
The source feeding the transformer is
considered to be the transformer termination. An unterminated transformer

(e) Primary terminated.
P

5

PT

should not be used to feed an equalizer,

(d) Primary and secondary ternzinated.

filter, or an amplifier requiring a solid

Fig. 8-43. Transformer terminations.

termination.
8.45 Where ore terminated transformers used?-In circuits requiring a

shows a loss of I dB al 40 Hz and 12.000

solid termination such as a line, equalizer, filter, or similar devices.
8.46 What are the characteristics

by a line impedance of 100 ohms rather

of an unterminated transformer?-The
frequency characteristics of an unterminated transformer differ somewhat
from those of a terminated transformer
and are as follows: Assume a high quality line -to -grid transformer designed
to operate from a source impedance
of 500 ohms and having a secondary
impedance of 50,000 ohms is connected
to the grid of a vacuum tube operating
as a class -A amplifier. The secondary
will he left unterminated.
Under normal operating conditions,
when the primary is terminated by a
source impedance of 500 ohms, it will
be

assumed

the

frequency

response

Hz.

If the primary is now terminated

than 500 ohms, the loss of 1 dB will
appear at If, (o"Sciu) of 40 Hz or at
8 Hz. Under these conditions, the high
end may resonate at some frequency
around 12,000 Hz.

If the primary termination is now
changed to 1000 ohms, the frequency
response will show a loss of dB at 80
Hz., or the lowest frequency multiplied
by the new impedance ratio (1000/500).

The high end will start to drop around
7000 Hz

These values are only approximate
hut are generally true of unterminated
transformers.
8.47 What are the characteristics
of a terminated tronsformcr?-Terrni-

nated transformers operate with resis-
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live terminations across the primary or
secondary, or both, as shown in parts
(b) to (d) of Fig. 8-43. If the transformer described in Question 8.46 (500;

50,000 ohms) is terminated on the secondary side with 50,000 ohms and connected to the grid of a class -A amplifier, looking into the primary will show

an impedance of 500 ohms. The frequency response will show a loss of 1
dB at 80 Hz and 7000 Hz. li the transformer is terminated by a 1000 -ohm
source impedance, the low -frequency

mination is of particular value if the
primary is being fed from the output
of another amplifier. When a transformer using split termination is first
connected into a circuit, frequency -response measurements should be made
to

determine whether the frequency

characteristics have materially changed
from the original specifications. (See
Question 6.113.1
8.49 How arc the coils of a four -coil

600 -ohm repeat coif connected externally?-A typical four -winding repeat

response will still show a loss of 1 dB at
the low end, but the high -frequency response will be better than normal, or a
loss of 1 dB at around 15,000 Hz. Before

coil is shown at part (a) of Fig. 8-49

operating a transformer either termi-

right-hand coils are connected in series,

nated or unterminated, its characteristic

the coil will have an impedance ratio

snould be checked by referring to the

of 1:1 or 600.600 ohms.
Leaving terminals 2 and 3 connected

manufacturer's specifications. In any
case, measurements should be made

with the transformer terminated and
unterminated to determine whether or
not

the

frequency characteristics

of

the transformer are affected either by
the termination or the method of operation.
8.48

What

a
split -terminated
transformer terminated on both the primary and second-

is

transformert- A

ary sides as shown in part (d) of Fig.
8-43. To illustrate how such terminations are used, assume an input trans-

former having an impedance ratio of
600;50,000 ohms is terminated on the
secondary side with 100,000 ohms or
double the secondary impedance.
Looking into the normal 600 -ohm

primary shows an impedance of 1200
ohms. Now, if a 1200 -ohm resistance is

connected across the primary, the impedance looking into the primary is
again 600 ohms. The advantage of such

termination Is that the transformer primary presents a solid termination to
the source impedance. This type ter 600/ 600

If the terminals numbered 2 and 3 of
the left-hand coils are connected in
series, anti terminals 6 and 7 of the

in series and connecting terminal 5 to
6 and terminal 7 to 8, as shown at part
(b) of Fig. 8-49, the impedance ratio is
changed to 600/150 ohms Leaving the
left-hand coils connected In series,
either of the right-hand coils alone will
present an impedance of 150 ohms. As
the four coils arc of similar design, any
combination may be used by parallel or
series connection. It will be observed
the internal connections of the coils are
crossed over inside the case, and that
the ends of a given coil are either odd
or even numbered. This is standard
procedure for numbering coil terminals.
8.50 What is a netted shield?-An
audio -transformer case consisting of
alternate iron and copper shields separated by an air space. as shown in
Fig. 8-50.
What is the theory of a nested
8.51

shield?-Referring to Fig. 8-51, when a
magnetic field encounters the outside
high permeability iron case (A) of the
transformer, it will travel through the
case and be deflected around the trans 600 / 600

QSn

(a)

600'600 ohms.

(b) 600!150 ohms.

Fig. 8.49. Internal connections for a four -coil repeat coil.
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TRANSFORMER

Fig. 8-50. Transformer encased in nested -shield. (Courtesy, Kenyon Electronics Inc.)

former (inside the case) because iron
offers a path of lower resistance to
magnetic fines of force than air. Also,
in passing through the iron case a portion of the field is dissipated in the form
of heat due to friction in passing
through the iron and the short-circuit-

TERNAk
wAGNC
CA)

riELO

Is

EXTERNAL

/IUD
LACS

10)

Of YOKE

ing effect of the case. The now reduced

field continues through the air space
filled by the fiberboard spacers (B),
then through the copper shield (C).
The field again passes through an air
space (D) to a high -permeability iron
shield (E) which again reduces the
field strength. Leaving this shield, the
field passes through air space (F) to
copper shield (G) which houses the

(NI

Fig.

8-51. External magnetic lines of

force deflected by an iron case and a
around
a
transformer.
Symbols correspond to those of Fig. 8-50.
nested -shield

transformer (H). At the top of each
shield are covers (1) (shown in Fig.
8-50) which, in effect, provide watertight shields around the transformer.
The copper shields have little or no
effect on the reduction of the magnetic
field. Their purpose is to reduce the
effects of electrostatic fields and disturbances caused by breaking of electrical circuits and radio transmissions.
To secure a further reduction from
the effects of external magnetic fields,
the coils of the transformer are wound
hum -bucking,

which

neutralizes

the

effects of any magnetic field that may
reach the transformer coils after passing through the multiple shielding.

Using the construction illustrated in
Figs. 8 -SO and 8-51 hum and noise
pickup may be reduced 120 dB relative
to the strength of the interfering magnetic field.
The core of the transformer is
brought to a separate terminals for connection to a transmission ground system
as described in Question 24.33. The
outer iron case is completely insulated

from the internal shields and transformer core.
8.52 Define the term 120 dB mag-

netic shielding.-It means for a given
external magnetic field surrounding the

transformer, the strength of the mng-
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netic field will be reduced 120 dB at
the transformer windings. The amount
of reduction Is fixed and the actual
hum pickup can vary with the change
in the external magnetic field strength.
However, with 120 dB of hum reduction, generally little difficulty is encountered.

Transformer hum -bucking windings
are discussed in Question 8.98, and the
measurement of shielding effectiveness
is discussed ir. Question 23.162.
8.53 How much is an external magnetic field reduced by a single cast-iron
case 1/4 -inch thick? Approximately 12
d B.

8.54 How is the effectiveness of a
magnetic field
measured?-By the
method given in Question 23.162.
8.55
What type transformers re-

quire nested shielding? Low-level input transformers operating ahead of a
considerable amount of gain, microphones, line, repeat coils and others of

similar design, or any low-level transformer operating near ac operated
equipment.
8.56 Should on output transformer
be shielded?-Yes, hut an output trans-

former does not require as heavy a
shield as does an Input or interstage
transformer. As a rule, an output trans-

former only requires

6

to

10 dB of

shielding because it operates at a fairly
high level and is not generally affected
by extraneous magnetic fields. In many
instances, the output transformer is
only cased in light metal
8.57

Should

on

interstage

trans-

former be shiolded?-Yes, about 12 to
40 dB. It is a matter of circuit design
and operating levels.
8.58 What is on input transformer?

-An audio transformer used at the input of an amplifier or similar device.
Input transformers are geuerally better
shielded from magnetic fields, as they
are required to operate in low-level
circuits. Input transformers, as a rule,
are designed to match the low impedance of a transmission line to the grid
of a tube. Typical impedance ratios are:
250 or 600 ohms to a 50,000 -ohm second-

What

8.60

is

on

output

trans-

fornier?-A transformer used to transfer the power of an output stage to an
external circuit. The primary is of
higher impedance than the secondary
because

it must couple the high im-

pedance of the tube plate circuits to a
lower impedance. Output transformers
have but one purpose-to transfer the
power developed in the plate circuit by
the vacuum tubes to an external circuit,
without frequency discrimination or
excessive power losses. A well -designed

output transformer will have similar
frequency characteristics, within plus
or minus 1 dB, at both high- and lowlevel power outputs. The insertion loss
must be negligible. This is particularly
true if a considerable amount of power
is to be transmitted.
8.61 What is a modulation transformer?-A transformer used for coupling a modulator tube in a radio transmitter to the tubes to be modulated.
Such transformers have numerous taps
to secure a proper impedance match
between the two circuits.
8.62 What is a bridging trans-

former?-A special transformer with a
high -impedance primary designed to be
operated from a low source impedance.
Many amplifiers used in recording sys-

tems and broadcasting make use of
bridging transformers, as these transformers permit several amplifiers to be
connected across a line without up-

setting the impedance match of other
equipment. Bridging amplifiers are described in Question 12.87.
8.63 Con a transformer with a high impedance primary he used for bridging
purposes? --No, not as a rule. Bridging
transformers are of special design.

However, a transformer with a low impedance primary may often be converted for bridging use by the addition
of resistors as shown in Fig. 8-63. In
part (a) of Fig. 8-63 two resistors Rx
have been added in series with a 600 ohm primary, to raise the input impedance to the desired bridging impedance.
In part (b) of Fig. 8-63 the same
method has been used, except the cir-

ary. (See Question 8.52.)
8.59 What is an interstage transforrner?-A transformer designed to

cuit is unbalanced. In part (c) of Fig.

couple the plate circuit of one vacuum

mary

tube to the grid circuit of another. It

transformer may only be used for
bridging purposes. Transformers con-

may

be designed to couple either
single -ended or push-pull stages.

8-63, resistor RI, has been connected in

series with the return of a split -pritransformer.

In

this

case

the

verted to bridging inputs, as shown, will
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8.64 What ore the standard bridgMg input impedances used in the sound
recording indbstry?-7500, 10,000, 25,000.

and 30,000 ohms.
8.65 What is o tertiary windinglIt is a third winding on a transformer.

In an output transformer it is generally
used for obtaining a negative feedback
FEEDBACK

TERTIARY

-" WOOING

(b)

Unbalanced.

(a)

Negative feedback.

ISOn PRIAARY

I

COIL

Ra agroomo thaPEOMCE
LESS ENE RESISTANCE OF

TM PRIMARY CMS
SEC

,5O,

PRIMARY
COOL

(C)

Center -tapped primary.

8-63. Methods of converting low impedance transformers to bridging inFig.

(b) tat ilstage transformer.
Fig.

8-65. Tertiary windings.

puts.

show a considerable insertion loss because of the resistance R. in series with

the windings This loss will vary depending on the impedance ratio of the
transformer and the value of the resistors. Transformers designed expressly

for bridging service do not as a rule
make use of resistors.

It may be necessary when using a
transformer with a 600 -ohm primary
for bridging purposes to add an addi-

tional resistor in shunt with the pri-

voltage. In an interstage transformer, it
is used to feed auxiliary equipment, as
shown in Fig. 8-65.
8.66

What is a hybrid coin-A coil

consisting of two or more windings, and
used in telephone circuits, sound mixers, and test equipment. The geometries
of the coil design are such that the sig-

nal can only be transmitted in a given
direction when the coil is properly terminated. A typical hybrid coil is shown
in Fig. 8-66A. It will be noted the signal

shunt resistor will increase the inser-

can only be transmitted between Z. and
Z., and Z. and Z,. When Z Z4 and Z. are
terminated in their proper load impedances arid two signals are applied
simultaneously to Z. and Z,, the signals
do not react on each other and can only

tion loss of the transformer as a whole,

be transmitted in the direction of Z,.

mary winding as shown by the dotted
line resistor in parts (a) and (b) of
Fig. 8-63, to preserve the frequency response of the coil. The addition of this

the amount depending on the imped-

If a voltage is applied to Z, and Z.

ance ratio between the bridging source
and the impedance of the transformer
primary.
The three resistors, in the case of
parts la) and (b). form a bridging pad.
The loss may be computed as described

(plus -minus to C) by induction, a volt-

in Question 5.54

age is developed across Z,. When Z., (a
resistance) is adjusted to its correct

value, the voltage developed across Z,
will he equal to that developed across
Z but of opposite polarity. Since these
two voltages ale in opposition, the volt-

TRANSFORMERS AND COILS

383

t 0-

If a signal voltage is applied to Z,, it
will be transmitted to both Z, and Z.,
but not to 7... The load terminators for
Z,, Zr, and Z, are rather critical, as is
the adjustment of the Zr resistor.
In Fig. 8-66B is shown how hybrid

e

leFig

8-66A

C

t ion& hybrid

coil.

age applied to Z, will be cancelled and
will not appear across Z,. Normal transformer action occurs between Z, and Z,,
therefore the voltage applied to Z, appears across 2,; the same holds true for
a voltage applied to Zr.
The electrical balance and isolation in
a hybrid coil changes somewhat with
frequency, the greatest unbalance oc-

coils are employed in the telephone industry to permit a single line to be used
for two-way conversation. It is the
practice to use two amplifiers to make
up a repeater station, one amplifier providing amplification in one direction
and the second in the opposite direction.
When the lines are properly terminated
and the balancing networks adjusted,

both amplifiers may be used without
producing a howl or singing.

curring above 5000 Hz. This causes low-

The sum of the gains of the two am-

level mixing of the two signals applied

plifiers must always be less than the

to 2, and Z., and results in low-level
intermodulation. As a rule, a well designed hybrid coil will indicate a balanced condition of 45 dB, or better,

sum of the losses across the two hybrid
coils to prevent unbalance and singing.
For telephone transmission the frequency bandwidth is limited to frequencies between 200 and 3000 Hz. Fil-

from 30 to 10,000 Hz. (See Ques. 23.72.)

ters are employed to prevent singing
at frequencies outside this band. The
balancing networks consist of a resistance and a capacitor connected in series

across one pair of terminals of the hybrid coil. In some instances an inductance is employed.

The action of a hybrid coil is some-

what similar to a Wheatstone bridge
circuit as described in Question 22.21.
The hybrid coil shown in Fig. 8-66C
is typical of such a coil used in sound
mixer networks designed for rcrecording purposes.

Inputs Z,. to Z, are connected to the
mixer controls. Winding 2, feeds equip-

ment following the coil. Resistors Z.
and
are the same as for the coil
Fig. 8-66C. Sound -mixer hybrid coil.

shown in Fig. 8-66A.
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Fig. 8-66B. Hybrid coils used in a telephone -repeater station to permit using a single pair transmission line for East-West conversation.
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Sound mixers using hybrid coil design are discussed in Question 9.23.
8.67 Whot ore the tronsrnission
losses between the windings of a conventional hybrid coal-Refer to Fig.
8-66A.

-3 dB

Z, to Z, - 3 dB

7., to

Z, to 7.1 - 3 tiB

Z. to Z, - 3 dB

7,, to Z, Infinite
Z, to Z, Infinite

7.. to Z. Infinite

Z. to Z,, Z. -3 dB

Fig. 8-72. Circuit for measuring the "Q"

of a coil.

The losses given are ideal and will vary
somewhat in a practical transformer.
Losses between coils, given as infinite,
in a practical transformer arc approximately 45 to 60 dB. Other losses given
are approximately correct.
8.68 What is the formula for cal-

1 MHz. Since the voltage across an inductance at resonance equals "QE"
(where E is the voltage developed by
the oscillator) it is necessary only to

culating the balancing resistor Z, in a

The voltage from the oscillator is introduced across a low value of resistance, R, about Vino of the anticipated
radio -frequency resistance of the LC
combination, to assure that the measurement will not be in error by more
than
percent For average measurements, resistor 11 will be on the order
of 0.10 ohm. If the oscillator cannot be
operated into an impedance of 0.10
ohm, a matching transformer may be
employed. It is desirable to make C
as large as convenient in order to minimize the ratio of the impedance looking from the vacuum -tube voltmeter to
the impedance of the test circuit. The

hybrid coal-For a mixer hybrid coil:
Z,

7.,(N - 1)
_

2

where,

Z, equals the input impedance,
N equals the total number of inputs,
7,3 is a noninductive balancing resistor.

8.69

How is the insertion loss of a

hybrid coil calculated?

dB- 10 Log,. N
where,

N is the total number of inputs
8.70 What is the impedance ratio
of each primary to the secondary in a

hybrid coil?
Z,
R,.

where,

Z, equals the input impedance,
R,. equals the secondary load imped-

measure the output voltage from the
oscillator and the voltage across the inductance.

1

voltage across 11 is made small, an even

value on the order of 0.10 volt. The LC
circuit is then adjusted to resonate at
the resultant voltage measured. The
value of "Q" may then be equated:
Q

ance.

What is trans -hybrid loss?-The
degree of isolation provided by the
8.71

windings of a hybrid coil between the
send and receive windings. For a perfectly balanced hybrid coil, this is infinite. However, in practice, this is generally not true as some leakage exists
and is particularly noticeable at the
high frequencies. Trans -hybrid loss is
measured in decibels using a reference
level of one milliwatt. The balancing of

hybrid coils

is

discussed in Question

The "Q" of a coil may he approximated
by the equation:

Q =2,rfL
R

X.
R

where,

F is the frequency,
L is the inductance,
R is the dc resistance (as measured
by an ohmmeter),
X. is the inductive reactance of the
coil.

8.73 What factors affect the Q of
a coil?-The principal factors are fre-

quency, inductance, de resistance, in-

23.72.

8.72

Resonant Voltage Across C
Voltage Across R

Describe a method of measur-

ing the "Q" of a coil.- Using the circuit
of Fig. 8-72 the "Q" of a coil may be
easily measured for frequencies up to

ductive

reactance,

and

winding. Other factors

the
are

type

of

the core

losses, distributed capacity, and the per-

meability of the core material.
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voltage has been removed. The higher

of the
ease with which a magnetic material
will pass lines of force. High -quality
transformers, shields, and other elec-

the Q of the tank circuit, the longer

trical equipment use high -permeability
magnetic iron made of various alloys.

complete rest.
8.85 What is the incremental inductance of a coil?-When an alternating current is applied to a coil in which

bility mean?-It

8.75

a measure

is

What is the relationship of the

turns of a coil to its inductance?-The
inductance varies as the square of the
turns.
8.76 What effect does a shorted
turn hove on the inductance of a coil?

-The inductance

decreased. In an
audio transformer the frequency characteristic will be affected and the inis

sertion loss increased.
8.77
What is the effect of inserting
an iron core in a coil?-The inductance

is increased; hence, its inductive reactance is increased.

coal-A
choke coil. This is a term used in the
8.78

What

is

a

retard

telephone industry.
8.79

What is coupled impedance?-

The effect produced in the primary of
a transformer by the influence of the
current flowing in the secondary wind-

longer it will take to dissipate the energy and for the circuit to come to

a given amount of direct current
flowing, the

is

inductance will be in-

creased by the superimposition of the
alternating current. The inductance will
increase (within limits) as the ac component becomes larger.
8.86 Con intermadulation distortion
be induced in an audio transformer by

the manner in which the core laminations are stocked?-Yes. The manner
in which the core laminations are

stacked can have quite an effect on the
intermodulation distortion induced by
a transformer. By the proper design of
the coils, the method of stacking, and
the use of grain -oriented steel, the intermodulation distortion can be reduced
to a negligible amount.
8.87

How may an interstage trans-

former without a canter tap be used

ings.
8.80

What is meant by the terns
unity coupling?-If two coils arc placed
so that the lines of force from one coil

cut all the windings of the second coil,
it is said that unity coupling exists.
8.87

the oscillations will persist and the

Why is on air gap used in the

core of a choke coil?-To prevent the
saturation of the core material with an
attendant loss of inductance. Generally,

the gap is of the order of a few thousandths of an inch.
8.82 If on air gap is induced in an
existing choke, how is the inductance
affected?-The inductance will be reduced.
8.83 What is a saturable reactor?

for phase-splitting?-In the manner il-

lustrated in Fig. 8-87. Two resistors R,

are connected across the secondary winding to provide the missing
center tap. The terminating resistors
are selected on the basis of the reflected
impedance to the plate of the preceding
and

tube, and the maximum value of resistance permissible for the grid circuit
of the particular tube in use. Thus, if a
transformer designed for an impedance
ratio of 15,000 to 86,000 ohms is to be
center -tapped, resistors should be selected which, when connected across the

secondary, will not greatly affect the

-A device similar to a transformer in
construction with a third control wind-

ing connected to a source of variable
direct current. Increasing or decreasing

the direct current through the control
winding causes a change in the inductance of the coils on the core. In this
manner, control of ac devices may be
had by the application of direct current
to the control winding
8.84 What is meant by the term
flywheel effect?-It is the effect noted
in a tank circuit (resonant circuit)

which will cause the circuit to continue to oscillate after the excitation

Fig. 8-87.

Interstage transformer with

resistors connected across the secondary
to supply a center tap for push-pull
operation.
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47.0

190

i

14.14

69.0
108.0

16.8

2.9

3.6

-

8.4

83.0
75.0
71.0
50.0
37.0
17.0

130.0
128.0
123.0
119.0
104.0

154.0
146.0
142.0
135.0

161.0

200

15.8

42.0
76.0

58

2.9

13.0

208.0
198.0
191.0
184.0
181.0
175.0
168.0
164.0
160.0
142.0
116.0
106.7
102.0
77.0
61.0
33.0
21.0

250

18.25

40.0

17.6

5.8

16.8

67.0
50.0
36.0

104.0

125.0

156.0

164.0

174.0

282.0
272.0
262.0
256.0
247.0
240.0
237.0
231.0
225.0
205.0

333

22.36

4.4

381.0
375.0
368.0
342.0
301.0
290.0
282.0
233.0
207.0
154.0
125.0
104.0
69.0
42.0
17.6

38.5.0

436.0
426.0
417.0
405.0
399.0

500

24.5

4.4

210.0
177.0
150.0
108.0
76.0
40.0

534.0
520.0
506.0
497.0
484.0
475.0
471.0
462.0
154.0
424.0
380.0
361.0
353.0
306.0
272.0

600
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pedance Za, between taps on a transformer (Fig. 8-88A), may be calculated
as follows:

(

=

-1Y
or Z.

( V Z, -

where,
Z.,

is the unknown impedance,
the lower impedance tap,
is the higher impedance tap.

Z: is
Z,

As an example; assume it is desired to
know the impedance (Z.) between the
250- and 500 -ohm taps on the transformer illustrated in Fig. 8-88A
Z.= 250

=

(/ -250-1)
1)'
(1.41

In Fig. 8-89C is shown a coil consisting of a primary and a secondary

vided.

- 1)'

Fig. 8-89D is that of a four -winding
repeat coil Each coil is identical with

= 250 x .41
= 250 x 1681
= 420

the others as to its turns, distributed
capacity. inductance, dc resistance, and
Q. The four coils arc assembled in such

Thus, the impedance between the 250 and 500 -ohm taps is 42 ohms. A chart
for determining the impedance between

taps of a transformer without calculation is given in Fig. 8-88B. The known
taps are plotted across the top and the
left side of the chart. Assume it is de500 ----z3
ne

ter -tapped. The coils may be connected
in series or in parallel depending on the
impedance requirements.

with taps at various impedance points.
In this design, the taps are unbalanced
relative to ground; no center tap is pro-

250 (

= 250

typical two -coil repeat coil or isolation
transformer. An electrostatic shield is
brought out to a separate terminal for
connection to a transmission ground
system. The core may be brought to a
separate terminal or tied internally to
the case, or in some instances, the core
is left floating. In Fig. 8-89B is shown
a coil or transformer employing a single primary center -tapped with multiple secondaries, two of which are cen-

' 250

Fig. 8-88A. Transformer for example in
Question 8.88.
sired to know the impedance between
a 600 -ohm and a 30 -ohm tap. Entering

a manner that the distributed capacity
between them is at a minimum. The
coils arc generally connected hum bucking. (See
A variety of impedance relations may
be obtained by connecting the primaries in series or parallel and the secondaries in a similar manner. Coils of this
type are generally cased in a multiple
shield (see Question 8.51) to prevent
pickup of noise or external magnetic
fields. An electrostatic shield prevents
the transfer of noise between windings
while the signal currents are passed
inductively.
The coil shown in Fig. 8-89E is
tapped choke or reactor with one term-

the chart at 30 ohms at the left and
reading to the right to the 600 -ohm

mal connected as a center tap.

column the impedance is found to be
361 ohms. The square root of various

ity or phasing of transformer windings be

impedances from 2 to 600 ohms is given

circuit given in Fig. 8-90. Here an oscil-

at the foot of the chart for convenience
when calculating an unknown imped-

lator or a source of 60 -Hz voltage is
connected through a half -wave diode

ance

In Fig. 8-88C is shown a typical out-

8.90

How may the electrical polar

established?-By the use of

the test

rectifier to the primary of the transformer to distort the waveform of the

250,

applied voltage. The oscilloscope is first

500, and 600 ohms, with the impedances

connected to the primary and the attitude of the waveform is noted. The os-

put transformer with taps at

15,

hetween windings indicated, for ready
reference.
8.89 How are the terminals of

re

transformer or a coil identified?-Standard terminal terminology is used to
identify the terminals. In Fig. 8-89A is
shown the terminal markings used on a

cilloscope is then connected across each
secondary winding and the attitude
again noted.

If the waveform has the same attitude, it is of the same electrical polarity or in -phase with the primary wind-
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15"

Fig.

389

5

Ett0w.

-0
C

WIELD

8-88C. A typical output transformer

with taps at 1S, 250, 500, and 600
ohms. The in-between impedances are
indicated

for

ready

Fig. 8-89C. Configuration of a two -winding coil, no center tap.

reference.
GO

ing. If the attitude is reversed by 180
degrees, it is of opposite electrical po-

larity or 180 degrees out of phase. The

in -phase terminals are marked plus minus (2.-) for identification. This procedure may be used for identifying the
polarity of either power or audio transformers.
Fig. 8-89D. Impedance -matching trans-

former or repeat -coil terminal identification. The above coil contains four identical windings. For series connection, 3A
to 1 B, 6A to 48. For parallel connection,
1A to 18, 3A to 38, 4A to 413, 6A to 68.

A

START

Fig. 8-89A. Configuration of two -winding coil with center tap.

211c

OE

RE
110

CT

Fig. 8-89E. Center -tapped reactor.

SO

srARr

nt
CSTI"

8.91
What is the formula for calculating power transfer?-A 6 -volt generator with an internal impedance of

: 430

MELD

600

8-898. Impedance -matching transformer with multiple secondaries.

Fig.

ohms connected to a load of 200

ohms is shown in Fig. 8-91A. Applying
Ohm's law, the current is:
OSCILLOSCOPE

0

OSCILLATOR

100ta
c

Fig. 8-90. Test circuit for identifying the electrical polarity or phasing of transformer windings.
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I=

R

500o.
6

- 600 4- 200

OV

0.0075 amp

AL 200A
P11 254;41

V

Fig. 8-91C. A 600 -ohm generator working into a 600 -ohm load.

=

600

Fig. 8-91A. A 600 -ohm generator working

E

1200

into a 200 -ohm load.

= 0.005 amp

The power delivered to the load may

P = I -R
(0.005)- x 600

be calculated:

= 0.015 or 15 milliwatts

P = PR
= (0.0075)' x 200
= 0.01125 or 1125 milliwatts
In Fig. 8-918 the generator is connected
to a load of 1.000 ohms The power de -

The same theory may be applied to a
vacuum tube with the plate resistance
of the tube acting as the generator impedance and the plate -load resistance
acting as the load resistance.

Fig 8-91D illustrates graphically the
power -transfer characteristics of a generator terminated in loads varying from

a lesser to a greater amount than the
internal impedance of the generator.
At the point where the load resistance equals the internal impedance of
the generator, a maximum transfer of
power is effected
Fig. 8-918. A 600 -ohm generator working into a 1000 -ohm load.

livered in this example is 14 milliwatts.
In Fig. 8-91C the generator is connected to a load of 600 ohms which is
equal to its internal impedance. Solving

for I:

8.92

What is a toroidal coill-This

type of coil construction is explained in
Questions 6.68 to 6.71.
8.93 What is a geoformorl-A spe-

cial type transformer designed for use
with geophysical measuring equipment.

The frequency range of such transformers is limited, generally to the

13

0
100

203

300

400

500

600

700

SOO

is oms
Fig. B-9 ID. Power -transfer characteristics.
LOAD RESISTANCE

900

;003
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Fig. B-94. Encapsulated toroidal coils. Because of their design, toroidal coils may be
mounted one over the other without fear of intercoupling. Severol encapsulated coils
arc shown using a single nonmagnetic machine screw ready for mounting.

range of 5 to 500 H7, tapering off slowly
after 500 Hz.
8.90 What is on encapsulated coil?

A'
1-

-A coil which after being wound is
completely enclosed in a moulded plastic case as shown in Fig. 8-94.
8.95 What arc the formulas for calculating the inductance
spiral, and multilayer coils?-They may
be calculated by the use of either
Wheeler's or Nagaoka's formulas. The

accuracy of the calculation will vary
between one and five percent. Using
Wheeler's formula for the single layer
coil shown in part (a) of Fig. 8-95, the
inductance may be calculated as follows:

L =.9B

B'N'
4- 10A

151

Fig. 8-95. Single and multiple -layer inductors. (a) Single layer. lb) Multilayor.
Ic) Spiral.
practical or too costly. The connections
for boosting the line voltage arc shown
in Fig. 8-9GA and the connections for
decreasing the line voltage are shown
in Fig. 8-963. It will be noted that,
when reducing the line voltage, the
secondary coil is connected to buck the
line voltage, thus reducing it. The coils

booster transformer must be
capahle of carrying the full -load curof the

microhenries.

rent. For light loads, a filament or bell -

For the multilayer coil in part (b) of
Fig. 8-95,
CUT

L

6B + 9A 4- 10C

microhenries.

For the spiral coil in part (c) of Fig.
8-95,

L - 8BB'N'
+ IIC

microhenries,

where,

8-96A. Booster transformer connections to increase line voltage.

Fig.

N is the number of turns in the col:,
A is the length of the winding,
B is the radius of the winding,
C is the thickness of the winding,

What is a buck -boost transformerl-A transformer used in power transmission work to increase or decrease the line voltage where a con-

CUT

8.96

ventional transformer would be im-

Fig. 11-968. Booster transformer connec-

tions to buck line voltage.
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ringing transformer may be used as a

and strong electrostatic fields caused by

buck -boost transformer.
8.97 What are the general con-

switching circuits and radio transmissions.

siderations given to a transformer re-

Hum pickup may be reduced to a

garding operating toodl-A
power
transformer shonld, if possible, be oper-

great extent by the design of the coils,
core, and general construction of the

ated at about 90 percent of its normal
rated load because the current in the
secondary winding or windings will

transformer.

power. Therefore, It is desirable to keep

Two identical coils are wound on
opposite legs of the transformer core
The direction of one of the coils is reversed from the other. The two coils
are then connected in series by reversing their connections. This type connection does not cause bucking of any
current generated by the windings.
However, if any hum voltage is in-

the true power close to the apparent

duced

power to reduce excessive voltages and

source, such

currents in the circuit.
A power transformer loaded to one fifth its normal load -carrying capabilities can cause arcing and break down
the insulation between layers of the
coils. Under full -load conditions, the
inductive reactance of the primary
winding is almost completely cancelled

or from an adjacent transformer, this
will in turn induce a hum voltage in

bring the voltage and the current in
phase, reducing the phase angle, which
results in a power factor closer to unity.

The power factor of an ac circuit

is

the cosine of the phase angle, or the
ratio of the true power to the apparent

in the

core
as

from an outside

through the chassis

windings. With the transformer
constructed as described, equal hum
voltage is induced in the coils on each
the

leg but one voltage will be 180' out
of phase with the other, and thus be

force

cancelled out. In addition to the winding construction described in the fore-

caused by the flow of current in the

going, the whole transformer is encased

by

opposing

the

magnetizing

secondary windings. Thus, the phase
angle between the true and apparent

power is small and the power factor
brought close to unity. As a rule, power
transformers will show a power factor
of 0.90 or more, with efficiencies of 95
percent when properly operated.
8.98 How is a hum -bucking audio
transformer constructed)-In modern

high -gain amplifiers, the input transformer is generally required to work
from

a

very low-level signal

input.

Under these conditions of high gain
and a low-level signal, it is necessary
to make use of specially designed input transformers which will not be
affected by extraneous magnetic fields

in

a nested shield which further re-

duces the effect of extraneous magnetic
fields. Nested shields are discussed in
Question 8.51.
8.99 Describe

how

single-phase

power may be converted to three-phase
power operation.-Several circuits have

been developed for this purpose. The
circuits to be described may be used
for recording and reproducing equip-

ment motor circuits, or for any other
purpose where only a source of singlephase power is available and threephase power is required.
The basic circuit used In the Westrex
RA -1511-A converter, a nonrotating device devised for converting 115 -volt

PHASE

LOAD

use

VIOL(
PHASE

Fig. 8-99A. Basic circuit of Westre RA -1511-A converter, used to convert singlephase power to three-phase power.
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single-phase power to 230 -volt threephase power for driving camera motors,
is shown in Fig. 8-99A. The circuit elements provide a means for correcting phase unbalance when motors are
changed, and to compensate for changing load conditions.

reading (300 V), which is twice the line
voltage read on meter Ml (150 V).

A continuously variable autotransformer T3, connected across the pri-

mary of transformer TI, permits the
incoming line voltage to be adjusted
to set the three-phase output voltage
to its proper value. Voltmeters across
the single-

and

three-phase voltage

circuits permit the voltage to be monitored during actual operation.
In the commercial model, relays and

Basically, the circuit consists of a
Scott transformer connection developed

are provided for protection
to the capacitors and transformers in
the event that trouble should develop
in the load circuits.
In Fig. 8-9913 is shown another circuit developed for converting singlephase current to three-phase current,
hi this circuit a parallel resonant circuit is connected in series with one
leg of the developed three-phase current. This resonant circuit shifts the
phase of the output current between

originally for the conversion of two-

82 and 90 degrees, thus creating a third

phase power to three-phase power. Us-

phase. For proper operation the frequency of the resonant circuit is adjusted under a given set of load conditions to provide the proper voltages

switches

Fig. 8-998. Schematic diogram showing
how single-phase current may be converted to three-phase current by the use
of a resonant circuit in the secondary
circuit.

ing the circuit shown, the cnrrent

in

the primary of transformer T1 is shifted
90 degrees with respect to the primary
of transformer T2 by the connection of

a capacitor C of the proper value in
series with the primary of transformer
Ti. Thus, two-phase current is provided from
Three-phase

a

single-phase

source.

current wiU only exist

when the secondary sides of T1 and Ti
are connected to an external threephase inductive load, such as a motor.

The circuit is adjusted for a given
set of load conditions by selecting a
value of capacitance which will bring
meters M2 and M3 to the same voltage

to the external load circuits.
A third circuit, developed by William
Ashworth, is given in Fig. 9-99C, and is
suitable for driving 3 -phase Y -connected motors of 1 to 3 horsepower.
one side of the single-phase
power A is connected directly to phase
A of the three-phase motor circuit. The

Here,

initial current flowing from line B of
the single-phase power source flows
through a spring -loaded relay winding
to phase B of the motor circuit closing
the relay contacts and inserting start -

(:F

230v
10 INPUT
NORMALLY OPEN

SPRING LUAU 0

se
mos

RUN
0:

Ca)

1

204.13oF

Fig. 8-99C. Circuit for converting single-phase power to three-phase power for
motor circuits.
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ing capacitor C2 into the circuit. This
causes a reduction in the current flow
through the relay winding. The spring -

loaded action opens the contacts, disconnecting starting capacitor C2, leaving the relay winding connected in

series with phase B. With the relay
contacts open, running capacitor Cl is
in the circuit creating a path from in-

The most critical part of this circuit
is the relay, since its winding must be
capable of carrying the motor current,
and yet be able to open and close within

the normal operating current range of
the motor. In some instances the motor
may not draw sufficient current when
starting to actuate the relay, therefore

to

the motor will not start. In this instance,
some experimenting may be required to

phase C of the three-phase motor cir-

adjust the relay for the required bal-

cuit.

ance between the starting and running
currents. The described circuit will approximate a phase difference of 120 degrees between the three motor leads.

put line "B" of the single-phase,

Approximately 200 µF. of starting capacitance is required, with 20 to 60 siF

for the running capacitor Cl, or about
20 j.iF per horsepower. An ammeter
should be inserted in each leg of the
motor circuit when it is operating under
load conditions and the capacitance ad-

justed for equal current in the three
legs.

8.100 Describe the construction and
operation of a constant -voltage trans-

former.-Constant-voltage transformers
are special type transformers, containing voltage -regulating circuits, which
automatically correct for line -voltage

(27\
PLUA PATH

Fig. 8-100A. Constant voltage transformer type CVS. (Courtesy, Solo Electric, Division of Sole Basic Industries)

Fig. 8-100C. Cross-sectional view of the
core and coil construction of a Solo Electric Co. constant -voltage transformer.

-0
LOAD
LOAD

Fig. 8-100B Basic circuit for Solo Electric Co. constant -voltage transformer
using three coils.

Fig. B -100D. Basic circuit for Solo Electric Co
constant -voltage transformer

using four coils
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0
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5

LINE VOLTAGE DEviAT10NS-% MAI NOMINAL

Fig. 8-100E. Residual variations within 1 -percent limits, for Solo Electric Co. constant-voltoge transformer.
110-

............
3 90
0
`a

80

N

if
60

5010

20

30

40

SO

60

TO

80

so

100

110

INPUT VOLTAGE -% Or NOMINAL

Fig. 8-100F. Characteristics for loads less than 100 percent.
changes, thus maintaining the load voltage constant. These transformers have
no tubes or mechanical parts, and ex-

cept for a slight hum, are noiseless. It
should, however. he pointed out, these
devices do have fairly strong magnetic

fields and when installed, should be
placed at some distance from equipment sensitive to such magnetic fields,
particularly magnetic -recording equipment.

Constant -voltage transformers will be

of interest to the audio engineer since
many pieces of equipment in a sound
installation require voltage regulation
to within 1 percent of their normal
operating voltages. Among these are

transistor
amplifiers,
vacuum -tube
heater and plate voltages, exciter lamps
for optical film recorders, projectors,
reproducers and similar devices. It is a
well-known fact that when vacuum

tube heater voltages are maintained
within 1 percent, tube life is lengthened
and the signal-to-noise ratio is increased. A model CVS constant -voltage
transformer, manufactured by Sola
Electric, is shown in Fig. 8-100A, and
is typical of the type used for the above
purposes.

Constant -voltage

transformers

by

Sola are manufactured in two types.
the sinusoidal type CVS and the normal -harmonic type CVN. Both trans-
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formers will regulate the output voltage
to within 1 percent or less for a line

regulating circuit involves the use of

voltage variation between 95 to 130 volts
at the primary. The type CVN has about
14 percent THD and is used where linc-

winding (3), and a resonant winding
(2), connected in parallel with a capacitor (C). A cross-sectional view of

frequency harmonics are of little con-

the internal construction appears in
Fig. 8-100C. Primary winding (1) and

three coils, a primary (1), compensating

sequence. Type CVS contains, besides

the voltage regulating circuits, a harmonic -suppression circuit which reduces the internally generated harmonics to 1.5 to 3 percent (depending

compensating coil (3) are layer wound

on the load conditions). Since the basic

same leg, but isolated from the primary
and compensating winding by a magnetic shunt.

one over the other on part (A), of the
center leg of the core. Resonant winding (2)

principle of operation is the same for
both type regulators, the normal harmonic type (CVN) will be discussed

is wound or. part (B) of the

When an alternating current of low
voltage is impressed across the primary

first.
Referring to Fig. 8-100B, the voltage -

winding, the resulting magnetic flux,

10:1
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Fig. 8-100G. Effect of increasing tho load on the output voltage for Sala constant voltage transformer.
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Fig. 8-1001. Effect of the change in median voltage level with changes in load and
load power factor.

induces a voltage in winding (2). Be-

the resonant winding is wound (part

cause of the reluctance of the air -gaps
in the shunt path, this voltage roughly
approximates the turn -ratio voltage.

B), and of greatly reducing the relative
reluctance of the shunt system so that
subsequent variations in flux, produced
by changes in the primary circuit, are
largely absorbed by the shunt system,
and the voltage change in the resonant
circuit is small. It remains only to
compensate for this small change, and
that is accomplished by winding (3).

As the voltage across the primary is
increased, more flux threads through
part B of the core structure. When this
flux density becomes such that the inductive reactance of winding (2) ap-

proaches the value of the capacitive
reactance of C at the frequency of the
exciting voltage, this circuit becomes
resonant and the voltage appearing
across winding (2) rises rapidly to a
stable, predetermined value which is

The shunt system also operates to
loosen the effective coupling between

the resonant circuit and the primary

higher than the calculated turn -ratio

winding so that once resonance is attained, the primary is required to supply only enough energy to overcome

voltage. This has the effect of increas-

the iron and copper losses of the system

ing the magnetic density in that portion of the magnetic circuit on which

in order to maintain the oscillation at
no load.

Fig. 8-1001 Internal circuitry for Solo
Eiectric Company three -wire, constant voltage transformer.

8-100K. Internal connection for
constant -voltage transformer type
CVS, with harmonic -neutralizing circuit.
Fig.
Solo
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Since the voltage across winding (2)
is stable once resonance is attained, it
may be used as a basis of constant -output voltage of the transformer. The
output voltage is obtained by tapping
across a portion (or all) of the resonant
winding coil (2), Fig. 8-100B, or from
an additional winding (4), wound over
the resonant circuit (Fig. 8-100D). In
either case, the compensating winding
(3) is connected in series with the output load opposed to it. When this winding is so proportioned that the change
in voltage induced by a change in primary voltage is roughly equal to the
change appearing in the output, the
resultant output voltage remains con-

former described in Question 896. The
efficiency of these transformers is on
the order of 75 to 90 percent. Power factor correction is discussed in Questions 3.58 to 3 60. As a rule, constant voltage transformers are not used on
motor circuits supplying sound recording and reproducing equipment.
Voltage -regulating transformers of
the CVS type, have 1 to 3 percent harmonic distortion, compared to 14 to 20
percent for the standard CVN type. To
reduce such distortion, a harmonic neutralizing circuit (Fig. 8-100K) is
used. The primary coil (1), resonant
circuit winding (2), buck -coil (5), ca-

stant and independent of the voltage
variation in the primary circuit.

ture all function in the same manner as
described for the CVN. Coils (3) and
(4) of the neutralizer circuit are wound
at opposite ends of the common core,
and separated by a high reluctance

Once resonance has been established

in winding (2), the balance between
the magnetic flux in part (A) and (B)
of the core is maintained by the buffer
action of the magnetic shunt system.
Therefore, any load applied ton winding on part (13) will result in a passage
of greater amount of useful flux through
(13) from (A), exactly compensating for
the energy consumed, and at the same

time maintaining the oscillation of the
circuit (2). The transformer then delivers regulated voltage within its rated
capacity.

A regulation curve of 1 -percent output voltage is shown in Fig. 8-100E,

with regulating curves for loads less
than 100 percent shown in Fig. 8-100F.

The graph in Fig. 8-100G gives the
effect of increasing the load and its
effect on output voltage. The effect of
changing frequency on a normal out-

pacitor (C), and the main core struc-

magnetic shunt. The neutralizer assem-

bly is connected into the resonant circuit, as most of the distortion (third
harmonic) is generated in the particular portion of the electromagnetic circuit.

Coil (4) in series with the resonant
circuit, when considered alone, will
have three times the impedance for
third harmonic currents as for the fundamental frequency. ft thus offers considerable filtering action by its mere
presence. The neutralizer circuit also
reduces smaller harmonics, consisting
of 5th, 7th and higher odd harmonics.
Coil (3) connected in parallel with one

section of the resonant winding

(2),
proportional to all
unwanted harmonics by the selection of

develops voltages

put voltage is shown in Fig. 8-100H. The

a suitable winding and proper polari-

effect of changes in the load power is
given in Fig. 8-1001. The circuitry for
a 3 -wire constant -voltage transformer
is shown in Fig. 8-100J. This transformer will supply the same regulation
for the following conditions. from the
236 -volt terminals alone, from either of
the 118 -volt legs, from a combination
of the 236 -volt and 118 -volt loads, or

ties. Since the above voltage -regulating
transformer isolates the load portion

from unbalanced 118 -volt loads.

Voltage regulation may be obtained
from loads other than unity power fac-

tor; however, only at the expense of
lower output voltage. If the lower voltage under the lagging power factor is
objectionable, correction may be made
with capacitors connected at the load,
or by means of the buck -boost trans-

of the circuit from the main ac source,
a separate ground must be supplied.
This is often a distinct advantage for
eliminating heavy ground currents.
8.101 Whet precautions should be
ob
d whoa using constant -voltage
transforrnerst-They should be installed
at least 50 to 100 feet distant from amplifier equipment having a considerable
amount of gain. This is particularly true
for photocell and microphone preamplifiers Magnetic recording and reproducing equipment due to its nature should
not be placed within Icss than 50 feet of
such transformers, and farther if practical. Voltage readings at the load side
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must be made using either a dyna-

where the regulation must be in the

mometer or thermocouple -type meter

region of 025 percent.
Operating sinusoidal

(such as a Weston -662). Rectifier -type
meters or vacuum -tube voltmeters
should not be used, as the readings nay

vary several volts, depending on the
percent harmonic distortion of the voltage. It is possible for a vacuum -tube
voltmeter to read 120 to 127 volts for
an actual voltage of 117 volts. (See
Question 22.103.)

The change in output voltage result-

ing from a resistive

load is

usually

small, running to less than 1 percent.
The power -factor will cause the out-

put voltage to vary from the normal
rating of the transformer if the load
circuit has a power -factor other than
that specified on the transformer data

voltage trans-

formers in tandem may increase the
harmonic distortion up to about 5 percent. Also, the transformers become
more frequency sensitive because of the
two resonant circuits, one in each transformer. This alone can cause about 0.25 percent variation in regulation. The
first, or driver, transformer must be

slightly larger in capacity to overcome
the losses of the driven unit. The first
transformer may he of the nonsinusoidal type, and the second a sinusoidal
type if necessary.
8.103 Can constant -voltage trans.
formers be connected in parallel? -11

plate. Load regulation will also he relatively greater as the inductive load
power factor is decreased.
8.102 Can constant -voltage transformers be connected in tandem to improve regulation?-Yes However, when
two units are connected in tandem, the

the transformers are of the same voltage rating and capacity, the primaries
or secondaries may be connected in
parallel to obtain a greater power output. However, regulation may suffer.
8.104 Describe an electromechanical voltage regulator.-Electromechanical line -voltage regulators combine the

outpnt of the second unit will show
little or no detectable change arising

power -handling capabilities of a motor driven variable autotransformer with

from supply -line variations up to about

the fast response and accuracy of an

15 percent. Cascade or tandem operation
is recommended for special applications

electronic feedback loop. This type reg-

ulator introduces no harmonic distor-

6

-;

Fig. 13-104A. General Roche Co. Model 1581-A electromechanical voltage regulator.
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8-104B. Block diagram of the electromechanical voltage regulator Modal

1581-A manufactured by the General Radio Co.
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tion,

after filtering, is compared with a 9 -volt

tive to load currents With proper dethe output voltage
constant with wide swings of line frequency, a factor most important in the

reference voltage derived from a zener
diode. The resultant difference voltage
is chopped into an ac error signal, with
a magnitude proportional to the output
deviation; the phase is determined by
the direction of the deviation.

and is totally unaffected by
changes in load power factor, from zero
leading, to zero lagging, and is insensisign it can hold

regulation of voltage from portable and
emergency generators. It is well suited
for applications involving heavy start-

ing currents and can withstand overloads up to 10 times the rated output
current. Such regulators may be obtained with power -handling capabilities up to several kVA, for either single
or three-phase operation. Such a voltage regulator is pictured in Fig. 8-104A,
manufactured by the General Radio
Co., with a block diagram of its circuitry shown in Fig. 8-104B. Voltage
deviations at the output activate a

The ac error voltage from the conunit drives the two-phase servo
motor, with the phase and magnitude
determining the direction of rotation
and the motor speed. The motor drives
trol

the autotransformer

through a gear
train. Because the output voltage of the
autotransforrner is stepped down by the
action of the buck -boost transformer,
the full adjustment range of the auto -

Variac autotransformer, and a stepdown buck -boost transformer. The deviation is thus translated into a correc-

transformer can be used to produce a
relatively narrow range of control. Remote circuits are provided for connections to the load -line at some selected
point. Thus, corrections are made for
the voltage drop in the supply line.
Two screwdriver controls on the
front panel provide for adjustment of
the amplifier gain and output voltage.

tion voltage that is added to, or sub-

The dial indicates the percent difference

tracted from, the input to bring the regulated voltage to the correct value. The
solid-state control unit converts any

small deviation in output voltage into
a proportional electrical signal to drive
the motor. The deviation is first sensed
by an rms detector whose dc output,

between the input and output voltages
and permits manual voltage adjustment
ranges from 0.25 to 0.50 percent of the
output voltage, with response speed of
20 to 160 volts per second, and a correction range of 82 to 124 percent, depending on the model.

(a) Silectron grain -oriented "C" cores.

(b) Sitectron grain -oriented "E" cores.

servo -feedback loop consisting of a
control unit, a two-phase motor, a

0
(c) "E" and "I" lamina-

(d) Powder core.

(e) Toroidal -coil core

tions.

Fig. 8-105A. Typical cores used for power and audio transformer construction, and
monufactured by Arnold Engineering Co.
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Fig. 8-10513. Comparative grain arrangements. (Courtesy Westinghouse Electric and

Manufacturing Co.)
8.105 Show the different type core;
and laminations used in the construction
of audio transformers. - Transformer

laminations and cores are many and
varied. It is the trend in the manufacture of high -quality audio transformers

to use the "C" and "E" type, grain oriented steel cores, as shown at parts
(a) and (b) of Fig. 8-105A. The particular group of cores shown are manufac-

tured by Arnold Engineering Co., and

marketed under the trade name of
Silcctron. Grain -oriented steel is a cold -

rolled grade of 3 -percent silicon steel,
manufactured by the Allegheny Ludlum Steel Corp. It has high -saturation
flux density, lower core losses, and
lower exciting volt-amperes than regsilicon steel. This high degree of
orientation is preserved by the cutting
of the core and the gapless construction.
The steel strip is coated on both sides,

This results in a very high high -density
permeability, high low -density permeability, high incremental permeability,
and very low losses in the direction of

the rolling. For comparative grain arrangement of ordinary silicon steel and
grain -oriented silicon steel, refer to Fig.
8-10513. Each arrow represents the di-

rection of easiest magnetization of the
individual crystals forming the steel.
The "E" shaped cores at Fig. 8-105A,
part (b) are used for shell -type transformers, where the coil is placed over
the center leg. The "E" and "I" laminations shown in part (c) are used for
both audio and power transformers.
The powder core shown in part (d) is
designed for two halves, one over the
other, completely enclosing the coil. The

toroidal core shown in part (e) supports the coil, which is shuttle wound
around the core. The "C" and "E" cores

which provides good interlamination
resistance with a negligible effect on the

are also used for pulse transformers

space factor. The coated strip is slit to

formers.

the

proper width, and wound on a
mandril to make a gapless core. The

8.106 Describe a plug-in audio
tronsforrner.-Because of the small size

core is then annealed to relieve winding

of solid-state amplifiers, and the fact

stresses, and cut to produce two core
halves, with a highly polished surface.

trays, it has become necessary that

The effective air gap, when the surfaces
arc placed together, is 0.001 inch.
Similar cores manufactured by West-

take the same form. Fig. 8-106 pictures
snch a transformer, manufactured by

and for 400- to 3000 -Hz power trans-

that they can be plugged into mounting

audio transformers in some instances

inghouse are known under the trade

McCnrdy Radio Industries Ltd, of Can-

name of Hipersil. The magnetic properties of grain -oriented steel are achieved

ada,

by the orientation of the steel crystals
through rolling and heat treatment. Individual crystals line up with their

edges essentially parallel to each other
and parallel to the direction of the rolling sheets. Where crystals are oriented
to all face in one direction, the steel has
a much higher magnetic permeability in
that direction than does steel with crystals pointing at random. Because of this

designed in module form. The
transformer is assembled using a contemporary dual glass -epoxy card design with gold-plated printed circuitry.
Internal electrostatic shields are provided with a heavy external magnetic
shield, to

reduce pickup from stray

magnetic fields. The transformer shown

a repeat coil, employing four windings, that may be connected for 150- or
is

oriented steel requires a smaller exter-

600 -ohms impedance.
8.107 How may three-phase loads
be controlled using two variable autotransfolmersl-Two 120 -volt autotrans-

produce a
given flux than does unoricnted steel.

formers arc connected in open -delta, as
seen in Fig. 8-107. Maximum voltage

arrangement

of the

crystals, grain -

nal magnetizing force to
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Fig. 8-106. Plug-in repeat coil manufactured by McCurdy Radio Industries Ltd.
of Canada.

attainable can be either the line voltage,
or 17 percent above the line voltage by
using the over -voltage connection. The
load rating for a single unit is V 3 or
1.732 times that of a single unit. If 240 volt autotransformers are used, an out-

put voltage of more than double the
supply voltage is possible, although the
current and power ratings are halved.
8.708 How arc three autotransformers connected for three-phase operation?

-Three 120 -volt autotransformers are
wye-connected, us in Fig. 8-108. This
connection is possible because the voltage from the line to neutral of the wyeconnected assembly is the line voltage

Fig. 8-107. Controlling
load using two 120 -volt

a

three-phase

totrantformcrs connected open-delto.

8.109 Describe the construction of a
unity -coupled driver transformer for a
class -8 transistor push-pull amplifier.In Figs. 12-255 and 12-256, are shown
two transistor amplifiers capable of producing 100 watts of audio power, with
low distortion. To drive the output
stages, a driver transformer of tow
turns ratio and low impedance, having
as close to unity coupling between
windings as possible, is required. To ac-

quire such coupling, the primary and
secondary windings must be wound bi-

filar style, that is-the wires must be

divided by the Nri Thus, in the case

wound parallel, or side -by -side. (See
Question 5.16.) The primary is split into

of the 240 -volt three-phase line, the

two or more coils and wound along

voltage across each unit will be 138
volts. Since each single unit is wouud

with the secondaries. These windings
are tenned bifilar, trifilar and pentafiLar,
depending on the number of wires con-

for 140 volts across the whole winding,
three 120 -volt units can be wye-connected if the over -voltage connection
is omitted. Although the over -voltage
connection cannot be used, the kVA is
increased by the ratio of 138/120. The

cerned.

load rating of the wye-connected assembly is 3.47 times that of a single

A typical bifilar-wound transformer
that may be used as the driver transformer for the amplifier of Fig. 12-255
is wound, using a split -primary bililar
wound with two secondaries. A 600 turn primary is first wound on a nylon

unit. Similarly, 240 -volt units can be

bobbin with

used on 480 -volt three-phase lines.

using Number 30 enameled wire. Next,

a

3/4 -inch square hole,

AO -240V
A 240V

C 0-240V
240V
3 740VCIvr6411g4t

Pig. 8-108. Three 120 -volt autotransformers connected for 240 -volt, three-phase
operation. The over -voltage connection cannot be used.
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Fig. 8-109A. E and I core laminations used in class -B driver transformers for transistor power amplifier.

two secondaries arc wound, using two
(bifIlar) of
simultaneous windings
Number 27 enameled wire for 200 turns.
The primary is then continued by wind -

EMIT TER

200 TURNS

IISI
r. [MIT 1ER
S

START
F1NISE1

the other windings. The ends are
brought out and the starts and endings
indentified. The approximate dc resistance of the primary is 45 ohms, and of

the secondaries, 3.3 ohms each. The core

6

1200 TURKS

ing another 600 turns over the top of

200 TURNS

- -a

is made of EL -75, grade M-19 silicon
steel "E" and "I" laminations, using a
I -mil air gap (see Fig. 8-109A). Enough
laminations are used to fill the hole in
the bobbin (%-inch). This results in a
transformer with a turns ratio of 6:1:1.

In using the transformer, the proper

BASE

8-1098. Driver transformer coil
configuration for transistor class -B pushpull amplifier stages.
Fig.

polarities must be observed. This may
he determined with the use of a compass and a dry cell, or us described in
Question 8 90.
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Section 9

Sound Mixers
The design of todays sophisticated mixing console is quite complex, due to the
multiplicity of devices associated with the mixing network. Many will recall when
paralleled battery rheostats were used as mixer controls for broadcasting and motion picture sound recording, and will view the modern console as an outgrowth of
the basic principles applied at that time. With miniaturization, many components
arc now included in the mixer network, rather than at a remote position. Printed
circuit plug-in designed components facilitate replacement in the event of failure.
Any of the vacuum tube designs may be used with solid-state components, with
certain considerations.

Several different type solid-state and vacuum -tube mixers are discussed. A
twelve -position, three -section, four -bridging bus dubbing mixer is described, with
its associated monitoring, talk -back, reverberation, and signal circuitry. Solid-state
devices employed in mixing consoles are discussed in Section 12.

on the level or frequency character-

9,1
What is a sound mixer?-A resistive network designed to provide a
means of combining several separate
audio signal sources into one composite signal. The signal sources may
consist of dialogue, music, and sound
effects. The sources of signal may be
from a broadcast line, optical or magnetic film sound tracks, records, a live

istics of the other signal sources in the
network. For broadcasting and recording purposes, at least six positions are
For recording purposes,
required.
equalizers, filters, and other devices are

included in the mixer console but do
not form a part of the mixer network.

pickup, or any combination of these

A mixer console designed for recording
and a-rn and fm broadcasting is shown

sources.

in Fig. 9-1.

The network is designed so that
changing the level of any one of the

9.2 What is low-level mixing?-A
mixing network similar to that shown

individual signal sources has no effect

in Fig. 9-2 which uses no amplification

Fig. 9-1. Ten -position mixing console Model 250-SU, manufac lured by Altec-Lansing.
405
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the

reference to 1000 Hz. This is true for

mixer control. The signal-to-noise ratio
is low for this system and it is not used

both transistor and vacuum -tube types.
Preamplifier design is discussed in

between

the signal source and

professional

in

installations.

This

method of mixing is now obsolete.

Question 12.72.
9.5 What arc the principol components of a mixer console? Mixer net-

works consist of a group of variable
controls, building -out resistors, a sub master and overall master control, and
isolation coils or hybrid cods. In mixer
networks specifically designed for motion picture rerecording, the network
will also include low- and high -fre-

quency attenuators (see Questions 6.80
arid 6.81). For motion picture rerecording at least 8 mixer -control positions
are required, and preferably 12. These

are split into groups of four, with a
submaster control for a given group of
9-2. Twoposition ow -level mixing
network. Signal source is fed direct to
mixer controls without amplication.

controls. A master control is sometimes
included for fading all positions simultaneously; however, this is generally

What is high-lerel mixing?-A
mixing network which uses a preamplifier between the signal source and

confined to broadcast -type mixer cirenits. In addition to the mixer controls,
the networks will include equalizer circuits operated by key switches or push
buttons, which are not really a part of

Fig.

9.3

the mixer control as shown in Fig. 9-3.
The advantage of high-level mixing is
that the signal-to-noise ratio is increased in proportion to the gain of
the preamplifier.
9.4 What is the gain of the average
mixer-preamplifier?-Ahout 40 to 00 dB.
In some of the older installations a
slight amount of equalization is in-

cluded in the preamplifiers to compensate for microphone and recording -

the mixer network, but are often included as a component part. A typical
low-level mixer netwurk is shown in
Fig. 9-2, and a high-level mixing circuit is shown in Fig. 9-3.
The minimum requirements for a
console might consist of the following
components:
4

input circuits.

characteristics. However, in
modern equipment this is the exception

4 fixed attenuators to prevent over-

rather than the rule. Preamplifiers are
designed to have uniform frequency
characteristics from 20 to 20.000 -Hr,
within plus -minus 0.5 dB or less, with

ers during the recording of highlevel program material.
4 mixer controls, straight-line or

channel

loading of microphone preamplifi-

rotary.

Fig. 9-3. Two -position high-level mixing network. Signal source is amplified then fed

to the mixer control.
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master control.

1 program equalizer (variable).
1 graphic equalizer.
1 compressor amplifier.
1 VU meter arid attenuator.
Intercommunication to other parts
of the installation.
Monitor gain control.
Headphone jack and control.
Necessary amplifiers and attenuator networks.
These items may be omitted;
however, for good recording they
should be included if possible.
See Question 952.

functions of the studio are provided on
a panel at the left end of the console.
Two electrically driven footage counters mounted at the right, and operated
from projection machines indicate the
footage for both 16 and 35mm film. The
operating levels shown on the block di-

agram of Fig. 9-6B arc only approximate. and will vary with the type
equipment and installation requirements. The monitor loudspeaker behind
the screen is driven from a 40 -watt
power amplifier in the projection booth.
A mixer console, designed and manufactured by Altec-Lansing, for record-

ing or a -m and fm broadcasting was
9.6

Describe

the

construction

of

typical recording and broadcast miser
consoles.-A small six -position record-

shown in Fig. 9-1. The console contains
10 plug-in preamplifiers, 3 booster amplifiers, 3 program amplifiers (minia-

ing console, designed and built by RCA
is pictured in Fig. 9-6A. The mixer network consists of two sections, each section containing three vertical ladder
configuration mixer controls, and three

ture plug-in), 10 mixer controls, along
with the necessary networks, key switches, and 2 VU meters with their
auxiliary controls. The block diagram

graphic equalizers that may be con-

the left are ten external input circuits,

the mixer

positions by

which may be from any source of

means of push buttons. The outputs of
the two mixer sections are combined

sound, such as a turntable, magnetic
tape recorder, telephone lines, microphones, etc. The output of each preamplifier is fed to a separate mixer

nected

into

in a hybrid coil. Two program equalizers, preamplifiers, compressor -limiter
amplifiers, dB compression and VU

meter, high- and low-pass filters complete the principal components. The
system employs a single bridging bus.
All amplifiers pertinent to the console

are of the plug-in type, accessible at
the rear of the console. Remote control
for house lighting, ventilation and other

for this console appears in Fig. 9-6C. At

control, then through combining networks. 3 -position key switches, and to
three bridging busses. The output circuitry provides for single (monophonic), two -channel stereo, or threechannel/two-channel operation.
Three-channel/two-channel operation consists of using the center position

Fig. 9-6A. Small reresording console which was designed and built by RCA for single
track recording.
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of the bus -selector key switch to feed
a third, or center -channel, mixing bus.
The output from this bus is amplified,
then divided by means of a splitting pad

and introduced into the left and right

For stereophonic use, this
permits the vocal or dialogue to be
picked up on a single microphone and
evenly divided between the left and
right channels. This reduces the need
channels.

Fig. 9-68 Block diagram and approximate operating levels for the mixing console
which is shown in Fig. 9-6A.
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for balancing and microphone matching. In this mode of operation, the variable equalizer is connected in the cir-

for splitting the center of the channel
left and right for use in recording master tapes, where it is recorded on three

for dialogue equalization (see
Question 18.81), Provision is also made

channels, then reduced to two channels
for release on disc or tape. Monitor am -

cuit

by

2
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Fig. 9-6C. Block diagram for the Model 250-SU Altec-Lansing mixer console.
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hg. 9-6D. Ten -position mixing console Model SS4400 manufactured by McCurdy
Radio Industries Ltd. Canada.

plifiers are not included in this console,
since these items vary with the individual installations. A separate power sup-

ply provides the necessary plate and
heater voltages. The frequency response is plus -minus 1 dB, 30 to 15,000

Hz. Distortion is 1.0 percent at plus 24
dB, signal-to-noise ratio, minus 70 dB
referred to plus 18 -dB output, with
minus 50 -dB input.
The Model SS4400 console, pictured
in Fig. 9-6D, manufactured by McCurdy

module -type transformers, monitor amplifiers, and the necessary auxiliary

controls. A total of thirty input circuits
are provided, switchablc to the 10 mixer
positions,

via

the

three -position

key

switches. After leaving the key switch,
the signal is applied to a microphone
preamplifier or a matching transformer.
In addition to the thirty inputs, seven
remote line inputs are available by push

buttons, providing two switchable out-

Radio Industries Ltd. (Canada), is designed for recording and a -m and fm

puts that may be wired to any of the
thirty input circuits. The ten mixer
controls are ladder configuration, and

broadcasting use. The basic circuit con-

feed

sists of 10 mixing positions (with cueing positions), solid-state preamplifiers,
equalizers, VU meters, power supplies,

of key switches for the two program
busses. Two of the mixer circuits in -

10 booster amplifiers. The mixer
network outputs are selected by means

Fig. 9-6E. Electrodyne Model ACC -1204 12 -position mixing console.
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corporate relays for remote control of

at plus 18 dBin. Ten -dB pads are used

the announcing microphone.

between the output of the line amplifier and the output to provide a solid

The two program channels employ
line amplifiers to raise the level sufficiently to provide two output circuits

termination and isolation. An additional

output is provided at each output for

T

_L

TTYrig
1

Fig. 9-6F. Block diagram for Eke rodyne mixer console. This console was especially
designed for use in recording phonograph records.
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headphones. One VU meter is connected

permanently across program amplifier
1, and the second may be switched to
program channel 2 or across four aux-

iliary VU meter inputs for observing
external program levels.

A complete talkback system is included, with push buttons for the selection of the console microphone, or inputs from announce turrets or remote
cue and talkback circuits. Although the
console shown has only one program
equalizer, space has been provided over

each mixer control for installing additional equalizers. The equalizers are
similar to those discussed in Question
6.100. Circuitry is also supplied for connection to an external reverberation

unit, and pre- and post -fades. Shown

at the lower left in 9-6D are plug-in
transformers (see Question 8.106). Preamplifiers, power supplies, and monitor
amplifiers.
The overall frequency response of

this unit

plus -minus 0.5 dB, 30 to
15,000 Hz. Distortion is less than 0.5
percent for plus 18 -dB output. Cross
talk between the two program channels
is not less than 65 dB. Signal-to-noise
ratio is 64 dB for 78 -dB gain at plus
is

18 -dB output.
Pictured in Fig. 9-6E is a 12 -position

mixer console, manufactured by Electrodync, employing integrated circuit
amplifier modules discussed in Question

6.132.

Module -design concept is

throughout the console, where
practical. The mixing network uses active combining networks as discussed
in Question 5.98, thus eliminating the
need for booster amplifiers.
This console has been especially designed for recording, using a four -track
tape recorder (or other types). Each of
the 12 input circuits contain a 6 position
high- and low -frequency
equalizer -amplifier module, with a
used

straight-line mixer control. Four separate output circuits, each with its own

VU meter, provide visual monitoring
facilities. A block diagram of its internal circuitry appears in Fig. 9-6F.
9.7 Describe the construction of a
single- and multiple -mixer control.-The

internal construction of a Model K-1
Gotham Audio Corp., single -element
control is pictured in Fig. 9-7A. The
control element is straight-line operated, although the attenuator element
is a rotary one. The configuration of the
control is the ladder attenuator discussed in Question 5.51. The attenuator
element is hermetically sealed, with the
contacts encapsulated in liquid silicone
oil to reduce contact noise. The length

of travel is 5% inches, employing a
total of 56 contacts. In the upper 60
percent of travel (the usual operating
range), the attenuation is 0.5 dB per
step, with an increasing taper up to 85
dB before reaching infinity.
The attenuator element is actuated by

Fig. 9-7A. Interior view of Model K-1 Gotham Audio Corp. vertical mixer control.
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Fig. 9-78. Interior view of Model K-4 Gotham Audio Corp. vertical mixer control.
a knob connected by a toothed belt imbedded with steel strands, and requiring only 180 to 240 grams of pressure
for operation of 1 to 4 controls. A
cable connector is provided for easy
removal from the console. A Model K-4

shown in Fig. 9-8. Vertical attenuators

mixer control, a four -element version
using similar attenuators, is shown in

ing

Fig. 9-713. Mixer controls of this design
are quite common in stereophonic mixing consoles. Because of the additional
three attenuators in the model K-4, ball
bearings arc used for ease of operation.

creases with the increase of loss.
9.9 Are
balanced configurations
used in miser -pot design?-Yes. In special cases balanced mixer pots are used.

are similar in design, except the resistor card is straight, and a finger contact is used. Ladder attenuators have a
fixed insertion loss of 6 dB, which must
be taken into consideration in design-

a mixer network. The signal-tonoise ratio of a ladder attenuator in-

These are generally of the balanced
bridged -T type as shown in Fig. 5-38.
Balanced -H configurations may also be
used; however, because of the cost and
the fact a balanced -H configuration requires six rows of contacts compared to

four for the balanced bridged -T pot,
the latter is preferred. A bridged -T pot

also has a lower noise level and requires less maintenance.
9.10 What is the maximum attenuation required for a bridged -T mixer con-

trol used in a rerecording miser?-At
least 45 dB or greater, in steps of 05
dB. After passing 45 dB, the taper increases quite rapidly to afford a fast
cutoff. Generally, the last steps are 6,
9, 12 dB, and infinity (see Question
5.80).

Fig. 9-8. Slide -wire ladder miser control.
9.8 Describe the construction of a
ladder slide -wire mixer control. Slide -

wire mixer controls find their greatest
use in rerecording consoles, and are de-

signed using the equation in Question
5.51

Such attenautors may be designed

mechanically for either rotary or vertical usage. A typical rotary type is

9.11
What is the minimum acceptable level of leakage that may be tolerated in a given position of a mixer
network?-A minimum of 70 dB. The
leakage is measured at a frequency of

10,000 Hz as shown in Question 23.67.
9./2 What does the term fade
nroonl--To attenuate a signal slowly to

infinity.
9.13 What is cross -fading?- The
gradual attenuation of one signal as an-
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other is gradually brought up to normal
level. This is accomplished by closing
one mixer pot as another pot is being
opened.

dustry which means to fade out all signals on the mixer by means of a master
control.
9.13

What is a submaster contrail-

o board ladet-An

A control at the output of a group of

expression used in the broadcast in -

mixer controls such as a split mixer. A

9.10

What

is

1,Y
01

am
Fig. 9-18 A 10 -position split -mixer network with a key twitch for combining the two
sections into a single network.
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9.19
What is a parallel -connected
mixer network? -A configuration in

submaster control affects only a particular group of controls.
9.16 What is an overall master
control?-A control that is located at
the output of the mixer network for the

which the mixer pots are connected in

parallel as shown in Fig. 9-19. It will
be noted that the building -out resistors
RI through R4 are connected in series

purpose of controlling all of the mixer

with the output of each mixer control
and an extra one (R5) is located at
the input to the output coil. The pur-

positions simultaneously.

9./7

What is a grand master control? - It is the same as an overall
master control.
9.16 What

is

a

pose of building -out resistors is to provide an impedance match and isolation
between pots. The low potential side of
each pot is returned to a common
ground connection at the low potential
side of the output coil, T1. The purpose
of the coil is to provide an impedance

split mixer?-A

mixer network split into two or more
sections whereby a given group, or
groups, of mixer controls may be con-

trolled individually, yet their outputs
may be combined into one composite
signal. A typical split -mixer network is
shown in Fig. 9-18. Ten positions are
shown split into two groups of five
each. At the output of each group are
building -out resistors (R1 to R8) and
a submaster control P5 and P6 for
controlling the output level of each
group. The two sections of the network
may be combined into a 10 -position

match to the line feeding the recording channel and to isolate the mixer
ground from the recording circuits.
9.20 Show a schematic diagram for
o sories-connected miser network. -A
four -position series -connected mixer

network is shown in Fig. 9-20. It will
be noted the pots are all above ground.

As the circuit is floating. serious leakage at the high frequencies can take

mixer or split by throwing the key
transformers T3 and T4 are run to separate channels or to a single recording

place. This circuit has not been used for
years and is not recommended.
9.21 Show a schematic diagram for

channel.

a

switch Si. The output windings of the

three -channel stereophonic

dialogue

BUILDING OUT

RESISTORS
r

0

INPUT I

Zi

SNIEL

0

to

IMPEDANCE

INPUT 2

MATCHING
TRANSFORMER

II
0

o

CAI-MUT

da

ZI

INPUT 3
Z

0

0
INPUT 1
Z,

0
GROUND

y TERMINAL

Fig. 9-19. A 4 -position parallel -connected mixer network. The ground side of each
mixer control is brought to a common ground point.
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recording channel.-An elementary circuit diagram for a three -channel stereophonic mixer suitable for motion picture

recording is shown in Fig. 9-21A. The
mixer is split into three sections: left,
center, and right. Each section consists
of

a

conventional

parallel -connected

two -position mixer which feeds a recording amplifier connected to a magnetic recorder.

At the output of each recording amplifier is a resistive network which ties

the three outputs together and feeds
two monitor amplifiers connected to a
pair of split headphones for the mixer.
The left earphone is connected to the
left channel and the right earphone to
the right channel. Both earphones hear
the center channel. Balancing pots are
provided for balancing the sound level
to each earphone.
Monitoring headphones are connected
across the output of each recording
channel for the microphone boom oper4,

0

ta4

a

a-

g

0u

S-

r
1000 L

3

N
000

r

II

Fig.

9-20. A 4 -position series -connected miser network, not recommended for
critical week.
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41

Fig. 9-21A. Simplified diagram for a 3 -channel (6 microphone) stereophonic motion
picture production miser. Split headphones are used for the miser, and individual
headsets for the boom operators.

ator. It is highly important that all amplifying equipment be phased relative
to the other channels, from the microphone to the magnetic recording head
at the recorder. A typical stereophonic
production mixer having six microphone inputs is shown in Figs. 9-2113
and C.
It will be observed in Fig. 9-21C, that
although the mixer controls are of ver-

tical design, they are really two rotary
controls ganged together. These controls

consist of standard rotary attenuators
operated by a system of cords and

pulleys. The cords and pulleys may he
viewed just below the edge of the panel.

At the bottom of the case are microphone preamplifiers and recording and
monitor amplifiers.
9.22

Show a block diagram for a

lour -position parallel connected stereophonic rerecording mixer using pan -pots.
-An elementary block diagram for such

a mixer network is shown in Fig. 922A. Although only four mixer controls
are shown, any number may be connected in the network as long as the
proper building -out resistors arc used.
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ftn
4-411111,11

II

qt

Fig. 9-218. Exterior view of a Westrex portable stereophonic mixer.

The sound tracks to be spread are
connected to the input of the regular
monaural mixer network, P1 through
P4

At the output of each mixer pot

is a booster amplifier to compensate for
the insertion loss of the pan pots.

Leaving the booster amplifier, the
signal is fed to the input of a pan pot

(described in Question 5.73). The output of each pan -pot is combined in a
resistive network which feeds the input
of three recording channels. The building -out resistors
are to achieve an
impedance match between the pan -pots.

The mixer network shown may be
used for stereophonic rerecording using

Fig. 9-21C. Interior ricer of Westrex portable stereophonic production mixer.
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Fig. 9-22A. Simplified diagram for a 4 -position pon-pot rerecording miser network.

original stereophonic sound tracks, or
monaural sound tracks. In the latter
case, the stereophonic effect is called
pseudostercophonic sound and is quite
widely used in the motion picture in-

similar type built by the sound department of Universal Studios, Universal

dustry.

console are typical of that required for
rerecording stereophonic sound for motion pictures. Four groups of 8 vertical
mixer controls are placed each side of

A stereophonic rerecording mixer
console built by RCA for 20th Century
Fox Studios is shown in Fig. 9-229. A

City. California,
9-22C and D.

is

pictured in Figs.

The circuitry and controls for this

420

Fig. 9-228.
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Stereophonic

rerecording miser console built for 20th Century -Fos
Studios by RCA.

Fig. 9-22C. Stereophonic rerecording console at Universal Studios. (Courtesy Universal Studios Sound Department

Fig. 9-22D. View taken looking over the console toword the patch bay. Here changes
in the method of operation are made by the use of patch cords. (Courtesy, Universal
Studios Sound Department
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the center. The controls in the center
section consist of pan -pots along with
other controls for placing the sound in
proper perspective. Three of the mixer control groups have graphic equalizers,
with additional equalizers and filters at
the other positions. Many of the circuits
are operated from push buttons for on cue effects. No. VU meters are used at
the console; instead, three projection

hybrid coils. The bottom ends of these
resistors are brought to a common
ground point. Booster amplifiers 1 and
2 compensate for the insertion loss of

coils and other network components. If the recording circuits are unbalanced, an unbalanced pot may be
substituted for the balanced control P3.
the

The signal levels indicated are based

diameter, are placed on the floor below

on an assumed signal level, at the input of the four -position mixer group,
of a minus 30 dBm which is the output

the screen.

level from an average optical film sound

type, VU meters about 30 inches in
At the rear of the console is a patch

head.

hay, containing 1360 tip, ring and sleeve

Each hybrid coil induces a loss of ap-

type jacks. Here, the circuits may be

proximately 3 dB between the primary
and the secondary. An additional loss

connected by means of patch cords for
different modes of operation. The patch
bay has a total of 1360 circuits. At the
lower right jack bay is a compressor
amplifier, for controlling the peak level
of dialogue.
9.23 What is a hybrid -coil mixer?

-A network split into several sections
each containing a group of mixer pots.
The several sections are combined by
means of hybrid coils, as discussed in
Question 8.6G. Hybrid coils are used in
only the most elaborate mixers where
unusual recording combinations are re-

quired. Typical uses for a hybrid coil

of 6 dB takes place because of the
two -group mixer panels at the primary.

It is assumed that no loss will be carried in the sub- and master -gain controls. If the loss occurs, additional gain
will be required. (Sec Question 8.66.)
What

9.21

is

a

building -out

sistarl-A noninductive resistor

reused

for obtaining an impedance match in a
mixer or combining network. The symbol for this resistor is
Building -out resistors arc also used
in the output of low -impedance ampli-

fiers to build out the internal output

mixer are for stereophonic rerecording,

impedance to a given value. This sub-

recording large orchestras and
choral groups. It is not unusual for
such mixers to have up to 20 positions.
A block diagram for a 16 -position

ject is discussed in Question 12.142.

and

mixer network using hybrid coils appears in Fig. 9-23. Basically, the network consists of four separate, four position, resistive networks (1 to 4).
Starting at network one at the upper
left, the output of this network is con-

nected to one side of the primary of
hybrid coil TI. The output of network
two is connected to the other side of

9.25 What is the equation lot calculating the value of a building -out re-

sistor to a parallel -connected miser network similar to that shown in Fig. 9-19?

=
where,

N is the number of mixer controls,
Z, is the impedance of the mixer
control.

the primary of the coil. The secondary

of this coil feeds a booster amplifier
having 30 dB gain. The output of the
booster amplifier

feeds

a

submaster

control P1 for fading out all of the pots
in the four -group mixer network
simultaneously. The submaster control
terminates in one side of the primary

of hybrid coil T3 and from there, to
the secondary and a master control P3,

N- 1

9.26

What causes mixer -network in-

sertion loss?-Referring to Fig. 9-19, a
fixed loss, termed insertion loss (IL) is
created by the building -out resistors
RI

to

RS,

the

impedance -matching

transformer T1, and any loss induced
by the mixer -control configuration. Insertion loss is measured from the input
of one control (control set to zero) to
the output of T1. Insertion loss may be

puts and outputs, for testing and patch-

by the use of an active
mixer -combining network, as described
in Question 5.98. (See Question 23.68.)

ing. Resistors RI, R2, and R3 are the
balancing resistors normally used with

The insertion loss for a mixer network
employing ladder -type mixer controls

and thence to the recording circuits.
Normal jacks are connected in all In-

overcome
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will be G -dB greater than for one using
T -type controls.
9.27 How is the insertion loss of the
parallel -connected mixer network shown
in Fig. 9-19 calculated?
dB loss

9.28 How are the terminating re listors in the series -mixer network of

Fig. 9.20 calculated?-The terminating
resistors R1, R2, R3, and R4 may be
calculated:

Br - (N+1)
kN - 1)

ai Log,. N

where,

where,

N is the number of mixer positions.

N is the number of controls,
Z, is the mixer -control impedance.
41

aN
Vet
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E

0
.r)

0

O

1

Fig. 9-23. A 16 -position hybrid -coil miser network. Losses ore indicated for the coils
and control networks.
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9.29 What is the impedance at the
output of the series -mixer network in

9-20?-The impedance from the
top of the number one control to the
bottom of the number two control is:

Fig.

Zs -Z.(N2
where,

Z, is the balancing resistor.
Z, is the mixer -control impedance,

N is the total number of mixer controls.

Z, N'

Zs- 2N -1

is a noninductive resistor. (See
Question 8.66.)
9.32 How is the insertion loss of the
Z.,

where,

N is the number of mixer controls,
Z. is the mixer -control impedance.
Z.: is the output impedance from the
top of RI to the bottom of R4.

Resistor R5 is equal to the output impedance of the four controls. A transformer of the correct impedance ratio
may be substituted for the resistor, if
desired. if the impedance at the output
of the network is of an odd value, a
taper pad may be substituted for the
coil. The loss of the pad must be included in the insertion loss. Such pads
are discussed in Question 5.34.
9.30 How is the insertion loss for
a series -connected mixer calculated?
10 Log...(2.N - I)
where,

hybrid -coil mixer network in Fig. 9-31
calculated?

dB- 10 Log,,, N
where,

N is the total number of mixer controls.

To this is added the loss of a ladder
configuration (if used) and the transfer
loss of the hybrid coil (3 dB). (See
Question 8.67.)
9.33 How is the impedance ratio of
primary to secondary calculated for a
mixer -hybrid coil?

-2 X Zi
Z.

where,
Z,

N is the number of mixer controls.
9.3; How are the balancing resistors for the hybrid -coil mixer network in
Fig. 9-3? calculated?

Z

is

the impedance of the mixer

controls,

Z. is the impedance of the hybrid -coil
secondary.

9.34

Are plain -T type attenuators

used in mixer networks?-Yes. However,

Z2

Fig. 9-31. Hybrid -coil mixer network.
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as they require three rows of contacts,
they have a higher noise level than the
bridged -T type and therefore require
a greater amount of maintenance. Lad-

der or bridged -T type mixer controls
are recommended for commercial installations
9.35

What

is

the

recommended

method of servicing a miser control? 11 a mixer control becomes noisy while
in operation, apply a signal of 40 to 60
Hz to the pot in question, and burnish
the contacts (or slide -wire) by a rapid
movement of the arm by wrapping a
piece of cord around the control knob.
The low -frequency signal supplies a
signal voltage, yet it is of a low enough
frequency that the noise of the contact
may be easily heard. A light clear mineral oil such as Nujol may be applied to
the contact surfaces to prevent oxidation of the surfaces. Never use an abrasive on the contact surfaces.

What is meant by phasing a
miser?-Phasing a mixer means polarizing the mixer inputs and output so
that they are electrically in phase with
9.36

each other.

The phasing of a mixer network is
quite important, particularly if the
mixer is to be used for stereophonic or
photographic film recording. Optical
film -recording systems must be phased
from the microphone inpnt to the light
modulator unit.
When a pressure wave is applied to
a microphone, the diaphragm moves inward. At the same instant the light
modulator is deflected and the noise
reduction equipment moves toward the
maximum cancellation point. Because
the human voice is unsymmetrical, the
system is phased to prevent the clipping
of the modulation peaks by means of
the noise reduction equipment. Therefore, the film -recording system must
always be in phase for correct operation.

It is good practice with any type recording and reproducing system to observe proper phasing of the various
components in the system. This is par-

ground side of each mixer control

is

brought to a common ground point, as
shown in Fig. 9-19. Individual twisted
shielded pairs are used to connect each
mixer control. If balanced -to -ground
input circuits are to be used with this
network, a repeat coil must be connected between the signal source and
the input of the mixer control to isolate
the grounding systems.

All interconnecting wiring in the interior of the mixer inclnding the ground
wires must be shielded, and the shields
returned to a common point. If the

shields are covered with cloth braid,
the shield is grounded at one end only.
If the shield is bare and can make contact with the mixer case, it must be
hooded together every few inches and

securely bonded to the case at short
intervals.
9.38 When key switches are used

in miser networks, how ore clicks Prevented when the circuits are broken?By the use of a transmission ground
system. The switches are of the make before -break type. If a mixer control

is switched out of the circuit, a terminating resistor equal in value to the
impedance of the control must be con-

nected in the circuit to maintain the
proper impedance relations.
9.39 What are low- and high -frequency attenuators?-Reactive circuits
connected ahead of the mixer control
for the purpose of attenuating either the
low- or the high -frequencies. As a rule,
they are set for a characteristic that
conforms to the standards used in the

motion picture industry. The circuits
for such attenuators appear in Fig. 9-39.

It will be noted that low -frequency attenuation is secured in the upper control by connecting capacitors in series
with the high side of the mixer -control
input. Two positions are provided, -8
dB and -12 dB at 100 Hz. When the
capacitors are in the circuit, 100 Hz is
attenuated the indicated amount with
respect to 1000 Hz. High -frequency attenuation is obtained by shunting capacitors across the line. Three positions

ticularly true for photographic sound

are provided: -4 dB, -13 dB. and -12

track transfer channels. Phasing of
multiple -channel mixer networks is
discussed in Section 23. Microphone
phasing is discussed in Questions 4 84

dB at 10,000 Hz, with respect to 1000 Hz.
For purposes of illustration, the

and 4.85.
9.37 What method is recommended
for grounding mixer networks? The

resonant circuit. A resistor is shunted

high -frequency attenuation in the lower
control is obtained by the use of a series
around the coil to lower its Q and shape
the response curve. High- and low-
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Fig. 9-39. A 2 -position miser.

frequency attenuators are discussed in
Questions 6.B0 through 6.84.
9.40 What is the insertion loss of a
mixer network when using ladder mixer

controlsT-The insertion
greater

than

when

loss

using

is

6 dB

plain

or

bridged -T controls. This loss is due to
the configuration of the ladder pot and
is independent of the loss setting of the
control. Ladder pots are discussed in

9.42

solid-state sound
and public address mixer-

Describe a

amplifier.-Sound mixers designed for
high -quality sound reinforcement or
public-address service generally re-

quire a minimum of six positions, and
up to 20 positions is not uncommon. A
mixer -amplifier of solid-state design,
manufactured by the Langevin Co., is
shown in Fig. 9-42A. Although this par-

Question 5.51.

ticular mixer has only 6 positions, an-

How is the insertion loss of a
mixer measuree-This subject is dis-

other 12 positions may be added by the

cussed in Question 23.68.

of Fig. 9-45. The schematic diagram for

9.41

Fig.

9-42A

addition of an auxiliary mixer network

Model AM I A solid-state, O. -position mixer manufactured
Langcin Co.

by

the
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the unit of Fig. 9-42A is shown in Fig

equalizer switches in their outputs.

9-42B.

feeding six plug-in, module -type preamplifiers using silicon planar transis-

From there, the signals are combined
into a resistive mixer network and to a
booster amplifier, variable equalizer, a
second booster amplifier, master gain

tors,

control and a line amplifier. Provision is

At the left are six microphone inputs,
with

individual

speech -music

01

0

161 SN'LL01-NNSK

III RANT CM01

ICOR

sonars

CARD 1101

F

3 SC6 202,11-50C
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AM 300
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t
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r0/001,o-

CARO NO
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Fig. 9-4213. Schematic diagram for
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made for headphone monitoring. A regulated solid-state power supply is also

equivalent input noise is minus 112 dBm
(60 dB signal-to-noise ratio). Total gain

contained in the mixer housing. The
frequency response is plus -minus 1 dB,
30 to 15,000 Hz, with less than 0.25 percent total harmonic distortion. The

is

Off

88 dB, maximum output power is

plus 18 dBm.

The internal circuitry for the Model
AM -4100 preamplifier, the Model AM-

41
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Fig

9-42C. Langerin Model AM41 0 0 solidamplifier.

43008 booster amplifier, and the Model
AM4700 output amplifier, is shown in
Figs. 9-42C, D, and E.

What it on electronic mixer?
-This is a term which is sometimes
9.43

10

YPUT

amplifier for AMI A mixer -

used to identify a compressor amplifier
employed for motion picture recording.
Electronic mixers are discussed in
Questions 18.84 through 18.102.
9.44 What are the values of build 2N3391

2N3417

C CRAMP

9

INPUT

4 7K

270K

Mp

I

276

COMMON 0

7
944C

5 66

COMMON 0-*
5

,

20

FOR NIGHER GAIN,

STRMI 6POUON
75K RESISTOR

73K
4

00
54F
3

40
226

2

62K

0

OUTPUT 2 0-I

-I 1---

0.22.,
Fig.

9-42D. Langevin Model AM4 3 008 solid-state amplifier for AM1A mixer -

amplifier.
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Fig. 9-4 2E. 'Angevin solid-state amplifier Model AM4700 used in the Model AM1A
mixer -amplifier.

resistors used for parallel -type
networks?-The values of the
building -out resistors and the insertion
loss for mixers using a parallel mixer
Mg -out

mixer

network (Fig. 9-19) arc given in Fig.
9-44. The number of mixer positions

mixer console.-Pictured in
Fig. 9-46A is a three section rerecordrecording

ing console, designed by the author, and

constructed by McCurdy Radio Industries. Canada. This console is designed
for use with three -track magnetic film

appears at the left and the impedance
of the network appears at the top of the

rerecorders or any type single track

chart.

of three sections, termed dialogue, effects. and music. Each section consists

The insertion loss is the loss caused
by the building -out resistors, with only
a single Input at its minimum attenuation. The measurement of insertion loss
is discussed in Question 23.68.
9.45 Describe on auxiliary mixer.The auxiliary mixer pictured in Fig.

9-45 is manufactured by Langevin
and is designed to be operated as an
auxiliary 9 -position mixer -amplifier
with any existing mixer to provide additional input positions. The circuitry of

the unit is quite similar to that of the

recorder. Basically, the console consists

of four mixer controls and a master
control, plus two graphic equalizers,
high- and low-pass filters, and two
low -frequency attenuators. One or both

of the graphic equalizers may he connected in any one of the four positions
by means of push buttons above the
control panel. In addition, key switches
are provided for on -cue operation. The
provide
attenuators
standard roll -off characteristics as discussed in Questions 6.122 and 6.131
low -frequency

mixer described in Question 9.42, and
is the same up to the booster amplifier.
The unit is self -powered and contains

Graphic equalizers are discussed in
Questions 6.108 and 6.126. The high-pass

the necessary preamplifiers and booster
amplifier, which is operated directly

80, 100, 135, and 150 Hz. The low-pass
cutoffs are at 6, 8, and 10 kHz. These

into a low -gain position of the master

may also be cued in as required. The
usual practice is to leave in the 45 -Hz

mixer.
9.46 Describe the mechanical layout
and components for a three -section re-

filters employ cutoff frequencies of 45,

filter for rerecording, and use the 8 -kHz

low-pass filter for normal dubbing op-
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Fig. 9-45. A 9 -position auxiliary mixer for use with the Langeyin AM1A mixer amplifier.

Fie. 9-46A. Three -section rerecording ;dubbing) console, designed by H. M. Treincline and constructed by McCurdy Radio Industries, Cando.

Fig. 9-46B. Patch -bay showing 32 plug-in amplifiers. Background amplifier and dip
filter arc not shown.
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Fig. 9-46C. Patch -boy for console in Fig. 9-46A. All amplifiers, jacks strips, dip filter, and background -suppression amplifier are housed in this unit. Its the same
height as the console. The left and right sides ore hinged at the center post to
swing forward.

at ion time being used, for future reference. At the upper left is a group of on the -line machine indicators to assure
the mixer that all the reproducers and
recorders are on the line. The machine
indicators light automatically whenever
a machine is connected across a dis-

film. This tone is used by the mixer to
establish the correct listening level for
playback, and later is used by the

tributor bus. A group of intercommunication key switches at the lower left
of each section permits the mixer to

pears in

slate the head end of each take, talk to
the machine room, maintenance department, power room, test laboratory, and
the music scoring console (in an upstairs monitor room). The intercommunication system is solid-state, installed
at a remote position.

sections, the tone is automatically recorded on the three sound tracks for a
duration of six seconds, starting at the
dialogue section. If three tracks were
recorded simultaneously, the level at
the composite bridging bus would be in

It is the practice in the motion picture industry when recording master
sound tracks, to record 400 -Hz head

tone on each roll of magnetic tape or

transfer activity. The output of the
400 -Hz oscillator has three separate
controls, one at each section. If the

manual button is pushed, the tone aponly the section where the
button is depressed. If the button is
pushed to automatic in any of the three

error by several dB. The small diagonal
panel at the upper left contains a moni-

tor gain control and a 20 -dB talk key
for reducing the monitoring level while
the sound track is running and discus -

Fig. 9-06D. Rear view of miner console similar to that in Fig. 9-6A.
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sions are in progress. In the panel at the
lower left are three controls for a corn pressor -limiter amplifier, with input
and ceiling controls and a de-essing key
switch. The playback mode is set by the

dip filter for 60 and 120 Hz, and a background suppressor amplifier. The wiring
between the console and the patch -bay

position of a selector switch, with pilot

is described in Question 24.49.

lights to indicate that the machine is

Although the patch bay houses 31
amplifiers, only 22 are directly associated with the mixer circuitry. The others are for microphones, spares, and
special setups. The 400 -Hz oscillator is
also housed in this area, and slides into
the amplifier tray at the extreme lower
right. When a microphone is required
such as for looping, a spare amplifier is
patched into the desired input. In this

being used. If the recording levels are
correct,

the

playback

level

will

be

within plus -minus 0.5 dB. using the
head tone as a reference. Two variable
sound -effects filters at the bottom of the
panel complete the controls in this area.
(See Question 18.84.)
The fact that the three sections of the
console are termed dialogue, effects,
and music, does not mean they are con-

fined to this particular type recording.
This terminology has been adopted to
identify the sections and is the order in
which the three sound tracks appear on

three -track magnetic film recorder.
All three sections have the same idena

tical

electrical characteristics, except

for the compressor amplifier in the dialogue channel.

A remote -control panel at the left
side of the console (not shown) contains switches for controlling the house

lighting, ventilation, quiet lights, baby
spot above the console, dubbing and
projection mode, screen curtains and a
control permitting the loudspeaker behind the screen to be operated in con-

junction with a similar speaker in the
music scoring monitor room, or separately. This control is duplicated in the
projection booth and at the music mixer console. Between the second and

third VU meters are push buttons for
activating a footage counter (mounted
at the screen) and resetting to zero A
reverberation time meter is mounted
between VU meters three and four, for
resetting the reverberation unit, and a
push button for measuring the monitor
level, using the effects VU meter. All

relay control and heater voltages for

is carried in a section of 6 -cell metal
gutter laid in the floor. A similar gutter

instance, the mixer uses headphones for
monitoring. Looping is discussed in
Question 17.223. In the drawing of Fig.
9-46C, is shown the mechanical layout
of the patch bay. A rear view of a similar console is pictured in Fig. 9-40D
When the rear panels are removed, the

equipment falls forward on a frame to
facilitate servicing. The placement of a
console on a dubbing stage is shown in
the drawing of Fig. 7-76D.
9.47 Describe the block diagram for
the three -section miser console of Ques-

tion 9.46.-Basically, the circuitry (Fig.
9-47A) is divided into three sections,
each consisting of four mixer controls,
amplifiers, combining networks, equalizers,

filters,

bridging bus

and VU

meter. The output from each bridging
bus is fed to one track of a three -track
magnetic film recorder. For monitoring
purposes and for feeding of single-track
recorders a composite bridging bus is
used, fed from the combined output of
the dialogue, effects, and music -bridg-

ing busses. A fixed playback system
controlled by relays permits the mixer
to check the recording levels, in reference to a head -tone recorded at the
head end of each roll of magnetic film.
To simplify the drawing, only one input

the amplifiers are supplied from 1 per-

is carried through for each group of
four mixer controls. Up to the mixer -

cent regulated dc power supplies lo-

combining network, each input is iden-

cated in a remote power room.
The rear of the console houses the

tical.

compressor amplifier, high- and low-

the input circuits for the four controls

other

of the dialogue section. The signal may

equipment necessary to its operation.
The patch hay is mounted in a steel
cabinet directly behind the console, and
contains 18 jack strips, with 432 active
circuits, using tip, ring, and sleeve type

be from any source having an output
level of minus 4 dBm or greater. From

pass

filters,

relays, pads,

and

jacks (Fig. 9-468). It also contains a

Starting at the extreme upper left are

the input line, the signal passes through
push-button
controlled graphic

a

equalizer, theu through a preamplifier
(1 to 4), isolation coil (1:1 repeat coil),
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The reverberation is available only in
the dialogue section; however, it may
also be patched in at either the effects

and to the mixer control. Leaving the
control, it passes through a low -frequency attenuator, mixer -combining
network, a second isolation coil, booster

or music sections.

amplifier (5) where the signal is again

At the output of the low-pass filter,

amplified and passed to a master mixer
control (isolated at its input and output
by coils-normal setting zero loss), then
to a compressor -limiter amplifier (see
Question 18.86). At the input and output of the compressor are two controls,

the signal is passed to a combining net-

work, where a slating microphone can
be keyed into the dialogue channel
when required, or the playback signal
injected, or the head -tone oscillator sig-

nal injected. Normally relays K., K and
K. are in the upper position, supplying
a termination for the network. The output of the network feeds the signal to
dialogue line amplifier (6), and then to
the dialogue bridging bus and VU

one for setting the correct input level,
and a ceiling control for adjusting the
amount of compression. Leaving the
ceiling control, the signal encounters
high- and low-pass filters. At this point,
push-button switches are provided for
connecting an EMT reverberation unit
(described in Question 2.130) into the
circuit. Amplifiers (29) and (30) when
once set require no further adjustment.

.

f

t

r

=

meter.

From the bus, the signal is amplified

by a bridging amplifier (7), which terin a three -branch monitor combining network, and to a composite
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amplifier

bus

(28),

controls. Here a 20 -dB pad

which

is connected in these two sections at the input
of the high- and low-pass filters. From
then on, the circuitry is the same as for

drives the composite bridging bus and
VU meter. The composite bus feeds a
bridging coil which terminates in a
6 -dB and 20 -dB pad to reduce the mon-

the dialogue section, and the circuits
feed their respective tracks for three -

itor level while conversing through a
key -switch control. The output of the
pad is taken to a monitor gain control
and then fed to the monitor system-a
50 -watt power amplifier in the projection booth. To complete the monitor

track recording. Single-track machines

are fed from the composite bridging
bus.

The gain through the whole system
must be balanced within plus -minus 0.5
dB, particularly at the input to the
combining network at amplifier (6).

circuit, a signal is taken from the effects

and music bridging busses and fed to
two other branches of the monitor combining network and amplified by
the composite line amplifier (28), then

The system is lined up by applying a
signal to the input or mixer control (1)
in the dialogue channel, with 16 dB of

the signal is passed on to the composite
bridging bus.

loss in the control and the preamplifier,
and the booster and line amplifiers ad-

The other two sections-effects and
music-are identical to the dialogue
section up to the output of the master

justed for plus 14 dBm at the three
bridging busses. For recording, the VU

meters arc set for an 8 -dB lead by
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setting their attenuators back to plus
6 dBm. This is to take care of the unseen peaks that could overload the system while recording. The adjustment of

It is the policy of some recording activities to patch an optical film recorder
across the composite bridging bus and
record an optical negative along with
master dubbing track to save
transfer time. The magnetic sound track
is then held for protection and playback

the amplifier gains will vary somewhat
from the indicated levels with different
equipment, therefore they cannot be

the

taken as absolute value.
When the playback relays arc in
the playback position, the playback
signal is passed through a 34 -dB pad

purposes. If the optical recording is to
he variable -area direct -positive, it may
be advantageous to employ a crosssrsoduintion compensator -amplifier with
the film recorder, a film loss equalizer,
and if possible a limiter -amplifier to
prevent overmodulating the light modulator in the optical film recorder.
Cross -modulation compensating amplifiers are discussed in Question 18.246.
9.48 Describe the monitor system
and associated equipment for the console in Question 9.46.- Leaving the

before being applied to the combining
network. The loss of this pad may have
to be altered, depending on the output
level from the playback machine. When
the 400 -Hz head -tone is recorded, the
signal passes through the same combining network and is recorded on each
sound track for 6 seconds, in its proper

sequence, by a cam -driven relay sys-

tem. In the off position, the oscillator
output is shorted to prevent leakage;

this circuitry is not shown.

Although the circuitry
uum -tube

type

is

amplifiers,

for vactransistor

types may be used if the gain and impedance

matching

is

observed

(see

Question 9.45). The gain of the amplifiers should be divided to keep the
signal-to-noise ratio high. The frequency response for this particular console is, plus -minus 1 dB, 40 to 15,000 Hz,

with a total harmonic distortion (THD)
of less than 0.5 percent at any frequency between 40 and 10,000 Hz. The
signal-to-noise ratio is 65 dB, or 79 dB
below a bus level of plus 14 dBm.
Crosstalk between the three sections is

composite bridging bus of Fig. 9-47.
and following the monitor line to the
upper left of Fig. 9-48. the monitor signal is amplified by a monitor line amplifier, and fed to a projection changeover relay panel, used for selecting the

mode of operation-projection or dubbing. With the relay in the dubbing
position, the signal is applied to the input of a monitor compensator panel,
consisting of a 10-c1B pad and a lowpass filter. The characteristic of this
filter is representative of the average
theater. Components in the panel provide adjustment for the characteristics
of the dubbing stage acoustics, if required. At the output of the compensator panel is a three -branch combining

greater than 85 dB at 10,000 Hz. All

network for driving the input of two

transmission circuits are symmetrical

50 -watt power amplifiers, one for driving the dubbing loudspeaker behind the

employing "0" type pads throughout
The several isolation coils permit the
use of unbalanced mixer -network circuits and controls, with symmetrical input and output circuits. This also provides a means for grounding the various sections to a common ground point,

thus reducing the possibility of circukiting ground currents. All input and
output circuits are 600 -ohms impedance. The monitor system is discussed
in Question 9.48.

It is of extreme importance that the
three sections of the console
be in
phase with each other, to prevent cancellation between the three sections for
certain conditions of operation. Phasing

of this and other type mixer networks
is discussed
23.107.

in Questions 23.106 and

screen, and the second for driving

a

duplicate speaker system in the music

scoring monitor room. The output of
the amplifiers feeds a speaker selector
relay panel for playing the two speakers
simultaneously or individually The se-

lector panel may he operated either
from the projection booth or at the
console.

From the selector panel, the signal is
fed to a loudspeaker crossover network
installed at the speaker system, using
autotransformers to match the imped-

ance of the network to the voice -coil
impedance. It will be observed that the
impedance of the monitor line from the
amplifiers is 250 ohms. This permits the
signal to be transmitted over the line at
high voltage. low current, thus reducing
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Fig. 9-48. Monitor speaker -selection relay panel for console in Fig. 9-46.

the line losses between the screen and
the amplifier system.
Connected at the output of the power
amplifiers is a 10 -watt monitor amplifier

for driving the projection booth monitor speakers. A total of four are em -

ployed, one at each projector and one
at the operator's rewind bench. Separate
talkback speakers are used at each

projector control station.
9.49 Describe the operation of the
reverberation unit used with the console
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Fig. 9-49. Block diagram for EMT reverberation unit when used with the console of
Fig. 9-46. All circuits arc 600 ohms.
Fig. 9 -46. --The construction and
technical details of the EMT reverberation unit arc discussed in Question
2.130. Referring to Fig. 9-49, when the
push buttons associated with the reverberation unit are depressed, the direct signal from the dialogue channel is applied to the input of a two -branch network through amplifier (29). Passing

reference. A remote meter at the console indicates the reverberation time in

through the upper branch of the network. the direct signal is returned to
the recording channel as indicated by

may he used for public address, recording, and sound reinforcement. The schematic diagram appears in Fig. 9-50B.

the arrows. At the same time, the direct
signal is also applied through an input

Starting at the upper left of the diagram, five low-level inputs are avail-

gain control and isolation coils to the
input of amplifier (30), and then to the
input of the EMT unit. At the output of
the reverberation unit is a 36 -dB pad

able, each connected into n standard
octal socket, for use of plug-in microphone and phonograph pl.-amplifiers or
line transformers. Tracing the signal
from the output of the upper preampli-

of

and an output gain control which feeds
the

reverberated signal

hack to the

lower branch of the network indicated
by the arrows As the signal cannot go
back through the amplifier, it takes the
path

of

least

resistance

and

flows

through the upper branch of the network, returning to the recording channel, in accordance with the arrows. In
this manner, the direct and reverberated signals arc mixed. After the gains
of amplifiers (29) and (30) are determined, they require no further adjust-

ment. The VU meter

indicates the
reverberated sound level for future

seconds.

9.50

Describe a solid-state portable

mixeramplifier designed for public address, sound reinforcement, and record-

ing.-The mixer -amplifier illustrated in
Fig. 9-50A, manufactured by AltecLansing, is completely solid-state and

fier socket, the signal passes through an
individual speech -music switch (SI).
In the music position, the frequency response is flat, and in the speech position
the response is rolled ott starting at 500

Hz, and continuing downward to 6 dB
at 100 Hz, and 16 dB at 30 Hz. The signal is then applied to a 750 -ohm mixer

control (P1), then to a mixer -combining network consisting of resistors RI to
RS, and to the Input of a booster amplifier. At the output of the booster amplifier is a master gain control, which
feeds a compressor amplifier having an
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9-50A. Solid-state portable mixer -amplifier Model 352A manufactured
Altec-Lansing.

by

milliseconds, and a

power transistors (Q9 through Q12)

greater than
5 1. The compressor may be switched
in as required. At the output of the
booster amplifier is also a connection
to feed a magnetic tape recorder. The

operating class -B, and capable of devel-

attack time of

10

fixed compression ratio

signal voltage at this point is 0.10 volt,
or about minus 55 dB for an input impedance of 10,000 ohms. By taking off
the input signal al this point, it is not
affected by the master gain control, but

only by the mixer controls.
The compressor amplifier is followed
by a high- and low -frequency equalizer

circuit, then passed on to two voltage
amplifier stages (Q2 and Q3), then a
phase -inverter (Q4) which drives a
compound amplifier (Q5 to Q8). The
final amplifier stage consists of four

F ig

oping 40 watts of output power, with
less than 1 -percent distortion over a
range of 35 to 5000 Hz, and 45 watts
with less than 5 -percent distortion from
30 to 10,000 Hz. The output transformer
is designed to supply output impedances
of 4, 8, and 16 ohms, balanced to ground
(see Question 8.25). A 70 -volt winding

is included for use with a loudspeaker
distribution system.
The power for the amplifier may be
taken from an internal power supply or
from external batteries, such as a 12 volt car battery. Provision is also made
for a second output to a tape recorder,
with a voltage of 0.12 volt. Since this
output is taken at the emitter of Q4, it

9-50C. Plug-in units for the Altec-Lonsing Model 352A.
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9-50B. Schematic diagram for Altec-Lansing Model 352A.

is subject to the adjustments of both the
mixer control and the master gain con-

trol. A separate winding on the output
transformer supplies a means of monitoring the output signal with either
headphones or loudspeaker. The VU
meter is connected between one side of

the 16 -ohm output winding and ground,
which is also connected to the input of
the compressor amplifier. Fig. 9-50C
shows the plug-in units. Transistor amplifiers are discussed in Section 12.
9.51 How is the output signal horn
a microphone prevented horn overload-
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ing the input of a microphone preamplifier? --When recording program mate-

rial from a high level source, a 10- to
CONSOLE

is

connected between

the output of the microphone and the
input of the microphone preamplifier
(Fig. 9-51). Many mixing consoles have
this feature designed into the circuitry.

In a second manner by which preamplifier overloading is prevented, an
attenuator network is included in the

AT TEN

MIC

20 -dB network

microphone housing,

Fig. 9-51. Attenuator network connected
in the output of a microphone to prevent
overloading the preamplifier.

connected

after

the transducer element. This reduces
the signal level in the microphone itself
before it reaches its own preamplifier
(if one is used).
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Section 10

VU and Volume Indicator Meters
To properly operate a sound recording or reproducing system, some method for
determining the signal levels in different parts of the system to avoid overloading
and distortion is required. This is the purpose of the VU or VI meter.
VU meters have been standardized and are widely used in various devices.
However, when they are improperly used, difficulties may be encountered for different impedance levels.
This Section discusses the various ramifications of such meters, and the pitfalls
that arc to be avoided. Simple tables have been included for compensating, if the
meter is used at other than the designed impedance. A peak -indicating instrument. the Neon VI meter, widely used before the VU meter made its appearance

in the motion picture industry, is described as the experimenter might find it
most useful. Ballistics, reference terminology, peak -indicating devices and their
calibration, and the insertion of VU meter lead in a recording channel are discussed.

within the meter case. VU meters arc
calibrated in reference to one milliwatt

What is a volume indicator
meter used to measure
power levels of audio -frequency signals.
10.1

meter?-A

of power in a 600 -ohm circuit. A typical
VU meter panel is shown in Fig. 10-2.

The term volume indicator, abbreviated
VI, is generally associated with meters
calibrated in decibels. Meters designed
for program monitoring purposes have
special characteristics, as explaned in
Question 10.3.
10.2 What

is

a

What arc the characteristics
10.3
of a VU meter?-Because of the inaccuracies inherent in the early copper oxide rectifier power -level meter and
because of the fact it was not satisfactory for program monitoring, the development of an entirely new meter was

VU mater?-A

meter used for monitoring broadcast
and recording circuits. Such meters
employ special ballistic characteristics

jointly undertaken by the Bell Telephone Laboratories, Columbia BroadNational

to properly indicate program material

casting

levels which are of complex waveforms

Broadcasting Company. The results of
this research were the development not

and vary simultaneously in both am-

System,

and

the

only of a new type volume -indicator
meter but also the standardizing of a
new reference level of one milliwatt,

plitude and frequency. The meter consisLs of a 200 -microampere de, D'Arsonval movement fed from a full -wave.
copper -oxide rectifier unit mounted

a unit which was adopted by the elec-

Fig. 10-2. A VU meter panel manufactured by Cinema Engineering Co.
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tronics industry in May 1939. The current Standard is USASI (ASA) C16.51961.

The characteristics of this meter are

HARMONIC DISTORTION-The harmonic distortion introduced in a 600 ohm circuit, caused by bridging the
volume indicator across it, is less than

as follows:

0.3 percent, under the wont possible
condition (no loss in the variable at-

GENERAL-The meter consists of a dc
meter movement with a noncorrosive,
full -wave, copper -oxide rectifier unit
(mounted in the instrument case) and

tenuator).
OVERLOAD-The instrument must be
capable of withstanding, without injury
or effect on the calibration, peaks of 10
times the voltage equivalent to a read mg of zero VU or 100 for 0.50 second
and a continuous overload of five times
that voltage.

responds approximately

to the

root

mean square (RMS) value of the impressed voltage. This will vary somewhat depending on the waveforms and
the percent of harmonics present in the
signal.

INSTRUMENT SCALE-The face of
the instrument may have either of the
two scale cards shown in Fig. 10-19.
Each card has two scales, a VU scale

ranging from -20 to +3 VU and a
percent modulation scale ranging from
zero to 100 percent. with the 100 point

coinciding with the zero point on the
VU scale. (See Question 10.19.) The
normal point for reading volume levels
is at zero VU or 100 scale point which

is located to the right of the center at
about 71 percent of the full scale arc.
DYNAMIC CHARACTERISTICS-With
the instrument connected across a 600 ohm external resistance, the sudden application of a sine -wave voltage, suffi-

10.4

What is a power -level meter?

-A VI meter calibrated in decibels. As
a rule, this type meter is confined to
test equipment for steady-state measurements and is not used for monitoring program material.
10.5 Whot is a rectifier -type mew?
-One which employs a copper -oxide
or selenium rectifier unit to rectify the
applied ac voltage to de for operating
the instrument movement. This is a

very common method employed in
meters designed for audio frequency
measurements, such as a VU meter, or
ac voltmeters for servicing. Such meters
have a high input resistance to prevent
loading the circuit under measurement.

cient to give a steady-state deflection
at the zero VU, or 100 scale point, shall
cause the pointer to overshoot not less

than 1 percent nor more than 1.5 percent (0.15 dB) The pointer shall reach
99 on the percent scale in 0.3 second.
VS. FREQUENCY-The
instrument sensitivity shall not depart
from that at 1000 Hz by more than
0.2 dB, between 35 and 10,000 Hz. nor
more than 0.5 dB between 25 and

ti

RESPONSE

16,000 Hz.

IMPEDANCE-For bridging across a
line, the volume indicator, including

the instrument and proper series resistor (3600 ohms), shall have an impedance of 7500 ohms when measured
with a sinusoidal voltage sufficient to
deflect the meter to zero VU or 100
scale point.

SENSITIVITY-The application of a
sinusoidal potential of 1.228 volts (4 dB
above 1 milliwatt in a 600 -ohm line) to
the instrument in series with the proper
resistance

(3600 ohms) will cause

a

deflection to the zero VU or 100 percent point.

Fig. 10-5. Selenium instrument rectifiers
manufactured by Conant Electrical
Laboratories.

Two rectifier units manufactured by
the Conant Electrical Laboratories are
shown in Fig. 10-5. A complete explanation of bridge rectifiers will be found
in Questions 21.95 through 21 99.
10.6 Describe a wide range electronic VU meter for program monitoring.

-Standard VU meters measure only
the upper 23 d13 of the signal level.
From a practical standpoint this limits
the display to about 20 dB below the
reference level of the zero Indication.

VU AND VOLUME INDICATOR METERS
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Fig.

10-6A. CBS Laboratories Model 600 wide-ronge program -monitor meter.

This short range of operation limits its
usefulness, particularly when it is connected across a bridging bus for monitoring program information. A wide range program -monitor meter, Model
600, manufactured by CBS Laboratories,
which displays the program information
60 -dB meter scale,

minus 57 dB to plus 3 dB, is shown in
Fig. 10-6A. The large spread of program
material permits the very low level

signals to be observed, and also the
noise between program pauses.
This instrument was not designed to
replace the conventional VU meter;
however, its characteristics are com-

patible with the present VU meter. In
addition, a dc output is provided for
connection of a linear tape recorder for
logging program levels over a range of
GO dB. The zero -dB indication may be
set to represent a reference level from
minus 22 dBm to plus 18 dBm.

Referring to the block diagram in
Fig. 10-6ES, the basic component is a

logarithmic solid-state amplifier, with
a nonlinear feedback circuit (see Question 12.196), a preamplifier, a 15,000 ohm bridging input transformer, a
reference -level selector switch, and a
sensitive indicating meter movement.

The total range of measurement is 79
dB to plus 21 al, with a frequency response of plus or minus 1 dB from 50 to
15,000 Hz.
10.7 What

In

is a noon VI meter7the early days of motion picture

sound recording, and long before the
use of magnetic film, sound was recorded directly on photographic film
(optical recording). Because the VI
meters at that time were not standardized and had radical ballistics, peaks of

8 to 10 dB were not indicated by the
meter, and the light modulator could
be easily overloaded, causing serious

LOGANTIMMIC AMPtIfiat

DC

OUTPUT

REF ERE MCE

LEVEL
SELECTOR

METER

'RIDGING
INPUT

L _ - __________

Fig. 10-68. Block diagram for CBS Laboratories Model 600
monitor meter.
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Fig. 10-7A. Front view of RCA Model MI -3176A neon volume indicator meter.

distortion. To provide a meter that
would read the peaks and at the same
time permit the mixer to see the indications, RCA developed an instrument
known as a neon volume indicator
meter (no longer manufactured).

levels from minus 45 dB to plus 3 dB,
with reference to 100 percent modulation of the light modulator. The reason

At the extreme left is a minus 45 -dB
lamp and at the extreme right the plus
3 -dB lamp. Pilot lamps glowing continuously indicate the minus 25-, 6-.
and 0 -dB levels. The basic circuit for
such an instrument is shown in Fig.
10-7B. The revision of this circuit to
transistors would be of considerable
value to present day recording, as the
industry is still faced with the use of
monitoring meters that do not indicate
the actual peak values of the audio

for the use of such a device was its

signal.

The meter consisted of 20 small vacuum tubes and 16 neon lamps, arranged

in a circuit to indicate the recording

sensitivity and ability to read both the
negative and positive peak excursions
of the light modulator.
As this device is of interest to present
day recording and is in some instances
still in use, a description of its principles are in order. The mechanical design was such that the neon lights were
mounted horizontally in a straight line
(Fig. 10-7A). In each hole in the lower
line is a neon lamp, which is actuated
by the audio signal and made to glow.

The block diagram for a neon VI
meter is shown in Fig. 10-711 The signal is applied to the input transformer
TI, then amplified by a two -stage amplifier. At the output of the amplifier,
the signal is applied to two voltage

dividers. PI and P2. From there the
signal passes through several other am-

plifiers, each with a neon lamp at

its

output. The gain of each amplifier stage
is adjusted by P1 and P2 to fire the
neon tube at a given level.
PICO.
TYNE

-41

MOON

ADD

Fig. 10-76. Basic circuit for neon volume indicator.

VU AND VOLUME INDICATOR METERS
10.8
What is the standard reference
level used for recording and broadcast-

ing?-Both the recording and broadcasting industries as well as most other
electronic industries use the 1 -milli watt reference level. This level was
standardized in May of 1939. In a few
instances for special purpose devices,
the 6-milliwatt reference level is used.
10.9 What does the term dem

mean?-it indicates the stated level is
with reference to 1 milliwatt of power
in a 600 -ohm line.
10.10 What is the reference level

when it is stated only in dB?-lt is with
reference to 6 milliwatts in a 500 -ohm
line

What is the voltage across
milliwatt of power?
600 -ohm line for
-The voltage equals 0.773 volt.
10.12 What is the voltage across a
S00 -ohm line for 6 milliwatts of power?
-The voltage is equal to 1.73 volts.
10.13 Define the terms volume unit
10.11

1

(VU) and decibels (d8).-The volume
unit (VU) is a unit of measurement
used with volume -indicator meters to
specify a change of 1 dB in volume for

a complex waveform. Such units arc
used with the VU meter described in
Question

10.3.

Complex

waveform

changes can only be measured in volume units. Meters designed for such use

have special characteristics. For complex waveforms, such as speech, a VU
meter reads between the average and
the peak values of a complex wave. No
simple relationship exists between voltune measured in VU and the power
of a complex waveform. The indicated
reading will depend on the particular
wave shape at the moment. For sine wave measurements, a change of one

VU is numerically equal to a change
of 1 dB.
VU meters are designed to have a
dynamic characteristic that approximates the response of the human ear.
When a speech waveform is applied to

a VU meter the movement will indicate peaks and valleys in the signal.
The average of the three highest peaks
in 10 seconds (disregarding occasional
extremes) is taken to be the indication
of the meter movement.
From the above discussion it appears
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and frequency, and depend on human
interpretation of a constantly changing
condition. The decibel is used to interpret steady-state conditions. It should
be pointed out that many meters indi-

cated as VU meters are not actually
such meters, as they are normal sensitive movements without the special
characteristics of the standard VU
meter. Therefore, they do not indicate

a true reading in volume units.
10.14 Why are VU meters calimilliwatt of
brated with reference to
1

power in a 600 -ohm line? ---This reference level was selected as a level which
would conform to the Telephone Com-

pany's standards of limiting the signal
level on a transmission line to a value
that would produce a minimum of cross
talk and still provide a satisfactory
signal-to-noise ratio. Also, the 1 milli -

watt reference level is a unit quantity.
Hence, it is readily applicable to the
decimal system, being related to the

watt by the factor 10' which results
in positive values for the majority of
measurements.
A further advantage

is

that

all

meters of this type are exactly alike
in construction and characteristics and,
when several are connected across the
same circuit, may be tested and their
operation checked by the application of
a 1000-11z signal.
What is the maximum signal
10.15

level that may be applied to a telephone

lino?-Plus 8 dBm.
10.16 What does the terns zero
level mean?-It is a reference power
level. Example; for 1 milliwatt of power
in a 600 -ohm line, zero equals 0.773 volt.

For a 500 -ohm line, zero equals 1.73
volts (7.78 dB higher than 1 milliwatt).
10.17 Where It 1 milliwatt indicated on a VU meter scale?-For a VU
meter of 7500 -ohms input impedance
a 600 -ohm line in
which 1 milliwatt of power is flowing,
1
milliwatt will be indicated at the

connected across

minus 4 VU (or dB) calibration point.
for the reason that a VU meter input
attenuator has no zero position, but
starts its

calibration at plus

4

VU.

Therefore, 1 milliwatt will be indicated
at the minus 4 VU (or dB) calibration
point. This will be discussed further in

steady-state measurements, and is only

Question 10 74.
10.18 What reference levels have

used with complex waveforms which
are constantly changing in arriplItude

been used other than
milliwatt? -In
the early days of broadcasting and re-

the VU should not be used to interpret

1
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the percent -modulation scale is preferred as it indicates the percent modu-

-SLA

7-S -3-2-1 ok;t-1!10
oy -,,

.---

V

.

lation of the radio transmitter. How-

.

ever, both scales are widely used. The

two scales are pictured in Fig. 10-19.

(a) Recording and test equipment.

co-13:y-

Nce

;7--1

bration arc generally used when reading levels as they are quite accurately

(b) Broadcast monitoring.
Fig. 10-19. VI meter scales.

indicated.
10.21
What arc the ballistics of
VU meted-Ballistics are the mechanical and electrical characteristics built
into the meter movement. A given

cording, both 10 and 12.5 milliwatts in a
500 -ohm line were used as a reference
level. However, later this was changed
to 6 milliwatts. In May, 1939 the present
standard of 1 milliwatt in a 600 -ohm

characteristic may be obtained by shaping the pole pieces and counterweighting the pointer mechauism. Shunts are
sometimes used across the meter terminals, hut this will reduce the sensitivity
of the movement. (See Question 10.3.)
The ballistics characteristics of a

line was adopted. Fifty milliwatts was
used at one time by the radio industry

for rating the output level of a radio
receiver for a given input at the antenna in microvolts. This too has been
replaced with other standards
Explain

10.19

Whore is the point of greatest

10.20

accuracy on the scale of a VU or VI
meted-The accuracy for the full-scale
deflection is 2 percent; however, the
minus 1 and the plus 1 dB calibration
points above and below the zero cali-

the

difference

typical old style VI meter and a stan-

be-

dard VU meter, when a 1000 -Hz signal

tween an A and a B scale used on VU
meters.-VU meters may be obtained
with the upper portion of the scale arc
calibrated in either percent modulation
or decibels. For recording purposes the
A scale is preferred because the levels

is applied for a period of one second,
arc shown in Fig. 10-21. It will be noted
the VU meter comes to a steady state
at the end of 030 second, while the VI
meter continues to oscillate showing
peaks and valleys over a period of one

are read in decibels. For broadcast work,

second.
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Fig. 10-21. Comparison of the original VI meter and the present VU meter ballistics
for a sudden application of a 1000 -Hz signal for a period of second. (Courtesy,
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Fig. 10-22. An early type dual volume indicator panel manufactured in 1939 and
now obsolete. (Courtesy, Cinema Engineering Co.)

The VI meter movement overshoots

3,4C
AT [PAJAMA

about 65 percent in the first 0.25 second,
while the VU meter movement has
almost reached a steady state. This

-5900 .et

clearly indicates why the ballistics of
monitoring program material containing
complex waveforms.
70.22 What type meters were used
before the adoption of the VU meter? -Copper -oxide rectifier meters of the
type shown in Fig. 10-22. The characteristics of these meters were not standardized, although they were used extensively in both the recording and
broadcasting industries. This meter
possessed characteristics which were

not suitable for monitoring purposes,
although they were quite suitable for
sine wave power measurements.
The older -type meters used a reference level of 6 milliwatts in a 500 -ohm

line as the zero level calibration point
(1.73 volts). This appeared on the meter
scale slightly to the left of center scale.
Two sensitivities in this meter were
used; they were zero equals 1.73 volts
and zero equals 0.548 volt. In the latter
meter, zero was equal to a minus 10 -dB
signal in a 500 -ohm line. Three movements were available; fast, medium, and
slow. The range of measurement was
extended by the use of an attenuator as
used with the present VU meter.
10.23 How may the ballistics o1 the
older type VI meters be identified?-By
the letters appearing on the meter scale.
HS indicates high speed, GP is for general purpose, and SS indicates slow

speed. The high-speed movement was
used for monitoring purposes, the general-purpose movement for test equipment, and the slow speed for acoustic
measurements or where an extremely
slow response was required.
10.24 What ore the recommended
connections for a VU meter?-Referring
to Fig. 10-24 it will be seen the instrument consists of an indicator movement,
a variable attenuator, and a series re -

lot MA

3900"

the VU meter are more desirable than

those of the older -type VI meter for

ACCTI,C*

/500

PT [APIA

1495 TAW/

10-24. Schematic diagram for a
7500 -ohm VU meter, calibrated for one
milliwatt reference level or, 0.773 volt
across 600 ohms.
Fig.

sistor of 3600 ohms. The meter movement is a 200 -microampere D'Arsonval
movement with an internal resistance

of 3900 ohms. A full -wave, copperox:de or selenium rectifier is contained
within the meter case. The attenuator
is variable in steps of 2 dB and presents
a constant resistance of 3900 ohms to
the meter movement. This design pre-

vents the ballistics of the meter from
being affected when the attenuator setting is changed.
Standard VU meters are designed to
read zero VU, or 100 percent, with
volts (4-4 dBm) applied to the
instrument with the 3600 -ohm series
resistance connected ahead of the attenuator. If the meter is used with the
attenuator but without the 3600 -ohm
1.228

series resistor and is connected across
a GOO -ohm source in which 1 milliwatt
of power is flowing, the movement will
be deflected to the 100 percent calibration point.
This method of use is not recommended because the impedance looking
back into the meter is only 3900 ohms
and is too low an impedance to bridge
a 600 -ohm circuit. It is the usual practice to keep the impedance of bridging
devices at a ratio of 10:1 or greater.
To increase the input impedance of
the VU meter from 3900 ohms to 7500
ohms, a 3600 -ohm resistor is connected
in series ahead of the attenuator. However, in so doing a 4 -dB loss is incurred
across the 3600 -ohm resistor. If a signal of 1 milliwatt (0.773 volt) is im-

pressed across the input terminals of
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the circuit in Fig. 10-24, it will not deflect the meter to the 100 percent calibration but only to the minus 4 VU (or
dB) mark, or approximately 65 percent.
This means that if the meter is to be
deflected to the 100 percent point, the
input signal must be increased to a plus
4 dBm. This is the reason why 1 milli watt of power will be indicated at the
minus 4 calibration mark.

Attenuators used with VU meters
have no 0-dBm calibration step but
start at a plus 4 dBm. The bridging loss
of a 7500 -ohm VU meter is quite small

reduce the level. Therefore, a VI or VU
meter must be set with at least an 8 -dB
lead, which is described in Question
10.28.

70.28 What is the procedure for inserting lead into o VU meter circuit to
prevent overloading a recording system?

-Since VU meters do not indicate the
true peak values of program material
(complex waveforms) it is quite easy
to overload a recording system. To pro-

tect against these unseen peaks, a lead
or margin of safety is inserted in the
VU meter circuit.

(in the order of 0.34 db) when con-

To illustrate the procedure for In-

nected across a line of 600 ohms imped-

serting a lead into a VU meter circuit,
assume a recording channel employing
both photographic film and magnetic
recorders is to be adjusted. Further assume that the VU meter is connected
across a bridging bus with a sine -wave

ance.
10.25
How does the attenuator of
a VU meter function?-VU meters are,
in reality, voltmeters calibrated in deci-

bels to read with respect to a reference
voltage. The attenuator inserts loss
ahead of the meter in a manner similar
to a voltmeter multiplier, except that
in the case of the VU meter, the loss is
inserted in steps of one or more dB
while the impedance remains constant.
10.26

How are the readings of the

input attenuator and the meter scale
added?-Algebraically. For example, if

of plus 14 dBm. With the VU
meter set to plus 14 am, a 400- or
level

1000 -Hz signal is sent into the input of
the recording console. The mixer control is set to its normal operating range

and the signal level adjusted to bring
the bus level to plus 14 dBm (the VU
meter reads 100 percent or zero dBm).
Adjust the recording amplifier for the

the attenuator is set to a plus 10 dBm
and the meter indicates a plus 3 dI3,
the level is plus 13 dBm. On the other
hand, if the attenuator is set to a plus
30 dBm and the meter reading is a
minus 3 dB, the true level is plus

photographic recorder to deflect the

27 dBm.

adjusted for 100 -percent modulation.

Does a VU meter indicate the
true level of a complex waveform? -No.

Remove the input signal and return
the VU meter attenuator to its plus 6-

10.27

indicates somewhere between the
average and the peak values. Program
material is of a complex and transient
nature; therefore, the VU meter indiIt

cates considerably under the instantaneous peak program level. This means

that many peaks present in the program material are not indicated by the
meter because the meter movement
cannot follow small instantaneous peaks

which arc varying both in amplitude
and in frequency simultaneously. There-

fore, the meter must either be set or
caused to indicate in a manner that will
not overload the system in which it is

light modulator to exactly 100 -percent
modulation. Assuming the operating

the magnetic recorder has
been determined as set forth in Question 17.163, the recording amplifier is
level for

dBm position. This inserts an 8 -dB lead
or margin of safety in the VU meter by
making it 8 dB more sensitive, thus

protecting the system against unseen
peaks up to 8 dB. The program material

now mixed in the usual manner.
Some recording activities, because of
the heavy peaks and overloads encounis

tered in some types of music, use a 10 to 12 -dB lead in the VU meter.

Radio transmitters are adjusted in a
similar manner, only in this instance
the percentage modulation indicated by

the VU meter indicates

operating.

Peak voltages of 8 to 14 dB may be
occurring above the meter indication
but, because of the ballistics of the
meter, are not indicated. Even if they
could be seen it would he too late to

the percent

modulation of the radio transmitter
/0.29

What is the input impedance

of the older type VI meters described
in

Question

10.22?-Generally,

5000

ohms for those designed to indicate 1.73
volts across a 500 -ohm line. The circuit

diagram for the older type meter

is

VU AND VOLUME INDICATOR METERS

shown in Fig. 10-29. This type meter
panel uses a 5000 -ohm I, -type attenua-

tor ahead of the meter movement. Although the L -pad does not present a
constant impedance to the meter movement, it does present a constant 5000
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or higher than the original calibration.
Therefore, the meter indicates incorrectly. Two circuits are shown in Fig.
10-31, one a 600 -ohm circuit and the
other a 16 -ohm circuit. Both arc dis-

One of the disadvantages of this type

sipating the same amount of power, yet
the voltage across each circuit is quite
different For the 600 -ohm circuit, the
voltage is 0 773 volt, and for the 16 -ohm
circuit it is 0.127 volt It may readily
be seen that if a VU meter is connected
across the 16 -ohm circuit, it will not
deflect the same amount as for the 600 ohm circuit, although the same amount

meter, when used for monitoring program material, is the ballistics of the

of power is flowing in each circuit. To
arrive at the correct power level in the

meter which arc changed with changes

16 -ohm circuit a correction factor must
be applied to the meter indication.

ohms to the circuit being bridged. The
two arms of the attenuator are ganged
together mechanically and arc varied
inversely to each other. The attenuator
is designed to increase the level of the
meter readings in steps of 2 dB each,
starting at zero level 16 milliwatts).

in the setting of the input attenuator.
This

is due to the shunt arm of the

P 0 001 WATTS

attenuator being reduced in value and
acting as a shunt across the meter
movement, as the attenuator is set for

a higher range The ballistics of this
meter arc not suitable for program
monitoring, and have been obsolete for
some years. The ballistics and fre-

(a) 600 -ohm line.

quency characteristics also vary with

P 0 001 WATTS

different manufacturers.

Sr.

(h) 16 -ohm line.

Fig.

10-29.

Schematic diagram for

a

5000 -ohm VI meter, calibrated for a 6
milliwatt reference level, or 1.73 volts
across 500 ohms.
10.30

Fig. 10-31. Voltages across lines of different impedance but with same power
in milliwotts.
10.32 Give the equation for VU and
VI meter impedance level correction.

II a VU or VI meter is con-

dB .

nected across on impedance other than
that for which if was originally calibrated, will the reading be correct?-No.

where,

A correction factor must be applied to
the indicated reading to correct for the

Z:

difference in the impedance.
10.31 Why must a correction factor
be applied to a VU meter when connected across an impedance different

Iron that which it was originally calibrated?-VU and VI meters are in reality voltmeters calibrated in decibels
with respect to a reference power level.
If connected across a line impedance

different from that for which it

was

originally calibrated, the voltage supplied to the meter will either be lower

Z,

is

10

Log,. Zr
- or
Z,

the impedance of the circuit

hridged,
is

the impedance for which the

meter is calibrated.

When the line impedance is greater, the
equation is inverted and the correction
subtracted from the indicated level.

When the line impedance is low, the
correction factor is added. A typical
example of applying a correction factor
would be as follows: A VII meter calibrated for a line impedance of 600 ohms
is bridged across a 16 -ohm line as
shown in Fig. 10-31. If the meter indicates a level of plus 1 dBm, what is the
true level?
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dB = 10 Log,.

calibrated with reference to 1 milliwatt,
600 ohms. The new impedance to be
bridged is entered at the lower margin

600

= 10 x 1.574
= 15.74 dB.

and followed upward to the diagonal
line. The correction factor is read at the
left margin.
10.33 Define the term bridging loss
when applied to o volume indicator
meter. -It is the reduction in signal
level experienced when a VU meter is

The correction factor of 15.74 dB is
added to the meter reading of plus 1
dBm, which results in a true level reading of plus 16.74 dBm. Typical correction factors are given in Fig. 10-32A.
Shown in Fig. 10-32B is an impedance -level correction graph for meters

bridged across a circuit. The drop in
signal level is caused by the absorption

of power by the meter circuit. As a

Meter
Line
Iniped-

Col.
500

Meter Cal.

since

Ohms
(dB)

600 Oh ms

(ohms)
600
500
2.50

200
150
125

100
50
30
16
15

8
4

(dB)

-0.79it
subtract
0.000

+3.010
+3.97o
+5.230
+6.020
+6.990
+10.000
+12.220
+14.940
+15.220
+17.960
+20.970

rule, the power absorbed is quite small
and may for most purposes, be ignored.
However, at high powers, it may become important. Bridging loss may be
calculated by the equation:

0.000

+0.791

dB _ 20 Log,,,

+3.800
+4.770
+6.020
+6.810
+7.780
+10.790 add
+13.010
+15.740
+16.020
+18.750

add

is the VU meter input impedance,
R is the line impedance.

A table of bridging losses for the more
commonly used impedances and meters

is given in Fig. 10-33.
10.34 How may

recommended by the Weston Instru-
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transformer as shown in Fig. 10-34,

+20--

a

standard

of ISO ohms?-By the use of an input

+25

5

o

meter designed for 600 -ohm use be employed in 0 line hewing on impedance

Fig. 10-32A. VU and VI meter impedance correction factors.

0

21311

where,

4 21.760

iS +10

2Be + R

100

1 111

1111111 M.1111
1111111

1

050

104

1111111

10015

0.0105nCt - 010.15

Fig. 10.326. Impedance -level correction graph.
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ment Corporation. The transformer has

and other applications involving the

a turns ratio of 1:2 which results in a

measurement of output power and impedance with respect to frequency.
The circuit of the meter (Fig.
10-35B) consists of a load impedance
adjusting network composed of resistor
RI, impedance -selecting switch SI,
multiplier switch S2, frequency -correcting networks, a calibrating pot, and
indicating meter MI.
The impedance -adjusting network
provides for the selection of 40 different

gain of 6 dB, and may be used with the
switches SI and S2 set to "T," up to any
level for which the transformer is suit-

able. Switch S3 may be open for ungrounded circuits or omitted entirely.
The circuit is closed if a grounded system is necessary.

Bridging

Line

Meter

(ohms)

Impedance
(ohms)

(dB)

5000

500

0.47

5000
7500

600

0.55

500

0.30

7500

GOO

0.38

Impedance

Fig.

Loss

load impedances between 2.5 and 20,000
ohms. The meter scale is calibrated
from 1 to 50 milliwatts, and from 0

to 17 dB. The meter multiplier switch
extends the power readings from 0.10
to 5000 milliwatts (5 watts), and the
dB reading from minus 10 to plus 30 dB

10-33. VU and VI ranter bridging

in steps of 2 dB. The location of the

losses for circuits of 500 and 600 ohms.

controls may be seen in Fig. 10-35A.

However, since any transformer has
power limitations and since a 12 -dB

pad can be arranged to serve as a
match between the line and the load,
the diagram shows an arrangement
whereby the transformer is switched
out of the circuit and a fixed pad
switched in at the 12-d13 or 16-dD point.

The two line switches SI and S2 are
transferred to "P" and switch S3 must
be closed, if previously left open.
It is convenient to associate these
transfer switches with the 1.2 -dB position on the attenuator. The transformer

Is used for levels up to plus 12 dBm
Above plus 12 dBm, the pad is switched

into the circuit.
10.35

What

is

a

meter? -A meter similar

power -output
to the one

shown in Fig. 10-35A which is used for

measuring the power output of audio
amplifiers and other devices. It may
also be used to detenninc the characteristic and internal output impedance,
the effect of load -impedance variation,

Fig.

10-35A.

A

power -output

meter

manufactured by the Doyen Company
3100"

0

PAO
la

ATTEMJATOR

12 dB LOSS

961"

3300"
Rs

90"..--.121/9" 1046"

3900 r.
TERNAL

NUBIA NC

Fig. 10-34. Circuit for a standard VU meter panel, with i.iput transformer and pad,
for operation on a 150 -ohm transmission line.
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METER MULTIPLIER
FOR IMPEOANCES

HIGH -FREQUENCY
CORRECTION AND
CALIBRATING POT

A

ABOVE 300H

INPUT
O
.1

LOW -FREQUENCY
CORRECTION

0

CI

YI

INPUT IMPEDANCE
SELECTING
SWITCH

Fig. 10-35B. Elementary schematic diagram of the Daven Model OP -961 power output meter.

Referring to Fig. 10-35B, the input
terminals are shunted by a 40 section
noninductive
its

resistance

network

value controlled by switches S1A

remainder of the circuit. A frequency correcting network consisting of resistor
R3 and capacitor Cl is connected across
the output side of coil TI to compensate

and B. For impedance values

for losses in the coil at the lower fre-

ohms, resistor RI is bridged by a high

quencies.

impedance autotransformer T1, the appropriate tap being selected by switch

The meter -multiplier switch S2A and
B consists of a bridged -T network cali-

S1A. As the resistance of

in-

brated in power ratio and decibels. A

creased or decreased, the ratio of trans-

second bridged -T network serves as a
combination high -frequency correction

RI.

is

formation of the autotransformer coil
is increased or decreased in the proper

relation, so that the power dissipated
in resistor RI is directly proportional to
the voltage appearing across the meter
Ml.
To ensure that the input impedance
remains essentially noninductive, the

bridging impedance presented by the
autotransformer to resistor RI is quite
high. For impedances above 300 ohms,
switch SIB disconnects the coil and
substitutes a noninductive resistor, R2.

This resistor then controls the voltage
appearing across the meter. The selection of the taps on resistor RI as well as
switching from the autotransformer T1
to resistor R2 is controlled by the positions of switches S1A and B.
The actual value of impedance presented by the meter is the value of R1
in parallel with the autotransformer Tl.
(The design of such autotransformers is
Question 22.124.) Above
300 ohms, resistor 122 is snbstitutcd for

network and basic calibration control.
The indicating meter is a conventional
rectifier meter.
The input impedance and power ac-

curacies are plus or minus 2 percent
over a range of 30 to 10,000 Hz. The ref-

erence power is

1
milliwatt in a 600 ohm circuit (zero dBm). The device

may be used for many different types of
measurements; among them arc:
(A) MEASUREMENT OF POWER

OUTPUT AT A GIVEN IMPEDANCE AND FREQUENCY. Adjust
the meter for a reading near its center scale. Maximum power output is

the meter indication multiplied by
the meter multiplier (S2). For variable -impedance devices, set the meter

impedance to the required load impedance and note the power output.
This same procedure is used for all
impedance values of interest.

discussed in

(B) MEASUREMENT OF INTERNAL OUTPUT IMPEDANCE. Vary

the transformer and is shunted by the

the meter impedance until a maxi-
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A

n

a. 50
- 5 145

0-b 440
11 -15

15

g -2o 30

a -25 1 25

2' -30 20

-35 is

_A-40 4,0

.5

..)-50
-55
-00

0

-5
-$0
. i

A 001

B .0000000*

I

...I

:L

.0

.000000

OC

/1.o]

,Oct

.00000
PLAN 9'\WA-Ti

Fag. 10-40. Chart showing the difference in decibels between 1, 6, and 12.5 milli won reference power levels.

mum power -output indication is ob-

dBa

Noise measurements (dB adjusted).

dB]

1000 -microvolts reference.
1 -kilowatt reference.
1
milliwatt, 0.0775 volt, 600

taMed. The internal output impedance of the device under test is equal
to the meter impedance.

(C) MEASUREMENT OF INTERNAL OUTPUT IMPEDANCE WITH
RESPECT TO FREQUENCY. Hold
the input signal to the device under
test at a constant value. Measure the
output impedance for each

frequency of interest, by noting the
maximum power output.
Care must be exercised in assum-

ing that the impedance which develops the maximum power output
is the correct load impedance for the
device under test. Many devices
(such as negative -feedback amplifiers) have an internal output impedance. If known, the correct load impedance should always be used when
making measurements involving the
use of power output meters.
10.36 What it the reference -level
terminology used in the sound and electronic industries?
1.73 volts, 500
6 milliwatts,
ohms

dBk
dBni

ohms.

dBn
dBV
dBW
dBx
dBrap

1 -microvolt reference.
1 -volt reference.
1 -watt reference.
Crosstalk measurements.

clBrn

Decibels above the reference
acoustical power, 10 '' watts.
Relationship of noise to a ref-

dBrnc
dBVg
VU

erence level.
Crosstalk measuremeats
Decibels of voltage gain
1-milliwatt; complex wave-

forms varying in both amplitude and frequency.
10.37

What is a transmission unit?

-A now obsolete term formerly used
for expressing gain or loss. It has been
replaced by the term decibel.
10.38 What does the term mile -of -

/on mean?-This is an obsolete term
formerly used in the telephone industry
to express gain or loss in terms of loss

Fig. 10-41. Moving beam of light VU meter. (Courtesy, Gothom Audio Corp.)
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for one standard mile of telephone cable

WATTS

or wire. It was replaced by the transmission unit (now also obsolete) and
subsequently, by the present term de-

pp
90

cibel. 1 Mile of Standard cable x 0.947

= 1 decibel.
10.39 Dalin°

218

48

195

50

47

173

40

155

30

46
45
44

20

43

109

used to express gain or loss. MatheNepers

1,2 Loge

15

P,

fc
p.

where,

P and P. are two powers,
a equals 2.718 the base of the Naperian system of logarithms.

Multiply

By

0.1151 nepers

decibels

1.056

miles of
standard cable

0.947

4

nepers

nepers

8.686

decibels

9.175

86 9

40

775
690

39

36

61.5

37

54.11

36

46.9

35

43.6

34

38 8

33

34 11

32

304

800

600 -/-

78

19.5

500

27

17 3

400

26

15.5

300

25

13.8

24

12.3

23

109

150

22

9.75

21

8 69

20

7.75

19

690

18

6 15

17

5 48

40

16

4.89

30

15

4.36

60

20

_/-

14

3 88

13

3 46

12

306
75

1

9
7

-/

S

milliwatts 10.96 decibels.
Decibel conversion graphs for 1. and
6 milliwalts sine -wave power are given

3

in Fig. 25-105A and B.
10.41
What is a moving light beam

21.8

200

w 5° -.

The difference between 1 milliwatt and
6 milliwatts is 7.78 dB, and for 12.5

-

0

245

9

2.18

8

195

7

1 73

6

155

5

1.38

+4

123

3

1.09

2

975

869

VU moter?-A VU meter employing a

to the movement; in turn it casts a narrow beam of light onto a ground glass
scale, calibrated in
decibels (Fig.
10-41). The frequency response is 20 to
20,000 Hz, 3900 -ohms input impedance
-normally used with 3600 -ohm resistor

97 5

4

27 5

90
80
70 -

Show the relationship in decibels, between a 1, 6, and 12.5 milliwatt
power -reference level.-The difference
between these three reference powers
may be seen in the graph of Fig. 10-40.

42

24.5

100

Europe.)
10.40

123

30
29

700

(Nepers are still used in some parts of

138

31

900 -

r

through a slot onto a mirror attached

-/5-/-

miles of
standard cable

straight-line scale, consisting of a d'Arsonval movement and a rectifier. An
optical system projects a beam of light

-

2

decibels

0.109

nepers

3

miles of
standard cable

miles of
standard cable

9

5

To find

decibels

10

6

The relationship between decibels, nepers, and miles of standard cable may be
found as follows:

245

60 -/-

70

matically, the neper is defined:

VOLTS

49

190

the nape,. -A term

VU

dam
50

0

775

Fig. 10-42. Relationship of VU and dBm
to power in watts and voltage in a 600 ohm line.

(see Question 10.24). The ballistics are
accordance with USASI (ASA)
Standard C-16.5, 1961. The sensitivity is
the same as for a standard VU meter.
When the level deflects over zero VU,
in

the light doubles in height and turns

VU AND VOLUME INDICATOR METERS

457

22v

*250v

INPUT
20 -

30
Vr

Fig. 10-43. Two sivnpla VU nutters that may be added to existing equipment.

red, thus warning the operator that the
system is in overload. The scale reads

transistor are shown in Fig.
10-43. Either of the circuits may be
2N2712

and

added to existing equipment. The meter
movement can be the conventional VU

Knowing the level in decibels
and line impedance, how is the voltage
determined for other line impedancesl-

meter with its internal rectifier or an

in both
decibels.
10.42

percentage

modulation

If the line voltage for a given level at
600 ohms is known, voltages for other
line impedances may be calculated.

inexpensive

200

to

500

microampere

movement using a small rectifier similar to those discussed in Question 10.5.
The completed meter is calibrated by
applying a constant frequency of 1000

Hz to the input, and calibrating the
Era

= Vet

where,

600

E. is the unknown voltage,
V... is the voltage for 600 -ohms

meter movement in decibels. This subject is discussed in Section 23.

When the meter is put to use, the
100 -percent modulation of the system is

As an example, assume voltage E. is
required for a line impedance of 150

established, and the sensitivity of the
meter circuit is increased by 10 dB to
provide a 10 -dB lead as explained in

ohms at a level of plus 4 dBm. Referring

Question 10.28. It should be understood

to Fig. 10-42, the voltage for a level of
plus 4 dBni is 1.23 volts. The new voltage may now be calculated:

that unless the meter movement is an
actual VU meter, the peak indications

E.-123

p5-TI = 0.615 volt.
--

600

Voltages for a line impedance of 600
ohms for levels between minus 20 (Min
to plus 50 dBm may be taken from Fig.
10-42. Additional information is given
Question 23.167, and in Question

in

25 115.

10.43

Show a simple circuit for add-

ing a VU meter to existing equipment.-

Two such circuits each employing a

will not be compatible with the conventional VU meter. However, with a
l0 -dB lead, the system should be protected from serious overload
10.44 How may a magic eye tube be
connected for use as a volume indicator?

-In the manner shown in Fig. 10-44.
The terminal indicated input should
connect to a point ahead of the recording device and be adjusted to indicate
the peak recording level. (See Question
10.7.)

10.45

How is an oscilloscope used

as a peak reading VI meter?-As disINPUT

cussed in Question 10.28, the standard

VU meter does not indicate the true
peaks of a complex waveform. To protect a recording channel from overload
a lead of 8 dB or more is inserted in the
VU meter circuit to protect the System
from unseen peaks. A peak -reading VI

10-44. A 6E5 or Magic Eye Tube
connected as a volume indicator meter.
Fig.

meter may be had by connecting an
oscilloscope in

parallel with the VU
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°SOL LOSC OPE

50 %

MAT ION

00 %MODULATION

Fig.

10-45A.

14

Oscilloscope screen cali-

Fig.

10-450

Oscilloscope connected in

brated for use as a peak indicating VI
meter. The horizontal sweep control is
closed -off to present only a vertical line.

parallel with VU meter.

meter (Fig. I0 -45B). To align the os-

dBm. This level is also marked on the
oscilloscope graticule. Now under nor-

cilloscope with the VU meter, two measurements are required.
A 1000 -Hz signal is sent into the

channel and the bridging bus level set.
for exainple, to plus 14 dBm, and the
deflection of the oscilloscope (sweep off)

is adjusted for a convenient deflection
(100%) on the graticule (Fig. 10-45A).
The VU meter is now set for an 8 -dB

lead by turning its attenuator to plus

mal recording conditions the oscilloscope will indicate the peak modulations. Thus, the readings of the VU
meter for a complex waveform may be
compared to the actual peak excursions

not indicated by the VU meter. This
method of monitoring recording levels
is often used where the control of recording levels is critical.
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11

Vacuum Tubes,
Transistors, and Diodes
In 1883, Edison discovered that eiectrons flowed in an evacuated lamp bulb, from

a heated filament to a separate electrode (the Edison effect). Fleming, making
use of this principle, invented the "Fleming Valve" in 1905, but when de Forest,
in 1907, inserted the grid, he opened the door to electronic amplification with the
"Audion." The millions of vacuum tubes are an outgrowth of the principles set
forth by these men.
The subject of vacuum tubes is complex, and only design considerations essential to proper use in audio circuitry are entered into. Semiconductors have resulted in the obsolescence of many type tubes; however, tubes will continue to
play an important role in electronic circuitry for years to come. Vacuum tubes
and transistors may be complementary, and many hybrid devices have been designed utilizing a combination of the two. While entirely different in concept,
they may both perform the same function, and with modification of circuitry may
be used interchangeably. However, the design engineer must use a different approach when considering devices employing either transistors or vacuum tubes.
Characteristics and variations in vacuum tubes, transistors, diodes, photoconductors. and other devices of the semiconductor family are discussed in this
section.

11.1

11.7 What is an indirectly heated
tubeT-One which employs a heater
inside the cathode sleeve. The electrons are emitted from the surface of
the cathode and not the heater. (See

What is the Edison effect?-

The emission of electrons from a heated

body. This effect was discovered by
Thomas A. Edison in 1883 during his
experiments with the electric light.
11.2 What are elements?-The in-

Fig. 11-7.)
11.8 What is a directly heated
tuba?-One employing a filament which

ner electrodes of a vacuum tube.
11.3
What is a filament?-The element in a directly heated vacuum tube
which emits electrons.
11.4 What is a heater?-A coiled
element used to heat the cathode ele-

serves the dual purpose of heater and
cathode. The operating temperature of
such tubes ranges from -900 to 2500

ment in an indirectly heated vacuum

degrees Centigrade.
I / .9 What is a

tube.

or tantalum disc enclosed in a vacuum

getter?-A barium

11.5
What Is thorium?-A rare
mineral used in the manufacture of
vacuum -tube filaments. Thorium when

mixed with tungsten in the form of a
filament is a profuse emitter of elec-

SLEEVE

trons, but gradually evaporates during
its use.
11.6 What is barium oxide?-A rare
earth used in a manner similar to thorium for coating the surface of a cathode or filament of a vacuum tube.

66
Fig. 11-7. Indirectly heated tube.
959
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tube for the purpose of absorbing gasses

released from the elements. The disc
is flashed from the exterior during the
exhausting process. This generally results in a silver or reddish discolora-

tion on the interior of the glass en-

element vacuum tube consisting of a
cathode, control grid, suppressor grid,
screen grid, injector grid, and a plate.
11.21
What is a heptode? -A
seven -element vacuum tube containing
a cathode, control grid, four grids, and
a plate.

velope.
11.10

What is a cathode?-A sleeve
surrounding the heater in a vacuum
tube. The surface of the cathode is

coated with barium oxide or thoriated
tungsten to increase the emission of
electrons. (See Fig. 11-7.)

What is a control grid?-A
11.11
spiral wire element placed between the
plate and cathode elements of a vacuum

tube to which the input signal is geu-

/1.22 What is a pentogrid? -A
seven -element vacuum tube consisting
of a cathode, five grids, and a plate.
/1.23 What is en acted.? - An
eight -element vacuum tube consisting
of a cathode, six grids, and a plate.
11.24

Where

aro

resultigrid

tubes

used in audio circuits? --In compressors,
expanders, and special applications.
11.25 What is a beans -power tube?

erolly applied. This element controls the
flow of electrons between the cathode
and the plate elements.
11.12 What is a suppressor grid?-A

-A power -output tube having the ad-

gridlike element situated between the

output power for application in the out-

plate and screen elements in a vacuum
tube to prevent secondary electrons

put stage of an audio amplifier. The

emitted by the plate from striking the
screen grid. The suppressor is generally connected to the ground or cathode
circuit.
11.13 What is a screen grid?-An
element in a pentode -type vacuum tube

which is situated between the control
grid and the plate elements. This screen

grid is maintained at a positive potential to reduce the capacitance existing
between the plate and control -grid elements. It thus acts as an electrostatic
shield and prevents self -oscillation and
feedback within the tube.
11.11 What is a plate?-The positive clement in a vacuum tube. The
element from which the output signal
is nsually taken. It is also called an
anode.
11.15

What

is

a

diodiel- -A two -

element vacuum tube consisting of a
plate and a cathode. It is also known
as a Fleming valve, after its inven-

tor Dr. J. A. Fleming, an English scientist.

1/.16 What is triode?-A three element vacuum tube.

11.17-What is o dual triode?-A
single envelope containing two sets of
triode elements.
11.18 What is o tetrodel-A four element vacuum tube containing a

cathode, a control grid, a screen grid.
and a plate. It is frequently referred
to as a screen -grid tube
11.19 What is a hesode?-A six -

vantage of both the letrode and pentode
tubes. Beam -power tubes are capable

of handling relatively high levels of
power -handling capabilities stem from
the concentration of the plate -current
electrons into beams of moving electrons. In the conventional tnbe the
electrons flow from the cathode to the
plate, but are not confined to a beam.
In a beam -power tube the internal elements consist of a cathode, control grid,
screen grid, and two beam -forming elements which arc tied internally to the
cathode clement. The cathode is indirectly heated as in the conventional
tube.

The internal construction of an RCA
61.6 beam -power tube is shown in part

(a) in Fig. 11-25. One of the most important points of the construction of
this tube is the method used to form the
electron beams. This is accomplished by

making the pitch of the winding of the
control- and screen -grid elements the
same, and in a physical plane relative
to the paths of the plate -current electrons. Because of the control -grid winding shadow being in the same plane
as
the screen -grid winding, fewer
electrons strike the windings of the
screen -grid element. Thus the screen grid current is less, permitting a greater

number of electrons to reach the plate
element, which results in a greater

plate current for a given signal voltage at the control grid. The plate current being high results in the plate
resistance being relatively low, thus increasing the power -handling capabilities. The beam -forming elements are
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SEAM -

CPO INING
ELECTRODE
CATHODE
GRID

SCREEN

II)

(Si

CIL ATE

Fig. 1 1.2 5. View of the interior of a 6L6 beam -power tube. (Courtesy, Radio Corpo-

ration of America )
connected internally to the cathode ele-

heater, with a plate current of 10 mil-

ment and influence the movement of
the electrons in their passage to the

liamperes at 75 volts. The transconductance is 11,500 micromhos, with an am-

plate element. Because the beam -form-

plification factor of 35. They also have

ing elements arc at cathode potential,

the additional feature of being non-

equivalent space -charge

an

effect

is

caused between the screen grid and
the plate; this charge has an effect similar to that of a surface existing be-

microphonic. An interior view showing
the construction of such a tube is given
in Fig. 11-27.

tween the ends of one beam -forming
plate and the other. This is shown by
the dashed lines (points 1 and 2) in
part (b) of Fig. 11-25. This effect is referred to as a virtual cathode. This invisible wall also repels secondary electrons from the plate and prevents them
from striking the screen -grid element.
What is an electron -ray tube?
7.2 6
- -A miniature cathode-ray tube used
as an amplitude indicator in recording
1

and test equipment and also as a tuning
indicator in radio receivers. Cathoderay tubes are discussed in Question
11.91. The interior of an RCA 6E5 electron -ray tube is shown in Fig. 11-26.
I 1.2 7-Describe the construction of
a nuyistor tube.-Nuvistor tubes (6CW4
and 7586) are used quite frequently in
sound equipment, particularly where a
high signal-to-noise ratio is a necessity.
They are often used in the microphone
preamplifier circuits with transistorized
recording channels. When used as such,

the circuitry is termed a hybrid circuit.

1-TRIODE GRID
2-TARGET
3-CATHODE LIGHT SHIELD
4-FLUORESCENT COATING
5-RAY-CONTROL ELECTRODE
6-TRIODE PLATE
7-CATHODE

Nuvistors have desirable characteristics

Fig. 11-26. Interior view of a 6E5 elec-

for portable equipment, as they only
require 0.135 amp at 6.3 volts for the

tron -ray

Imayic eye)

tube.

Courtesy,

Radio Corporation of America )
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drop, which may be used for a source

of calibration within limits. Voltage regulator types are generally used in
shunt with the circuit to be regulated,
and act :Is a variable load, countering
the effects of load variation. When there

is little or no current drawn from the
supply, the VRT conducts heavily. As
the load current requirement increases,

the VRT takes

less

current and

so

maintains a constant load on the supply.

This effective flatting of the load current provides the voltage stabilization
of which a VRT is capable. The average
VRT draws from S to 30 milliamperes,

and over this range of current will
maintain the output voltage within 2
to 3 percent of the operating point.
Voltage -regulator tubes will also
maintain a constant output voltage,
even with variation in power -line volt-

ages supplying the power supply. A
rise in line voltage causes the VRT to
draw more current, thus lowering the
output voltage. Voltage -reference tubes

are used where a higher order of control is required, as in recording equipment power supplies. These devices use

Fig. 11-27. Interior view of a 6CW4 or
7586 Navistar tube. (Courtesy, Radio

high gain de sensing amplifiers, which

Corporation of America)
11.28
What is an acorn tube? -A
small vacuum tube designed for very high -frequency use and having a low
internal electrode capacitance. The cle-

ment connections are brought out at
the sides of the glass envelope. This
tube requires a special socket.
11.29 What is a thyratron?-A gas discharge tube which may be used sim-

ilarly to a relay. A positive charge is
applied to a control grid which starts
the control cycle. (See Fig. 11-29.)
11:30 What is a voltage -regulator

tube?-A vacuum tube containing two
elements, a cold cathode, and a plate
and filled with a rare gas such as neon
or argon. This tube requires no heater

and is used as a voltage stabilizer in
power supplies.
There are several different type
voltage -regulator tubes (VRT). The

two most useful to the audio engineer
are the gas -filled and the glow -discharged types. Of these types, the voltage regulator and the voltage -reference
tubes are the ones most commonly used.
The voltage -reference tube is a special

VRT, with a sharply defined voltage

1-SHIELDING MICA
2-INSULATING MICA
.3-CATHODE
4-CONTROL GRID

5-SHIELD GRID
1i-SIIIELD GRID APERTURE
7-ANODE
8-(:LASS SLEEVE
9-GETTER
Fig. 11-29. Interior view of a gas tctrodc
:thyratron) tube. (Courtesy, Radio Corporation of America I
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control the load current by means of

the cathode skipping points. Voltage -

heavy -current regulating tubes that accurately regulate the load current. The
accuracy of the regulation is the function of the reference voltage tube.
Voltage -reference tubes are similar to
voltage -regulator tubes, except they
contain certain modifications which re-

regulator tubes also have a habit of

strict them to this form of service. The
principal difference is that voltage reference tubes are limited to a rather
narrow range of current operation.
However, as the reference tubes are designed

to operate at a fixed current,

oscillating at high frequencies or motor -

boating, depending on the circuit constants.

Although the above discussion does
not present a very good picture of such

tubes, they are still a valuable tool in
the field of regulation. It is good practice to design the supply voltage to be
high enough that the tubes will always
fire when the initial voltage is applied;
this causes a heavy surge of current and
will probably regulate at the same volt-

this may be taken advantage of to adjust it to its most stable operating point.
A second difference is that reference
tubes operate at lower voltages than

age. Since a bypass capacitor is required around this tube, it should not

voltage -regulator tubes.
Voltage -regulator tubes

con-

Voltage -regulator tubes may also be
operated in series or parallel. In series,

structed with an anode consisting of a

they may be used as voltage dividers, or

thin rod mounted in the center of

where the voltage to be regulated is
higher than the specified VRT rating.
The use of the voltage -regulator tube

arc

a

cylindrical cathode, which is the reverse

of the conventional vacuum tube. The
cathode in a VRT is cold since there is
no heater element. The envelope is
filled with an inert gas, such as argon or
neon. When a rising voltage is applied
across the tube, nothing happens until

a critical voltage, called the firing potential or starting voltage, is reached.
At this point the tuhe conducts. At this
voltage the inside surface of the cathode becomes partially illuminated with

either a purple or reddish glow, depending on the type of gas used. An
increase

of

voltage across

the tube

causes an increase in current, increasing the area of the glow, which varies
with the current and distinguishes it
from the reference voltage tube which
usually glows over the entire cathode
surface.

Voltage -regulator tubes suffer frern
several inherent problems, the first of
which is starting instability. It will be
noted on the restarting of such tubes
that they do not regulate at the same
voltage for each start. This can be as
much as plus or minus 2 or 3 volts in
148 volts Another inherent fault is the
flickering of the glow around the cathode as the current is increased from its
minimum value to its maximum value.
These

sudden

variations

in

voltage

across the tube are the result of portions of the glow area skipping from
one point on the cathode to another. A
third form of instability is the operating

current accidentally placed at one of

be larger than 0.10 pF, since larger values tend to cause the tube to motorboat.

in regulated power supplies is discussed
in Section 21.
It has been found that both voltage -

regulator and voltage -reference tubes
when placed in a light -tight box require
a higher firing voltage than they do in
daylight. In some instances they will
not fire at all. For certain types of

equipment, a small pilot light is placed
near the tube to cause it to fire instant ally when the voltage is applied. Typical
voltage -regulator and voltage -reference
tubes are the 003/150, 6626, and 6627.
Voltage -regulator tubes are also discussed in Section 2L
11.31
What is o phototube? -A
two -element vacuum tube containing a

cathode and a plate. Light falling on
the cathode, which is coated with a
light-sensitive

substance,

causes

the

used for light
control circuits and in the reproductube to conduct. It
tion

of

sound

Is

tracks

from

motion

picture film. The sensitivity of a photo tube depends on the frequency or color
of the light falling on its elements.
Phototuhes may be obtained that are
sensitive only to certain bands of light
Others respond to the colors common
to the human eye. Practical uses of the
phototube are discussed in Question
19.93. The name phototube is used when
referring to a vacuum -type photo-

sensitive tube. The term photocell

is

used for solid-state devices and voltage generating devices.
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Each dynode is treated so that it will
produce
emission.

a

high

secondary -electron

When the first dynode

is

struck, several secondary electrons are
released. These, in turn, strike the
second
dynode, releasing additional
electroris. Photomultiplier tubes use 4 to 14 -stage dynodes, achieving amplifications up to 100 million, with transit
times of 28 x 10-' to 70 x 10', depending on the number of stages. The total
voltage supply will range from 1800 to
7500 volts, again depending on the number of stages. A photocathode -type

photomultiplier tube manufactured by
Amperes, is shown in Fig. 11-32A, with
its internal elements and connections
shown in Fig. 11-32B.
11.33

What is the meaning of the

term mutual conductance? -11 is a term

11-32A. Amperes Electronic Corp.
XP 1110 10 -stage, photocathode photo Fig.

multiplier tub*.
11.32

What is a secondary -emission
phototube of extreme

originated by Hazeltine in 1919 to express the conductance of a vacuum
tube. This term has now been replaced
by the term transconductance, discussed in Question 11.35.
11.34 Give the letter symbols used

for identifying the electrical characteristics of vacuum tubes and basing diagrams. -The following symbols are in

multiplier?-A

general usage.

sensitivity. The initial electrons emitted
from the cathode arc directed to strike

C

Couplingizes capacitor between

against a group of plates called dynodes.

C.

Screen grid bypass capacitor
Cathode bypass capacitor
Supply voltage
Plate efficiency
Actual voltage at plate
Actual voltage at screen grid
Output voltage
Signal voltage at input
Voltage at control grid
Filament or heater voltage
Filament or heater current
Plate current
Cathode current
Screen grid current
Average plate current
Average cathode current
Average screen grid current

C.
poT

5C5

E..
Elf
Er
E..

sz

E.

E...
Er

1.

1111M

vb. 14 5 Vs

I.

NMI

1
4

sc.
gin

Is

1
57

1,,.
SS5

59
510

NT

G.

Transconductancc
ductance)

mu

Amplification factor
Power at screen grid
Power at plate
Plate load, plate -to -plate, or
push-pull amplifier
Grid resistor

P..
P,
P -P

5515LIFIE5

11-320. Voltage divider for Amperes XP 1110, 10 -stage photocathode
pholnmultiplier tube.
Fig.

L.

R.
R.
R,

R,

(mutual con-

Cathode resistor
Plate load impedance or resistance
Plate load resistor
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Screen dropping resistor
Decoupling resistor
r.
Internal plate resistance
V.
Voltage gain
The above are just a few of the more
commonly used symbols. It will be
found although such symbols are fairly
well standardized, considerable discrepancies exist in their usage. Basing dia-

When a vacuum tube is measured in
a dynamic transconductance tube tester,
all constants of the tube are considered.

grams for the more commonly used

istics, only the emission of the emitting
surfaces of the filament or cathode

An ac signal voltage is applied to the
control grid and the tube is measured
under simulated operating conditions
and the actual conductance is measured. Emission -type tube testers do
not measure the dynamic character-

tubes are given in Fig. 11-34.
1/.35 Define the tens trameonductence.-It is the change in the value
of plate current expressed in microamperes divided by the signal voltage

elements.

The transconductance (g,.,) of a tube
may be equated:

at the control grid of a vacuum tube

g..

and expresses its conductance. Conductance is the opposite of resistance
and the name mho (ohm spelled backward) was adopted for this unit of

=

a L.

(ERA, held constant)

where,

is the change of plate current,
is the change of control -grid
signal voltage,
is the plate supply voltage.

A 1,

a E.

measurement.

The basic unit, mho, is too large for
practical usage; therefore, the term
micromho is used. One micromho is
equal to one -millionth of a mho, or
1000 micromhos equal 0.001 mho.

A change of one milliampere of plate
current for a change of one volt at the
control grid is equal to one thousandth
of a mho or one thousand micromhos.

TUBES

DIODE

TRIODE

TETRODE

PENTODE OR

BEAM POWER

SHEET -SEAM

PENTAGRID
CONVERTER

EYE TUBE

DUO -DIODE
TRIODE

DUAL -TRIODE

GAS -FILLED
RECTIFIER

PHOTO TUBE

TWO -SECTION

HIGH -VOLTAGE
RECTIFIER

FULL -WAVE
RECTIFIER

TUBE ELEMENTS
AFILAMENT

CATHODE

PLATE

FORMING

GRID

MAW

PHOTO
CATHODE

Fig

EYE -TUBE

< DEFLECTION

PLATES

PLATE

COLD
CATHODE

FILLED

11-34. Basing diagrams for vacuum tubes

GAS -
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To convert mho's to micromhos multiply by 1,000,000. Thus, a tube having a
change of two milliamperes plate current for a change of one volt at the control grid would have a transconductance
of 2000 mieromhos.
11.36 What is the amplification
factor or voltage gain of a vacuum tube?
-It is the amount the signal at the

The ac resistance is not so simple to
calculate but requires a family of plate -

current curves from which the information may be extracted. As a rule,
this information is included with the
tube characteristics and is used when
calculating or selecting components for

an amplifier. The equation for calculating ac plate resistance is:

control grid is increased in amplitude
after passing through the tube. This is

also referred to as the mu, or voltage
gain (V,) of the tube.

ac r,. =
where,

Tube voltage gain may be computed:

E,. is the voltage at the plate,

I. is the plate current.
a (Delta) is the change in E and I,
with the control grid signal voltage
(E.,,) held constant.

V, _ g, X r. X R.
10 X (r. X R.)

or

V, _mu X R.
r. X R,

where,
g,,.

is the transconductance in micro mhos,

r, is the plate resistance in ohms,
R, is the load resistance in ohms,
mu is the voltage gain.
11.37 What does the term gain -per stage mean? --It is the amount the signal is amplified after passing through

a stage of amplification. If the amplifier

consists of several stages. the amount
of amplification is multiplied by each
stage. The gain of an amplifier stage
varies with the type tube and the inter stage coupling used. The general equation for voltage gain is:
V., = V,0 X V,-.! X

where,

V, is the voltage gain of the individual stages.

What is the plate resistance
of a vacuum tube?-The plate resist11.38

ance (re) of a vacuum tube is a constant and denotes the internal resistance

of the tube or the opposition offered
to the passage of electrons from the
cathode to the plate. Plate resistance
may he expressed in two ways: the do
resistance and the ac resistance. The
first is the internal opposition to the

current flow when steady values of
voltage are applied to the tube elements and may be determined simply
by Ohm's law:
E,

where,

dc r,.-- I.

E is the do plate voltage,

L. is the steady value of plate current,
r,. is the plate resistance.

E,
a I,.

The values of E, and I. are those taken
from the family of curves supplied by
the manufacturer for the particular
tube under consideration.
11.39
How is the plate resistance
affected by a change of clement voltage?-Increasing the plate voltage or
decreasing the grid -bias voltage de-

creases the plate resistance.
11.40
What arc steady-state or
static characteristics?-The character-

istics of a vacuum tube obtained when
all normal voltages are applied to the

elements with no signal at the input.
This is tested when using an emission type tester.
17.41

What are dynamic character.

istics?-Applied to a vacuum tube or

transistor, dynamic characteristics are
a

plot of the steady-state characterto which have been added the

istics

effect of load impedance. 'The resultant
plate -current and grid -voltage curves
arc termed cluncrinic-trousfer characteristics. Dynamic -transfer curves may be
used to determine the linearity and

nonlinearity of the input signal compared to the input signal for a specific
operating point for a given load resistance or impedance.
11.42 Define the term perverince.Perveanee is a figure of merit for a
diode rectifier tube. High-perveance
tubes have a lower internal voltage

drop for a given fixed current level.
This information is generally available
in the manufacturer's tube manual.
11.43 What is the cutoff point of a
vacuum tube?-A condition when the
negative potential applied to the control
grid completely stops flow of electrons
between the cathode and plate elements.
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Fig. 11-44. Showing the internal resistance of a vacuum tube which can cause

the flow of grid current.
11.44 What is grid current and its
cause? -1f the control grid is permitted

to become positive, with respect to the
cathode, it results in a flow of current

between the control grid and the cathode through the external circuits. This
condition Is unavoidable because the
wires of the control grid, having a positive charge, attract electrons passing
from the cathode to the plate.
Grid -current flow in a vacuum tube
is generally thought of as being caused
by only driving the control grid into
the positive region, and causing the
flow of grid current. This is quite true
for the operating conditions of an am-
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During certain phases of the manufacturing process, such as exhausting
and aging, the cathodes are operated at
a high temperature which, in turn, produces minute evaporation of the nickel -

cathode material and other conductive
materials from its coating. The material
migrates to a relatively cool surface of
the mica supports where it builds up a
layer of conductive material and thus
shunts a resistance across certain electrodes. In addition, the getter material,
which is usually a thin coating of barium or magnesium, is deposited on a
portion of the glass envelope, or inadvertently deposited on a micro -support
area. This resistance is not linear and at
higher temperatures and higher voltages, conductance

is

increased. The

leakage paths caused by the foregoing
are shown in Fig. 11-44. Grid current
is highly undesirable, and can be the
cause of considerable distortion.
11.45

How are triode tubes classi-

fied for amplifiers?-By their amplification factor (mu or µ). A low -mu tube

is one having an amplification factor
less than 10. Medium -mu tubes have
an amplification factor of from 10 to 50,

plifier, but there arc other causes of

with a plate resistance of 5 to 15,000

grid current not directly associated with

ohms. High -mu tubes have an amplification factor of 50 to 100, with a plate

the operation of the tubes. The frequent lack of recognition of grid current hazards is the simplified descrip-

resistance of 50,000 to 100,000 ohms.
11.46 What is anode current?-

tion of

This is another name for plate current.

signal source. This is not entirely true.

-A condition which occurs when electrons arc released from a body that is
being bombarded by electrons.

a vacuum tube as a device
which operates with a negative grid
bias and draws no current from the

11.47

What is secondary emission?

11.48
What is meant when it is said
o vacuum tube is driven to saturation?-

When the maximum emission current
has been reached, as shown by the
graph in Fig. 11-48.
11.49 What does the term maximum plate dissipation mean?-The max-

if/

imum power that can be dissipated by
the plate element before damage occurs.
Plate dissipation can be calculated:

0

,NEGATIVE GIRO
VOLTAGE REGION

POSITIVE GRID
VOLTAGE REG Ors

Fig. 11-48. Saturation curve for a typical
triode tube.

There are at least eight distinct forms
of grid -emission currents, which may be
classified: interelectrode resistance, gas -

Watts dissipation = E, x I,
where,

E, is the voltage at the plate,
I. is the plate current.
11.50 What is meant by the expression "a soft vacuum tube"?-A tube

ionization current, grid -emission cur-

in which a small amount of gas remains

rent, positive grid -electron current, secondary grid -emission current, and negative grid -electron current.

after evacuation. The retention of gas
will often affect the characteristics and
cause a blue glow between the plate
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and other elements due to ionization.
This glow should not be confused with
the glow seen in mercury rectifiers, gas
regulator tubes, and certain type pentode power tubes, as these types of
tubes glow when operating normally.

parted by the impact causes the molecule to release an electron. This molecule is called an ion. A gas containing
no ions is almost a perfect insulator.
Under such conditions no current will
flow between elements. However, gases

hard tubeT-A

do have some residual ionization due

vacuum tube having an almost perfect

the action of light falling on the
elements and to cosmic rays. If a potential is applied between elements in
such a gas, ions migrate between the
elements giving the effect of current
flow. This current flow is called space,
or dark current, because it cannot be
observed. This current flow is very
small, generally about one to two microamperes in the average tube. Once
ionization takes place, the current in-

What

11-.51

vacuum.
11.52

is

a

What are grid -voltage, plate -

current characteristic curves for a vac-

uum tubeT- A group

of

curves,

as

shown in Fig. 11-52, plotted to show the

change in plate current for a change
in negative grid bias on the control grid.

The curves shown are for a medium mu triode.

The curves indicate that for a given

plate current the plate and grid bias
may he determined. For example: the
manufacturer states that for a plate
voltage of 250 volts and a negative grid

bias of 8 volts, the plate current will
be 9 milliamperes. This is indicated at
Point A on the 250 -volt curve. If it is
desired to operate this tube with a plate
voltage of 150 volts and still maintain a
plate current of 9 milliamperes, the grid
bias will have to be changed to a negative 3 volts.
11.53 What

is ionization?-When
an electron in a vacuum tube collides
with a gas molecule, the energy im15
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10
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tube. Deionization potential is the potential at which ionization of the gas
ceases and conductance stops.
11.55 What is the purpose of pre-

heating vacuum tubes?-It is the custom
in most plants employing a large number of vacuum tubes in critical places,
such as recording and reproducing
equipment, to preheat tubes and cook
them for at least 100 hours before

putting them into service. This is accomplished by connecting the plate,
screen grid, suppressor grid, and control grid to one side of the filament or
heater circuit (Fig. 11-55). The heater
circuit is supplied from a source of
voltage regulated to within 1 percent

of the rated heater voltage. No plate
voltage
period.

7

6

is

used

during the

cooking

After removal from the preheating
process,

the

tubes

are

individually

CIMEMEMINU

MIKILewilri
......,...a um
Film
EMI= MHO
notanagneran:

-111

-15

-14

-12

-10

-5

3
2

REGULATED
POWER SUPPLY

1% 6 !AC

0

0

GA10 vOLTAGE E at

Fig.

creases to such proportions that serious
damage to the tube can result. Ions are
both positive and negative.
11.54 What is ionization and deism ration potential?-Ionization potential
is the potential at which ionization takes
place in a gas -filled tube, such as a
voltage regulator or voltage -reference

1

,

0

14

to

11-52. Grid -voltage, plate -current

curves for a triode tube.

11-55. Circuit for cooking vacuum
stabilize their characteristics
before putting then, into operation.

Fig.

tubes to
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It has been found from experience

stand in the opposite direction of its
normal current flow. In a rectifier tube,
it is the maximum value of plate voltage that may be applied, without internal arc -back between the elements,
for a given operating temperature.

when equipment is operated 24 hours a
day, tube life is prolonged, internal

-A tube which, when tapped or vi-

tested for internal shorts, noise, and

leakage, then selected in pairs for devices such as compressors, noise -reduction amplifier, and other equipment requiring matched pairs of tubes.

noise reduced, and the general characteristics are stabilized. (See Ques.
11.71.)
11.56

What is the space charge in

a vacuum tube?-In the flow of elec-

trons from cathode to plate. not all the
electrons are collected by the plate element. The uncollected electrons congregate in the space between the cath-

ode and plate, and form

a

negative

What is a microphonic tube?

11.58

brated. produces a ringing sound. As a
rule, microphonics in a vacuum tube

are caused by loose elements within
the tube, or these elements may not
be sufficiently rugged for the purpose
for which the tube is being used.
Special tubes which have no micro phonic tendencies are available for use
in the low-level stages of an amplifier.
What

17.59

causes

self -rectifica-

cloud. Other electrons leaving the cath-

tion in a vacuum tube?-An increase or

ode have to penetrate this cloud. The
clond being negative, negative charges

decrease in the dc plate current caused
by an unsymmetrical waveform. (See

leaving the cathode on their way to the

Question 12.44.)
11.60 What arc the phase reversals
that take place between the elements
of a vacuum tube?-The phase reversal

plate are repelled back toward the
cathode. It is these electrons which form
the space

charge. The space charge

around the cathode controls the number

of electrons that reach the plate, and
therefore, controls the amount of plate
current flow. The electron flow can only

be increased by increasing the voltage
at the plate of the tube.
11.57 Define inverse -peak voltage
(1121/1.-It is the highest instantaneous

plate voltage which a tube can with-

in electrical degrees between the elements of a self -biased pentode, for a
given sine at the control grid is shown
in Fig. 11-60A. It will be noted that, for
an instantaneous positive voltage at the
control grid, the voltage is reversed be-

tween the grid and plate 180 degrees
and will remain so for all normal operating conditions. The control grid and

Ee-

5+

Fig. 11-60A. Phase reversal of the signal between the elements of a pentode vacuum tube. The reversals arc the same in a triode for a given clement.
Is.

Es -

Fig. 11-608. Phase reversal of the current and

voltage in a pentode vacuum tube. The reversals

are the same in a triode
for a

given element.
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(a) Fixed battery bias.

(b) Self bias.

(c) Grid -leak bias.

(e) Combination bias.

(f) Combination bias.

co.__

(d) Grid -leak bias.

Fig. 1 1-6 2. Various methods of obtaining grid bias.

cathode are in phase. The plate and
screen -grid elements are in phase with
each other. The cathode is 180 degrees
out of phase with the
grid elements.
The phase reversal of the voltage and

current for each element is shown in
Fig. 11-6013. For an instantaneous posi-

tive sine at the control grid, the voltage
at the plate and screen grid arc negative and the current positive. The voltage and current are both positive in the
cathode resistor and are in phase with
the voltage at the control grid. The plate
reversals are the same in a triode for a
given clement.
11.61
What is the difference between the terms plate voltage and plate supply voltagel-Plate voltage is the
voltage measured between the plate and
the cathode elements. Plate -supply
voltage is the voltage supplied to the

lower end of the plate load. The first

a bias cell is connected in series with
the control grid. At part (b), the tube is
self -biased by the use of a resistor con-

In part
(c), the circuit is also a form of self bias; however, the bias voltage is obtained by the use of a grid capacitor arid
grid -leak resistor connected between the
control grid and ground. At part (d),
the hies voltage is developed by a grid -

leak resistor and capacitor in parallel,
connected

in

series with the control

grid. The method illustrated at part (e)
is called combination bias and consists
of self -bias and battery bias. The resultant bias voltage is the negative voltage of the battery and the bias created
by the self -bias resistor in the cathode
circuit. Another combination bias circuit as shown at part (f). The bias battery is connected in series with the
grid -leak resistor in this case. The bias
voltage at the control grid is that de-

voltage is designated by the symbol E,.,

veloped by the battery and the self -bias

the second by the symbol E. In re-

created by the combination of the grid

sistance -coupled amplifiers, the voltage
considered is the plate -supply voltage

resistor and capacitor.
11.63 Show how and where the internal capacitance of a vacuum tube is
ee d.-The internal capacitance of

at the lower end of the plate -load
resistance.

In

a

transformer -coupled

amplifier, the voltage considered is the
plate voltage E,..
71.62 What arc the different methods used for obtaining grid -bias voltage?
-The six methods most commonly used

are illustrated in Fig. 11-62. At part (a),

a vacuum tube is created by the close
proximity of the internal elements as
shown in Fig. 11-63. Unless otherwise
stated by the manufacturer of the tube,
the internal capacitance of a glass tube
is measured using a close -fitting metal
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tube, the mu is constant. The construetion of the variable -mu tube is such
that the mu may be varied or changed
by increasing the negative bias on the

;

control grid. This type of tube is used
in compressor amplifiers and expanders.

Fig.

11-63.

I nterelectrode capacitance
of a triode.

tube shield around the glass envelope
connected

cathode

the

to

terminal.

Generally, the capacitance is measured
with the heater or filament cold with no
voltage applied to any of the other
elements.
In measuring

the capacitance, all
metal parts, except the input and output
elements, are connected to the cathode.
These metal parts include internal and
external shields, base sleeves, and unused pins. In testing a multisection

tube (dual), elements not common to
the section being measured are connected to ground. Input capacitance is
measured from the control grid to all
other elements, except the plate which
is connected to ground. Output capacitance is measured from the plate to all
other elements, except the control grid
which is connected to ground.
Grid -to -plate capacitance

is

mea-

sured from the control grid to the plate,
with all other elements connected to
ground.
11.64

What is the terminology for
batteries used in connection with vacuum tubes? -"A" battery for filament
or heater, "B" battery for plate supply,
"C" battery for bias voltages, and "D"
battery for screen -grid voltages.
11.65 What is a variable -mu tube?
-A pentode vacuum tube constructed
with a special grid. In the conventional

A typical example is the 6SK7 tube.
7 7.6 6
What is transit time?-The
time required for an electron to travel

from the cathode to the plate circuit
in a vacuum tube.
11.67 Define contact potential.-In
a vacuum tube employing a unipotential cathode, positive grid current begins to flow when the control grid becomes slightly negative, and increases
rapidly as the control grid is made
more positive (Fig. 11-67). The value
of grid voltage at which positive grid
current starts to flow, is termed contact
potential. Contact potential is caused by

the initial velocity of the emission of
electrons from the cathode and an electrothermic effect, because of the differences in temperature and the material
composition of the control grid and the
cathode element.
The value of the contact voltage may
reach 1.5 volts. If the operating bias
voltage is less than the contact potential, two effects will be present; direct -

current flow in the control -grid circuit,
and the dynamic input resistance of the

tube drops to a relatively low value.
The tube should be operated with a
value of grid -bias voltage sufficiently
high, so that the tube is not operating
in the contact potential region. When a

tube must be operated to within the
contact potential region, care must be
taken to avoid undesirable effects in the
control -grid circuit, due to grid -current

flow, and the lower input resistance.
(See Question 11.44.)
11.68. What is the direction of cur-

rent in a vacuum tube?-From the cathode or filament to the anode or plate.

.

This is termed electron flow, and is

opposite to conventional current flow.
(See Question 11.109.)
7 7.6 9
What is a barretter and a

VT.

CONTACT

POTENTIAL
POINT

GRID VOLTS

ballast tube?-A barretter is a voltage regulator tube consisting of an iron wire filament enclosed in a hydrogen filled envelope. The filament is counected in series with the circuit to be
regulated. For a given voltage variation,
the current through the filament is held

Fig. 11.67. Positive grid -current flow in
a tube employing o unipotential cathode.

constant to a given value. Such tubes
are used in series with the primary of
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a transformer and in series -connected
filament circuits. Barretters must not be
operated near a strong magnetic field as
the filament will vibrate and reduce the

ther ac or de. In large recording plants,
it is customary to employ power supplies that furnish a regulated dc voltage,

life of the filament.

octal tube base. When used, it is connected in series with the circuit it is to

heater voltage. Tests have proven that
tubes operated for two years or more,
using such supplies, have lower internal
noise levels than when the tubes were
new. (See Question 11.55.)
11.72 How are vacuum tubes con-

regulate. Such regulators as the barret-

nected in parr:Melt-As shown in Fig.

ter and ballast tube are rather slow in
their reaction to changes in current,
compared to other devices. They are
used principally in heavy commercial
control equipment.
11.70 What is bias voltage?-A dc

11-72. If two tubes of similar characteristics are connected in parallel, the plate
current is doubled, the load resistance
and bias resistor values halved. The
value of the plate voltage remains unchanged. For more than two tubes, the

voltage held constant between the con-

plate current will increase proportionately; the load resistance will decrease
in proportion to the number of tubes
connected in parallel. This is also true
for the bias resistor. As a rule, when

A ballast tube is self-regulating, with
its elements enclosed in a glass enve-

lope, without gas, and fitted with an

trol grid and the cathode of a vacuum
tube. (See Question 11.62.)
11.71
How may vacuum -tube char-

acteristics be stabilised?-Tube manufacturers' data sheets generally contain
warning that the

a

heater

voltage

should be maintained within plus or
minus 10 percent of the rated voltage.
As a rule, this warning is taken lightly.
and little attention is paid to heater
voltage variations, which have a pronounced effect on the tube characteristics, internal noise being the greatest
offender.

Because of heater -voltage
variation, emission life is shortened,
electrical leakage between elements is
increased, heater -to -cathode leakage is
increased, and grid currents caused to
flow (see Question 11.44). Thus, the life

of the tube is decreased with an increase of internal noise. A plot of the
loss of tube life compared to percent
heater -voltage variation appears in Fig.
11-71.

To reduce the effect of heater -voltage variation, heaters must be operated
from a regulated source of voltage, ei10 .000
41!

=/
LL

3000

plus or minus 1 percent of the rated

vacuum tubes are connected in parallel.

resistors of 50 ohms are connected in
series with each plate to assist in balancing the plate currents. Also, a resistance of 1000 ohms is connected in series

with each control grid (at the socket)
to prevent parasitic oscillations. This is
particularly important when an odd
number of tubes are connected in parallel. The parallel operation of tubes in
amplifiers

is discussed in Questions
12.60 and 12.111.
11.73 What does the term quiescent

mean when applied to a vacuum tube?
-A condition that prevails in a vacuum
tube when there is no signal voltage at
the control grid. The plate current is a
steady value.
11.74 Show the interior construction of a typical metal -envelope vacuum
tube.-The interior of a metal -envelope
vacuum tube with the various elements
and their construction marked for identification is shown in Fig. 11-74.
11.75 Show the interior of a typical
glass -envelope vacuum tube.-The in -

1000

300

10

a

40 50 60 70 60 90 100 110 120 ISO
PERCENT BEATER VOLTS

Fig.

11-71. A plot of tube life versus

heater -voltage variation in percentage of
rated voltage.

Fig.

11-72. A parallel -connected amplifier -output stage.
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1-METAL ENVELOPE
2-SPACER SHIELD
3-INSULATING SPACER
4-MOUNT SUPPORT
5-CONTROL GRID
6 --COATED CATHODE

7-SCREEN
8-HEATER
9-SUPPRESSOR
10-PLATE
11-BATALUM GETTER
12-CONICAL STEM SHIELD
13-HEATER INSERT
14-GLASS SEAL
15-HEADER
16-GLASS-BUTTON STEM SEAL
17-CYLINDER BASE SHIELD
18-HEADER SKIRT
I9-LEAD WIRE
20-CRIMPED LOCK
21-OCTAL BASE
22-EXHAUST TUBE
23-BASE PIN
24-EXHAUST TIP
25-ALIGNING KEY
26-SOLDER
27-ALIGNING PLUG

Fig. 11-74. View of the interior of a single -ended envelope vacuum tuba. (Courtesy,
Radio Corporation of America

tenor of a typical RCA glass -envelope
vacuum tube is shown in Fig. 11-75.
/1.76 Show the construction of a
miniature tube.-The interior construction of an RCA miniature tube is shown
in Fig. 11-76.
71.77 If it is desired to operate a
vacuum tube with a plate voltage different from the published data, how ore the
new bias and screen voltages, plate -load
resistance, and other characteristics de-

terminer17-By the use of conversion
factors F, F,, F., F,, and F.. Assume the
following conditions are specified for a
single 6V6 beam -power tube:
Plate voltage
Screen voltage
Grid voltage
Plate current
Screen current

250 volts
250 volts

-12.5 volts
45 µA
4.5 aA

52,000 ohms
Plate resistance
5,000 ohms
Plate load
4,100amhos
Transcond uctance
4.5 watts
Power output
The new plate voltage is to be 180 volts.

The conversion factor F, for this voltage

is obtained by dividing the new plate
voltage by the published plate voltage:
Fs =

180

= 0.72.
The screen and grid voltage will be
proportional to the plate voltage:

E, = 0.72 x 12.5
= 9.0 volts
E., 0.72 x 250
= 180 volts.
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For calculating the plate and screen
currents, factor F, is used:

F, = F, x
= 0.72 x 0.848
= 0.610,

Power Output = 0.438 x 4.5
= 1.97 watts.

The transconductance is determined by
the aid of factor F,:

F.=Fs1

= 0.61 x 45 µA
= 27.4 µA

1

= 1.18

= 0.61 x 4.5 µA
= 2.74 µA.

= 0.847,

transconductance = 0.847 x 4100
= 3472 micromhos.

The plate load and plate resistance may

be calculated by use of factor F,:
F.

The foregoing method of converting
for voltages other than those originally
specified may be used for triodes, tet-

0.720
0.610

rodes, pentodes, and beam -power tubes,

Fs = F.

= 1.18,

= 52,000 x 1.18
= 61,360 ohms,

= 5000 x 1.18
= 5900 ohms.

provided the plate, grid 1, and grid 2
voltages are changed simultaneously by
the same factor. This will apply to any
class of tube operating such as class A,
AB,,
B, or C. Although the method
of conversion outlined in the foregoing
is quite satisfactory in most instances,
it

The power output is found by the use
of the factor F,:
F. = F, x
= 0.72 x 0.610
= 0.438,
GRIDS

Diameter
measured to
0.001 inch
CATHODE -SLEEVE
WALL

should be borne in mind that the

error will be increased as the conversion

factor departs from unity. The

most satisfactory region of operation
will be between 0.7 and 2.0. When the
factor falls outside this region the accuracy of operation is reduced.
PLATE
Diameter
gauged to

0.002 inch
CATHODE COATING

Weight variation

Approximately

less than

0.002 inch thick

0.00007 oz.

AIR PRESSURE

GRID WIRE

1/100,000,000 that

Diometer does
not vary more than

of atmospheric pressure at sea level
BULB

Inspected under

polarized light
for strains

0.00009 inch
HEATER WIRE
Diameter does
not vary more than

0.00002 inch

Fig. 11-75, Materials used in the construction of a vacuum tube. (Courtesy, Radio
Corporation of America
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The above method of conversion does

not take into consideration contact potential or secondary emission effects
which become quite noticeable at low
operational voltages. When secondary
emission effects are noted, the plate
voltage must be operated at a higher
potential than grid number 2.
The use of low plate voltage and current in a beam -power tube is not recommended. Under normal conditions,
the harmonic distortion should be essentially the same as for the originally
specified operational voltages.
11.78 How can the heater

or fila-

ment of a vacuum tube be tested for life

reservel-With a normal indication on
the meter of a tube tester, reduce the
filament or heater voltage to the values

shown in the table below. If the tube
with the lowered heater voltage drops
and then holds steady within prescribed
limits for the tuhe, it still has a considerable life reserve.

Heater

Reduce
Heater

Voltage

Voltage to

Normal

1-GLASS ENVELOPE
2-INTERNAL SHIELD

1.5

1.1

2.0

1.5

2.5
3.0

2.0

5.0

43

6.3

5.0

7.5
10.0

6.3
7.5

12.6

10.0

2.5

25.0

20.0

35.0

25.0

50.0

35.0

11.79 What is heater warmup time
and how is it dolinedl-It is the time
required for the voltage across the
heater to reach 80 percent of the normal

3-PLATE
4-GRID NO. 3 (SUPPRESSOR)
5-GRID NO. 2 (SCREEN)
6-GRID NO. I (CONTROL GRID)

with four times the normal

7-CAT110DE
8-HEATER
9-EXHAUST TIP
10-GETTER
11-SPACER SHIELD HEADER
12-INSULATING SPACER

voltage,

13-SPACER SHIELD
SHIELD
15-GLASS BUTTON -STEM SEAL
16-LEAD WIRE
17-BASE PIN
18-GLASS-TO-METAL SEAL

of cathode leakage.-Cathode leakage
is caused by internal leakage between

Fig.

11-76. View of the interior

voltage applied to the heater circuit

with a series resistor three times the
normal heater operating resistance in
series.

of

11.80

Describe the cause and effect

the tube elements to the filament or
heater circuit. This results in hum modulation of the signal voltage, as the
a

miniature vacuum tube. (Courtesy, Radio
Corporation of America I

heater of a cathode -heater type tube
may have one terminal at cathode potential. The opposite heater terminal of
a 6.3 -volt tube will have a peak nega-
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tive voltage of approximately 10 volts,
at the 60 -Hz heater supply. One section

of the heater wire, just at the edge or
outside on one end of the cathode and
electrically near the ungrounded end,
may have contaminants deposited during manufacture, which produce leakage and grid emission (see Question
11.44). Even without the contaminants,
the 1200° C temperature of the heater
wire produces an emission. If such an
area is exposed to one of the grid -support side rods outside the mica support,
a negative grid bias of less than 10 volts
will permit the control grid to pick up
the emission at the heater supply frequency.

The effects of cathode leakage can
be overcome by the use of a bias voltage on the heater circuit, as discussed
iu Question 12.195. A new medium
power tube will show a normal leakage

between the cathode and heater

of

about 1 to 2.5 megohms; small receiving
tubes show 2 to 3 megohnis and higher.
11.81
Why is it necessary to warm
up the heater of a mercury vapor rectifier tube before applying the high volt-

age-To prevent the active material on
the filaments or heater from excessive
drain while operating under a subnormal heater voltage.
11.82 When should a tube be considered unsatisfactory and rejected?When the transconductance (g,,,) has

fallen to 75 or 80 percent of normal. For

some types of tubes and services, they
may be permitted to fall to 60 percent
of normal.

Define the power sensitivity

11.83

a tube.-Power sensitivity is the
ratio of the power output to the square
of the input voltage, expressed in mhos:
of

Power sensitivity (mhos) -

P. watts
(E,.rms)A

where,

P. is the power output of the tribe,

El. is the rms signal voltage at the
input.

11.80 How is plate efficiency calculated?-The plate efficiency (Err) for

any tube may be calculated:

Err - Watts

E.. X I..

X 100

where,

Watts is the power output,
is the average voltage at the plate,
is the average plate current.

The measurement is made with a load
resistance in the plate circuit equal in
value to the plate resistance stated by
the manufacturer.
11.85 When measuring the trans conductance of a vacuum tube, what is
the value of the standard signal voltage
applied to the control grid?-Ten milli-

volts at the control grid. The output
cnrrent is measured in ac milliamperes.

11.86 How is a screen -grid series dropping resistor calculated?-The first

step is to refer to the manufacturer's
data sheet and find the maximum voltage that may be applied and the maximum power that may be dissipated by
the screen grid. These limitations arc
generally shown graphically as in Fig.
11-86. The value of the resistor may be
calculated:

MAXIMUM OPERATING CO4,
.***NZeis3.

H.,

E., X (Elm - Eos)
P..

where,

R., is the minimum value for the
screen -grid voltage dropping resistor
in ohms,
E.

i
I

I
1

I

30

AO

6C

00

A typical example follows:
Assume the data for a given tube states

OE MA% G.N.RIO 2 SLOP,- ALTAG( RATING

that a maximum of 300 volts can be
applied to the screen grid and that the

11-86. Graph for determining the

power dissipation cannot exceed 1 watt.

OC

CRO-No 2 Kkuct CAPRI SID AS PER CE IT

Fig.

the selected value of screen -

of E..

I

0

is

grid voltage,
E,,,, is the screen -grid supply voltage,
P. is the screen -grid input in watts
corresponding to the selected value

AREA OF
POIM.548LE OPERATION

maximum power that may be dissipated
by the screen grid. (Courtesy, Radio Corporation of America )

It

is desired to operate the screen grid

a voltage of 250 volts between
cathode and screen, this voltage to be
with
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AC
rAA

AC
RIA

11-87. Circuit for measuring the
tronsconductance (G.,) of a typical vacuum tube.
Fig.

CI

Fig. 11-88. Circuit for measurement of
power output.

obtained by the use of a series resistance between the power supply and the
screen grid.
Because 250 volts is 83 percent of 300
volts, the maximum screen -grid voltage
must be limited, as shown on the graph
in Fig. 11-86, to 56 percent of the max-

imum screen -grid input, or 0.56 watt.
The minimum value of the series -dropping resistor will be:
250 x (300 - 250)
0.56

11.87

22,320 ohms.

emission current is measured with all
the elements except the cathode and
heater tied together.
Describe a cathode-ray tube.

11.91

-It

a large vacuum tube used in
cathode-ray oscilloscopes, and in television receivers for both black and
is

white and color reception. The cathode-

ray tube was developed to its present
state of perfection by many different
researchers. In 1897 Karl F. Braun per-

How is the transconductance

of a vacuum tube measuredt-By the
use of a circuit such as that shown in

fected the Crookes tube invented by
Sir William Crookes for the study of
cathode rays. Later, deflection

plates

Fig. 11-87. Normal grid and plate voltages are applied as indicated. The signal voltage is adjusted at the control

were added by .1. Thompson, an English
physicist, and in 1899 E. Vichart, a German researcher, concentrated the elec-

grid of the tube. An ac milliammeter,
calibrated in transconductance, is con-

tron beam with cod windings external
to the axis of the tube. In 1902 A. A.

nected in the plate circuit.

Petrovski, a Russian, suggested the use

g.

11.88

= Ie.. x

1000.

Show a circuit for measuring

output power.-A circuit suitable for
the measurement of power output

is

shown in Fig. 11-88. The power equals:

Ir X RI.
where,

of two external coils at right angles to
each other to be used for deflecting the
beam in the vertical and horizontal
planes. Later Boris L. Rosing, also a
Russian, experimented with the tube
for the transmission of images and letters. Many other researchers have
shared in the development of the cath-

I. is the plate current in ac uiils,
R. is the load impedance in ohms.
11.89

Show

a

0

circuit suitable for

measuring amplification factor.-A simple test for measuring the ac amplification factor is shown in Fig. 11-89. The
ratio of the output voltage to the input

VTV41
2,11V

601.

voltage is a measure of the amplification
factor. This test is used for both triodes
and pentodes.
11.90 Show a circuit suitable for
measuring only cathode -emission cur-

rent.-The basic circuit for the measurement of cathode emission is shown
in Fig. 11-90. This is the method used
iu

emission -type

tube

testers.

The

Fig. 11.89. The EIA method of measuring the ac amplification factor of triodes
and pentodes. The internal impedance
of the signal source should not exceed
2500 ohms.
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lical) input which moves the spot up

and down in accordance with the instantaneous values of the input voltage.

The x-axis voltage is supplied from an
internally generated ramp voltage,
which moves the spot uniformly from
left to right across the display area of

DC

mA

Fig.

11-90. Circuit for measurement of

the screen. The spot then traces an
which

image

cathode emission current.

ode -ray tube, notably V. K. Zworykiu
of the Uuited States for his work in the
invention of the iconoscope and image
orthicon tubes, and Allen B DuMont in
his work of developing commercial oscilloscopes.

The cathode-ray tube is the heart of
a cathode-ray oscilloscope and is oper-

ated in conjunction with quite complicated circuitry for the deflection of the
beam and amplification of the applied
signal voltages (see Question 22.69.) The

tube employs an assembly, termed an
electron gun, for projecting the electron
stream, and a phosphor screen at the
other end for displaying the waveform
image (Fig. 11-92). The gun consists of
a therrnionic cathode, with various accelerating electrodes for directing and
focusing on the display screen the
emitted electrons from the gun. The resulting narrow beam of electrons strike
the screen in the form of a small round
spot, with enough energy to cause
fluorescence of the phosphor screen.
Cathode-ray tubes may be considered to he extremely fast x -y plotters,

which plot input voltage versus time.
The stylus of this plotter is a luminous
spot which traces the image. In the conventional oscilloscope, the voltage to be

observed is applied to the y-axis (ver-

used to display mechanical motion with
the proper transducer.
11.92 How are the electrons in a
cathode-ray tube caused to strike the
fluorescent screenT-Referring to Fig.
11-92, it will be seen that the heart of
a cathode-ray tube is its electron gun.

The gun is mounted at the end of a
glass envelope and projects its electron
stream towards the opposite end of the
envelope, which contains a fluorescent

screen. The construction of the gun is
not simple, but consists of a number of
parts that must be accurately manufactured and aligned.
electrons

The

are

emitted

by

heater element B. The electrons in leaving the cathode pass through a control
grid C. The control grid determines the
number of electrons that can pass and,

consequently, the intensity of the light
emitted by the fluorescent screen L.
After leaving the control grid, the
electrons are focused into a pencillike
beam by the focusing anode D. Their
velocity is further increased by the

accelerating anodes E and F. At this
point the electron stream is caused to

COATING

AQUADAG
CONNECT oON

IH1 HORIZONTAL
DEFLECTION
PLATES

ID ACCELERATING
ANODE

RASE

I61 VERTICAL
DEFLECTION

(1.1 CATHODE

PLATES

ICI CONTROL
GRID

(II ELECTRON
fFI

ACCELERATNG
ANODE

a

heated cathode A which surrounds a

let A0uADAG

131 HEATER

input -voltage

fast rate, the display appears as a steady
straight line. Oscilloscopes may also be

lot FOCUSING
ANODE

displays

variation (amplitude) as a function of
time. When the y-axis is repeated at a

BEAN

lII

FLUORESCENT
SCREEN

IJI GLASS
ENVELOPE

Fig. 11-92 Arrangement of the elements in an electrostatically deflected cathoderay tube.
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be deflected over various portions of
the fluorescent screen by means of the
horizontal and vertical deflection plates
G and H.
Starting at the last anode F and con-
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combinations of voltage applied to the
vertical and horizontal plates, the beam
may be caused to move to any position
on the screen. This is the basic principle
on which a cathode-ray oscilloscope

tinuing to the screen, the interior of
the glass envelope is covered with a

operates.
71.94

grounded graphite coating called aquadag. Its purpose is to bleed to ground
stray electrons caused by secondary
emission. (Sec Question 11.47.)
11.93 What is the method used to
deflect the electron stream across the
screen of a cathode-ray tube?-Two
methods are used-the electrostatic and
the electromagnetic. For oscilloscope
work, the beam is generally deflected
by the electrostatic method.

caused to draw out a pattern on on

A front-end view of the deflecting
as
would be seen looking
through the fluorescent screen is shown
in Fig. 11-93. The deflecting plates are
arranged in pairs, two horizontal and
two vertical. The electron beam passes
through the center of the four plates as

plates,

How

is

the

electron

beam

oscilloscope?-All oscilloscopes have an
internal sawtooth oscillator for deflecting the beam in a linear manner across

the screen. This motion is applied to
the horizontal plates, while the signal
is applied to the vertical plates. If the
signal is an alternating one, and the

sawtooth oscillator is adjusted for the
fundamental frequency or a multiple
of the applied waveform, one or mole
cycles of the waveform may be drawn
out on the screen. This subject is further discussed in Question 22.09.
11.95 How is the sensitivity of a

cathode-ray tube ratedl--It is rated in
terms of the voltage required to deflect
the beam a given distance on the screen

indicated by the spot in the center.
If a negative charge is applied to the
left horizontal plate and a positive
charge applied to the right horizontal
plate, the beam will move to the right.

in millimeters or inches, with the signal
applied directly to the deflecting plates

When the charge is removed, the heam

is rated in a similar manner.

will return to the center again.

11.96 Are the characteristics of
fluorescent screen the same for all types

Removing the charge from the horizontal plates and charging the upper

(without amplification). Sensitivity is
rms volts per millimeter or

rated in

peak -to -peak volts. For de deflection, it

and forth either in a vertical or hori-

of cathode-ray tubes?-No. Tubes may
be obtained with different degrees of
persistence-long, medium, and short.
Also, they may he obtained to reproduce the image in green, blue, or white.
11.97 What does the term "persistence" mean? - The various types of
phosphor used in the manufacture of
cathode-ray tubes (CRT) are many and
varied. Basically there are at the pres-

zontal direction. The distance the spot
is moved for either set of plates is directly proportional to the applied volt-

ent time 35 types, designated PI to P35,
although there are many more that are
unregistered. The persistence of the

age. If equal voltages are applied to both

cathode-ray tube screen is classified
by the time it takes for the screen
to fade to 10 percent of its original

vertical plate negative and the lower
vertical plate positive will move the
beam downward. Reversing the polarities of the horizontal or vertical plates
results

in

the beam moving in the

opposite direction. Thus, if an alternating current is applied to the plates, the
spot can be caused to oscillate hack

the vertical and horizontal plates, the
beam will be centered. With various

brightness.

The most common phosphors used
for oscilloscopes are: P1, P2, P5, P31,
and P35 with a grain size of 10 microns,
with colors being yellowish -green, blue,
green, and blue -white. Phosphors P8, P9

and P30 are no longer used. Lumines-

cence occurs during the excitation of
Fig. 11-93. The deflecting plates as seen

the screen. Luminescence that persists

when looking into the screen end of a

more than ten nonoseconds after the
excitation has ceased is termed phos-

cathode-ray tube.

75

Provides highest visual brightness-partic-

General purpose phosphor for visual
and photographic observation of repetitive signals.

P31

listed characteristics combine to

make it a good general purpose phosphor.

tubes;

ularly at 5 kV and above in aluminized

Specialized characteristics limit its

ditions.

under bright ambient light con-

limit

Low trace to background contrast

general use.

P31.

Low trace to background contrast;
trace brightness lower than P1 and

raphy.

low for fast writing rate photog-

Blue trace color near maximum sensitivity
of film.

P7

P2

P1

Phosphor

For photographing all signal types,
particularly those requiring fast
writing rate.

fair to poor

poor
poor

P11

5000

800

Sepcialized characteristics
general use.

1300

200

Very long persistence; wide spectral separation between blue and yellow so that
filters may emphasize either characteristic.

110

20

so

lair

good

For observation of low repetition
rate and nonrepetitive phenomena.

250

75

1500

2000

(without filter)

Trace Contrast

Persistence churacteristic may be intensified with an amber filter; short persistence
bluish trace very good for photography.

0.5 s

700 cm/µs
400 cm/As

200 cm/As
400

550

3000

5BH
10kV

General purpose phosphor for visual
and photographic observation of
slow and normal repetitive signals.

P31

20 ms

90

600

5AM
SkV

Lack of persistence; color too yel-

blu-gm

P11

150

100

2.5kV

5A Q

Good trace to background contrast; color
near center of visual spectrum.

It grn

blue

P7

3s

200 cm/As
600 cm/µs
100

Burn
Resistance

Relative Visual
Brightness

Disadvantages

blue

blu-wht

is

(aluminized
5BH at 10 kV)

Relative

Advantages

yellow

blue

P2

180 ms

Persistence

Low -Level

Writing Rate

Phosphor Application
General purpose phosphor for visual
observation of repetitive signals.

green
yellow

green

P1

Phosphor

Trace Color
Under
After Excitation
Glow
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phorescence. The chemical composition
of typical CRT screens is: zinc orthosilicate, zinc cadmium sulphide, zinc

sulphide, and many other combinations.

Screens arc available with variable
persistence which will hold images from
second to several minutes, hours,
and even days. Thus, multiple images
may be recorded and held or wiped off
with the push of a button. To eliminate
0.1

parallax in

photography

and

when

viewing an image at an angle, CRT's
may be obtained with a flat screen and
an internal graticule. A table of CRT
phosphor characteristics is given in Fig.

11-97 with their advantages and disadvantages.
11.98 How is electromagnetic deflection used with a cathode-ray tube?It is an electronic system of deflecting

the electron beam in the cathode-ray
tube by means of electromagnets placed
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its purest state behaves much like
an insulator becanse it has very few
electrical charge carriers. (See Question 11.111.) The conductivity of germanium may be increased by the addition of an impurity in small amounts.
in

11.104 What is the purpose of inducing impurities
in
semiconductor

material?-To control its conductivity

characteristics. By introducing arsenic
or antimony in germanium, its free or
negative mobile charges are increased.
The use of gallium, indium, or alumninum in germanium, increases the number of positive mobile charges (called
holes). This characteristic is taken advantage of in the manufacture of transistors. The adding of an impurity to a
semiconductor is termed doping. (See
Question 11.114.)
11.105 When was the phenomenon
of asymmetric conduction in solids first

around the exterior of the neck near
the front end of the electron gun. The
gun construction is the same as that
used in the electrostatically deflected
one, except that the focusing anode is
replaced by an external focusing coil
and the deflection plates arc replaced

observed?-The first known observation
was by Munck and Henry in 1835, and
later in 1874 by Braun. In 1905, Col.
Dunwoody invented the crystal detec-

."by deflection coils.
11.99 What is toque:doe-A graph-

between two contacts. However, in 1903,

coating used on the inside

ite

of a

cathode-ray tube to collect secondary
emission electrons and conduct them
to ground.
11.100 What is on intensifier element?-An element in a cathode-ray

tube, consisting of a band of graphite
(aquadag) on the inner surface of the
glass envelope, connected to a source
of high voltage. Its purpose is to accelerate the electron beam after it has
been deflected.
11.101

What

an

is

alto, element

is the element which receives the highest dc
voltage for acceleration of the electron
beam prior to its deflection.

in a cathode-ray tube?-It

tor, used M the detection of electromagnetic waves. It consisted of a bar
of silicon carbide or carborundum held

Pickard filed a patent application for a
crystal detector in which a fine wire
was placed in contact with the silicon.
This was the first mention of a silicon
rectifier, and was the forerunner of the
present day silicon rectifier. Later, other
minerals such as galena (lead sulphide)
were employed as detectors In 1883,
Edison observed the flow of current be-

tween a hot filament and an anode
placed in an evacuated bulb (Edison
effect). In 1903 Fleming made use of
Edison's discovery and devised the first
vacuum diode detector. In 1906, Dr. Lee
DeForest invented the three -element

vacuum tube. During World War II,
intensive research was conducted to
improve crystal

detectors

used

for

post-ultor ele-

microwave radar equipment. As a re-

ment in o cathode-ray tube?-It is the

sult of this research, the original point -

11.102

What

is

a

element to which is applied a dc voltage

higher than

the ultor

element

voltage to accelerate the electron beam
after its deflection.
11.103

What

is

germanium? -A

rare metal discovered by Winkler in
Saxony, Germany :n the year 1896. Germanium is a by-product of zinc mining.

Germanium crystals are grown from
germanium dioxide powder. Germanium

contact transistor was invented at the
Bell Telephone Laboratories in 1948.

it may be seen that semiconductor devices preceded the vacuum
Thus,

tube by many years.
11.106 Name different type devices
classed as serniconductors.-A few of the

more commonly known devices are:
Chronistor - -A high-speed switching
transistor.
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Contact protector-A device consisting of one or more diodes, which
are connected across the circuit to

reduce the effects of surge currents. For ac circuits, two diodes
arc connected in series hack -to back. For dc circuits, a single
diode

is

used.

(See

Question

24.67).

Epitazial annular transistor-A transistor in which a high resistivity
silicon is epitaxially grown on a
low resistivity silicon substrate in
a single crystal relationship. (See

Lu Illistor-A

four -terminal highteniperatnrc semiconductor
Thermistor-A thermally sensitive

resistor that exhibits a change in
electrical resistance with a change
in its body temperature.
Raysistor-A device in which a
source of light and photosensitive
resistive elements are enclosed in
a single light -tight case, and used

for circuit control by controlling
the illumination of light falling on
the photosensitive surface

Voltage -sensitive capacitor-A volt-

Question 11.118.)
Field -Effect Transistor (VET) -A
single -junction
majority -carrier

age -controlled diode that functions
as a variable capacitor
Varactor diode-Similar to the above.

device and similar in several re-

Tunnel diode-So named from the

specLs to a vacuum tube. The FET
has a high input impedance, is
voltage controlled, and has a high

nature of its characteristics, a
process wherein a particle can dis-

output impedance although in the
latter respect, by different manufacturing processes, it can have a

and reappear on the other side

lower output resistance than

a

appear from one side of a barrier,
instantaneously, as if the particle

had tunneled under the barrier
element.

Transistor-A device that may be

vacuum tube.

Photofet-A light-sensitive field effect transistor fitted with a lens
system and used similarly to a

amplifier, oscillator,
many functions
performed by vacuum tubes.
used as

an

modulater,

and

11.161

Zeiler diode-A semiconductor de-

Phototransistor-Similar to the shove.
except it is of the conventional

vice, the equivalent of the gaseous
voltage regulator tube. They may
be ohtained to operate over a wide
range of voltages.

photocell. (See Questions
and 19.170.)

transistor type, fitted with a lens
system.

Photoconductive cell-Similar to the
above.

Silicon controlled rectifier (SCR)-A
three -element device used for
changing alternating current to

Thyrite varistur-A nonlinear resistor in which the current varies as
the power of the applied voltage,
and used as a surge protector.
The symbols used with semiconductors,

and their construction, arc shown in

direct current. The third element
is used to control the action of the

Fig. 11-1141

rectifying elements. (See Question

ture of a transistor The transistor is a
semiconductor device, invented by Dr
Wm Shockley, Dr. John Bardeen, and
Dr. Walter H. Brattain of the Bell Tele-

11.150.)

Selenium transient -voltage suppressor

-A selenium diode having a controlled reverse -breakdown characteristic. Connected across rectifier
circuits to protect the rectifying
devices from heavy transient currents. (Sec Question 11.158.)
Stabistor-A single- or multiple -

pellet diode with controlled forward voltage characteristics, and
always used in a forward hiased
condition. Stabistors are used in
computer circuits and in low -voltage regulating circuits.

Thyrector-A protector similar to a
zencr diode. (See Question 11.148.)

/1.107

Describe

the

basic

struc-

phone Laboratories in 1948 The name
'Transistor" is coined from two words,
transfer and resistor. 'The first transistor
consisted of 11 particle of semiconductor
material, such as germanium. mounted
in a holder with two point contacts
(Fig. 11-107A).

In this type structure, connections to
the emitter and collector were made by
means of leads with sharp points in

contact with the surface of the crystal
(much like the crystal detector used in
the early days of wireless telegraphy).
During the manufacturing process, two
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POINT -CONTACT

Bast-

EMITTER

COLLECTOR

11-107A. Cross-sectional view of
point -contact transistor. This type of
transistor was the original design, but
has now been replaced by the junction type transistor.
Fig.

NPN DIFFUSED BASE

Interior view of General

Fig. 11-1070.

small areas of p -type material are produced. Therefore, the contact points of
the leads are actually in contact with a
p -type material. The n -material is between the p -material and the base.
Point -contact construction is now obsolete,

having been superseded by the

led by doping the semiconductor material with impurities.
Since most semiconductor materials
are photosensitive, it is necessary that
the envelope enclosing the structure be

opaque. Transistors do not require a
vacuum for their operation. The char-

junction -type construction.
COLLECTOR

P

Electric diffused -base transistor.

acteristics of transistors are treated
elsewhere in this section.

BASE

11.108 Does radiation affect the
operation of transistorsT-Yes, however
the radiation caused by cathode-ray
tubes or high -voltage rectifiers has
little or no effect if the distance is

greater than 12 inches. Radiation causes

the semiconductor material to become
conductive. Silicon devices are less af-

T
EMITTER

Fig. 11-107B. Basic construction for an
npn transistor.

fected than germanium. Cosmic, gamma,
and nuclear radiations increase the

transistors may be con-

leakage current and permanently affect
the characteristics.

structed using one of two methods, as
shown in Figs. 11-107B and C. In the

tween electron and conventional current

Junction

junction -type construction, the connecting leads are fused to the surface of

the semiconductor material (Fig. 11107D). The characteristics are control -

What is the difference be-

11.109

flow?-In the field of electronics, two
methods of dealing with current flow
prevail. In the conventional school of
thought, the current flows from positive
to negative, while in the electronics

COLLECTOR

ELECTRON FLOW
P

RASE
P

r

+ ++
P

+++

EM TTEN

Fig.

11-107C. Basic construction for a
pnp transistor.

Fig. 1I -109A. Direction of current flow
in a reversed -biased junction diode.
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no

ELECTRON FLOW

voltage

difference

exists

across

either the p -type or the n -type region

+

and the pn junction
reverse -biased.

P

is

said

to be

If the connections are reversed as in
Fig. 11-109B, the electrons in the p -type

material near the positive terminal of
Fig. 11.109B. Direction of current flow
in a forward -biased junction diode.

the battery break their bonds and enter
the battery, creating new holes. At the
same time, electrons from the negative
terminal of the battery enter the n -type

material and diffuse toward the junc-

thought, the current flows
with the electronic drift or negative to

tion. The space -charge region then becomes effectively narrower, and the

positive. Since the development of
semiconductor devices, yet another

energy barrier decreases to an insignificant value Excess electrons from
the n -material can then penetrate the

school

of

theory of current flow has been developed-the hole movement positive
to negative. In addition to this term are
others such as forward current, reverse
current, leakage current. saturation
current and many others. Semiconductors with their opposite natures of npn
and pnp combinations, and many more
of multiple construction add to this
confusion.

A better understanding of semiconductor current principles may be had
by the diode concept. With an external
battery connected across a pn junction
(Fig. 11-109A). the current flow is determined by the polarity of the applied
voltage and its effect on the space charge region. In the illustration, the
positive terminal of the battery is connected to the n material and the negative terminal to the p material. In this
arrangement, the free electrons in the
n material are attracted to the positive
terminal of the battery and away from

the junction. At the same time, holes
from the p -type material are attracted
toward the negative terminal of the
battery and away from the junction.
As a result, the space -charge region
the junction becomes effectively
wider, and the potentional gradient increases until it approaches the battery
potentional. Under these conditions the
current flow is extremely small because
at

CONVENT iONAL

CURRENT FLOW
N

4 ANODE

CATHODE

ELECTRON CURRENT FLOW

Fig. 11-109C. Symbol for a diode rectifier. The plus and minus terminals may
be i.'entified by arrow and bar.

space -charge region,

flow across the

junction and move by way of the holes
in the p -type material toward the positive battery terminal. This flow will
continue as long as the external potential is applied. Under these conditions it
is said the junction is forward -biased
and maximum current will flow. In the
construction of a diode (Fig. 11-109C).
the anode is always positive and it consists of p -type material, and the cathode consists of n -type material. Thus,
if a positive potential is applied to the
anode (arrow symbol) conventional

current flow is from the anode to the
cathode, through the external circuit
and back to the anode. Electron flow is
in the opposite direction. (See Question
11.148.)

7.710 What is silicon?-A nonmetallic element used in the manufacture of diode rectifiers and transistors.
Its resistivity is considerably higher
than that of germanium.
17.777 Where does the resistance
of germanium and silicon Poll on the resistance scale of semiconductor material? 'l'he relative position of pure germanium and silicon is given in Fig. 11111. The scale indicates the resistance of
conductors, semiconductors, and insula-

tors per cubic centimeter. Pure germanium has a resistance of approximately 60 ohms per cubic centimeter.
Germanium has a higher conductivity
or less resistance to current flow than
silicon, and is used in the majority of
low- and medium -power diodes and
transistors.
11.112 Define the terms, majority

and minority carriers.-A majority carrier is the type of charge carrier that
constitutes more than half of the total
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es

ritt if

device, it must be approached from the
standpoint of its atomic structure.
The outer orbit of a germanium atom
contains four electrons. The atomic
structure for a pure germanium crystal
is shown in Fig. 11-114A. Each atom
containing four electrons forms covalent
bonds with adjacent atoms Therefore,
there are no "free" electrous, and germanium in its pure state is a poor conductor of electricity. (See Fig. 11-111.)

IALA
GLASS

X

P URE

100-

qn

GI RiAtorLiki
TIIMISTSIOR GERmilMAS

so

PURE

tut

AMC

GERiMifulis

MATERIAL
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if

a

piece of "pure" germanium (the

size used in a transistor) has a voltage
applied to it, only a few microamperes

1:3

t

of current will flow in the circuit. This
current is caused by electrons which
have been broken away from their

MEWING COi_S
P LATIMRA
COPPER

Fig. 11-111. Resistance of various materials per cubic centimeter. Pure germanium hos about 60 -ohms resistance
per cubic centimeter.

charge -carrier concentration. Minority
carriers constitute less than half the
charge carriers.
11.113 Define the term junction os
applied to semiconductors.-The term
junction refers to the region between
semiconductor regions of different
properties, between metal and semicon-

ductor material. An alloy of fused junction is formed by recrystallization on a
base crystal from a liquid phase containing doping materials. A diffused
junction is formed by a solid or vapor
diffusion of an impurity within the
semiconductor. Doped junctions are

produced by the addition of an impurity that melts during the crystal

bonds by thermal agitation, and will increase at an exponential rate with an
increase of temperature.
Introducing into the germanium crys-

tal an atom with five electrons, such
as antimony or arsenic, changes the
atomic structure to that of Fig. 11-114B.
The extra electrons (called free electrons) will move toward the positive
terminal of the external voltage source.
When an electron flows from the
germanium crystal to the positive ter -

L

IL
%

\

/

/
ELECTRON

GERMANIUM
NUCLEUS

'as

.0'

growth. A grown junction is a junction
produced during the growth of a crystal

CONILENT)11.'
NOW

from a smelt. (See Question 11.118 )
11.111 What is the basic theory of
o semiconductort- To understand the
theory of operation of a semiconductor

O

r 10

0

11-114A. Atomic structure of a
pure germanium crystal. In this condition germanium is a poor conductor.
Fig.

TREE

a,

EL EC RON

fi

g

--e

FREE
ELECTRON

Fig. 11-114B. Atomic structure of a germanium crystal when a doping agent containing five electrons is induced. This type crystal is classified as n -type germanium.
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-40
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---cr,1.101.1L-

Fig. 11-114C. Atomic structure of a germanium crystal when a doping agent containing three electrons is induced. This type crystal is classified as p -type germanium.
minal of the external voltage source.
another electron enters the crystal from
the negative terminal of the voltage

source. Thus, a continuous stream of
electrons will flow as long as the external potential is maintained.
The atom containing the five electrons is called a "doping agent" or
"donor." Such germanium crystals arc
classified as n -type germanium
Using a doping agent of indium.

gallium, or aluminum, which contain
three electrons in their outer
orbit causes the germanium crystal to

only

ing holes is subjected to an electrical
field, electrons jump into the holes, and
the holes appear to move towards the

negative terminal of the external voltage source.

When a hole arrives at the negative
terminal, an electron is emitted by the
terminal and

the

hole

is

canceled

Simultaneously, an electron from one
of the covalent bonds flows into the
positive terminal of the voltage source.
This new hole moves toward the negative terminal causing a continuous flow
of holes in the crystal.

take the atomic structure of Fig. 11-

Germanium crystals having a defi-

114C. In this structure, there Is a "hole"
or "acceptor." The term hole is used to
denote a mobile particle having a pos-

ciency of electrons are classified p -type
germanium. Insofar, as the external

itive charge, and simulates the properties of an electron having a positive
charge.

The use of the term hole is relatively
new, hut it is as useful as the term
electron to explain the manner in which
electricity is conducted by electrons.
Electrons in semiconductors are also

referred to as "carriers."
Pure germanium is also referred to
as "intrinsic germanium," which means
that the germanium has an equal number of donors and acceptors.
When a germanium crystal contain -

electrical circuits are concerned, there
is no difference between electron and
hole current flow. However, the method
of connection to the two types of transistors differs.

With an electrical field of one volt
per centimeter in germanium, an electron will move at a velocity of 3600
centimeters per second, whereas a hole

will move at a velocity of 1700 centimeters per second

When a germanium crystal is so
doped that it abruptly changes (ruin
an n -type to a p -type, and a positive
potential is applied to the p region, and

I

01

11 1140. A germanium junction
which consists of a p- and on n -type
crystal.

Fig.

Fig.

11-114E.

Voltage versus

current

characteristic of the junction shown in
Fig. 11-114D
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11-114G. Voltage versus current
characteristics of the junction transistor

Fig. 11-114F. The junction transistor
seen in Fig. 11-114D, with the battery
polarities reversed.

Fig

a negative potential to the n region, the
conditions will be as shown in Fig. 11-

tion is reverse -biased, and is termed the

114D.

The holes move through the junction to the right and the electrons to
resulting in a voltage -current characteristic as shown in Fig.
11-114E. If the potential is reversed as
shown in Fig. 11-114F both electrons
the left,

and holes move away from the junction until the electrical field produced
by their displacement counteracts the
applied electrical field. Under these
conditions zero current flows in the
external circuit. Any minute amount
of current which might flow is caused
by thermal generated hole pairs. It will
be noted in Fig. 11-114G, a plot of the
voltage versus current for the reversed
condition, the leakage current is es-

with

the

battery polarities shown in
Fig 11.114F.

collector junction. The p- type base is
"lightly" doped in comparison to the n type emitter; therefore, the majority of
the current flowing from the emitter to
the base is electron current with very
little hole current. The major portion
of the electrons emitted by the base
diffuse across the collector junction and
pass to the collector circuit. The ratio of

emitter current to collector current is
termed the "alpha" of a transistor.
It is essential that the value of alpha
be as great as possible_ This is achieved

by a light doping of the base using a
thin base region of the order of 1 mil,
and minimizing the unwanted impur-

sentially independent of the applied

ities in the germanium that might cause
recombination of electrons before they
transverse the base region. Alpha's of
0.95 to 0.99 are common in commercial

potential up to the point where the

transistors.

junction breaks down.
type transistor is shown in Fig. 11-114H.

Only a small amount of leakage current flows in the collector circuit unless
current is induced in the emitter. A

The left-hand n and center p section

small voltage of the order of 0.10

The basic construction of an npnis forward -biased, and

is

termed the

emitter junction. The other junction
formed by the p and right-hand n sec Vali TEA ../rcv ON

N

to

0.50 volt is all that is required to cause
an appreciable amount of current flow:
thus, the input power is quite small.

1-COLLECTOR JLACt CM
P

N

Fig. 11-114H. Basic construction and connections for on npn junction -type transistor.
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transistors are entirely different from
vacuum tubes as they are current controlled devices, where a vacuum

-13C

tube is voltage controlled and has a

PNP

high input impedance. Transistors may

have either a high- or low -input imNPti

Fig. 1 1-1 1 41

Symbols for a pap and an
npn transistor.

This permits a relatively large amount

of power to be controlled in the external load circuit by a small amount
of power at the input circuit.
The power gam of a transistor may
be calculated:
Pa

= PP
---..,

.r1 =

..'

P. = E.,'
R1.
where,

P.., is the output power,
P,. is the input power,
E,. is the voltage at the input,
E.., is the voltage at the output,
R,. is the input resistance of the
transistor,
R. is the load resistance.

The materials used in the manufacture of semiconductor devices are germanium and silicon. As germanium has
a higher conductivity than silicon, it is
used in most low- and medium -power
diodes and transistors. Silicon is more
suitable for high -power devices than is
germanium since it may be used at
much higher temperatures. Considerable research is being done in the development of gallium arsenide, which
combines the most desirable characteristics of both gemianium and silicon.
The npn- type junction transistor corresponds

to

the

conventional triode

vacuum tube using negative (electron)
carriers. The pnp-type might be compared to a vacuum tube operating (if
it were possible) with the electrons
flowing from plate to cathode.
Graphical symbols for diodes and
transistors are given in Figs 11-1141
and J. The arrows on the diagrams indicate the direction of electron flow. The
base in a transistor corresponds to the
control grid in a vacuum tube, the emitter to the cathode or filament, and the
collector to the plate of a tube. However,

pedance, depending on the circuit design. The load impedance has a direct
effect on the input impedance and vice
versa. Although transistors will perform functions of the vacuum tube,
their design requires a new concept in
circuit design compared to that used
for vacuum -tube circuit design. In Fig.
11-114J are given the symbols used for
the more common types of transistors
and diodes. However, this list is by no
means complete, as the semiconductor
field is undergoing continuous change.
11.115

with
identifying
used

What ore the I eeeee symbols
semiconductor devices for
their electrical character-

istics?-Although the letter symbols for
transistors and diodes have not been
completely standardized throughout the
electronic industry, many symbols have
become fairly well established by common usage. A tabulation of the symbols

in use at the present time is given in
Fig. 11-115. For letter symbols not
given, the basic symbol is used and
modified to suit the particular requirement.

Nomenclature used for the classification of semiconductor devices use the

prefix IN for diodes followed by the
type number, such as 1N3493. Transis-

tors use the prefix 2N followed by the
type numher. Letters appearing after
the type number indicate a modification
of the original design.
11.116 How are the polarities of
semiconductor devices identified?-For
diodes, the symbol representing an

arrow and base is imprinted on the
housing if large enough. The arrow
always indicates the direction of conventional current flow, and is the posi-

tive (+) terminal. Electron flow is in
the direction opposite to the arrow. If
the device is too small for the symbol
to read, a red dot is sometimes used to

denote the positive terminal For miniature -type diodes, the type number is
indicated using the standard electronic
industry color code. In this case the
negative or cathode terminal is at the

start of the nnmber, as shown in Fig.
11-116A. Diodes of early manufacture
used a black ring or bar to denote the

VACUUM TUBES, TRANSISTORS AND DIODES

489

COIANCINL T' USED

NAME OF
DEVICE

0
JUNCTION
SCHEMATIC

CIRCUIT
SYMBOL

CCARADNLY USED

NAME OF

OM=

OR

REGIS -WA

0

COLLECTOR

ANODE

DIODE

.UNCTION
SCHEMATIC

CIRCUIT
SYMBOL

DEVICE

COLLECTOR

NWM

PNP
TRANSISTOR

N

...J

BASE

CATHOOE

CATHODE

EMITTER
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SACK
0100E

P

GATE

4

TURN-OFF
SWITCH
IGTOI

CATHODE

CATHODE

Mi=

LIGHT

DIODE
ANCIDE

CATHODE

CATH 4;1 GATE
AMEX 2

113a CI
TRIAC

©MM.
La i a

Gan

1111112
CATHODE

CATHODE

.....7.L171

AlF001 2

ANODE

(AWING

P

GATE

ANODE

I

GATE

P

ANOOE I

COLLECTORCOLLECTOR
NPN
TRANSISTOR

P

BASE

.-,e,\ (TATTER

.,
IT

M:M.

DIAC

TRIGGER

MZIMIN

EMITTER

* LIGHT ACTIVATED SCS ALSO POSSIBLE

Fig. 11-114J. Graphical symbols for semiconductor devices, with their internal con -

strucfion. The above symbols cover only the motor designs. (Courtesy, General
Electric Co., Semiconductor Div.)
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TRANSISTOR SYMBOLS
(Continued)

GENERAL SEMICONDUCTOR
SYMOLS

signal

duty factor
efficiency (eta)

df

transfer
emitter,

noise figure
temperature
ambient temperature
case temperature

NF
T
TA

unity)

junction temperature

Tior

mounting -flange temperature
storage temperature
thermal resistance
thermal resistance, junction -to -ambient
thermal resistance, junc-

0).A

tion -to -case
thermal resistance,

0)-r v

tr
tr

t,
t.
t.

r.

tr

Go
G.,:

Gr.

h..
junc-

tion -to -mounting flange
delay time
turn -on time
fall time
pulse time
rise time
storage time

ts

turn-off time
time constant (tau)

bra

hr.

Co..

C...

E.,.
f,
f, r,.

f.r.

lr

input capacitance, open circuit (common base)
input capacitance, open circuit (common emitter)
output capacitance, open
circuit (common base)
output capacitance, open
circuit (common emitter)

hir

circuit (common base)
static forward -current
transfer ratio
(common
emitter)
small -signal forward -current transfer ratio, short

mon base)
static
input

resistance

(common emitter)

h..

small -signal

input imped-

ance, short circuit (common emitter)
small -signal output impedance, open circuit (common
base)

h..

second -breakdown energy

cutoff frequency
small -signal forward -current transfer -ratio cutoff
frequency,
short - circuit

small -signal forward -current transfer ratio, short

circuit (common emitter)
small -signal input impedance, short circuit (com-

saturation stored -charge
time constant

collector -to -base feedback
capacitance
collector - to - case capacitance
collector -to -base feedback
capacitauce

tance (common emitter)
large -signal average power
gain (common base)
small -signal average power
gain (common base)
large -signal average power
gain (common emitter)
small -signal average power
gain (common emitter)
static forward -current
transfer ratio
(common
base)

hr.

TRANSISTOR SYMBOLS

C,

transconduc-

small -signal

T1

0

forward -current
ratio,
common
extrapolates
to

I.

small -signal output impedance, open circuit (common
emitter)
small -signal reverse -voltage transfer ratio, open circuit (common base)
small -signal reverse -voltage transfer ratio, open circuit (common emitter)
base current
turn -on current

(common base)
small -signal forward -current transfer -ratio cutoff
frequency,
short - circuit

turn-off current

(common emitter)
gain - bandwidth product
(frequency at which small -

collector -cutoff current
collector - cutoff
current,
emitter open

collector current
collector current, instantaneous value

Fig. 11-11S. Letter symbols used with semiconductor devices.
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TRANSISTOR SYMBOLS
:Continued/
LIM

collector - cutoff

TRANSISTOR SYMBOLS
(Continued)

current,

collector - cutoff

current,

P,.

specified resistance between
I,e.,

if 4,1

base and emitter
collector - cutoff
current,
base
short-circuited
to
emitter
collector - cutoff
current,
specified

X

voltage

current,

circuit

between

specified

(common base)
(common base)
PO,

large -signal output power

P..

(common emitter)
small -signal output power
(common emitter)

V..
V.,

total dc or average power

V1.1:
VIP 10(111I1

collector -to -base break-

ICI143

emitter current
emitter -cutoff current, col-

mum hve. per specification)

lector open
second -breakdown collector
current

Pox

small -signal output power

gain

switching current (at mini-

MUG

P.,

Q.

r (sat)

Ithi

MAG.

large -signal output power

stored base charge
collector -to -emitter saturation resistance
real part of small -signal
input impedance, short circuit (common emitter)
generator resistance
input resistance (common
emitter)
load resistance
output resistance (common
emitter)
source resistance
base -supply voltage
base -to -collector voltage
base -to -emitter voltage

base and emitter

MAG

Pun

between

base and emitter
collector - cutoff

maximum available amplifier gain
maximum available conversion gain
maximum usable amplifier
input to base (common
emitter)
total instantaneous power
input to base (common
emitter)

Re (hi.)

R,.
R,.

R..

V.141%4,1'00

W11111114:M1

total dc or average power
input to collector (common
base)
:.

instantaneous power
input to collector (common
total

V( Mlle...,

total dc or averwie power

P

input to collector (common
emitter)
total instantaneous power
input to collector (common
emitter)
total de or average power

Vree

input to emitter (common

VrraIU

down

base)

large -signal input
(common base)
small -signal Input
(common base)

Vet (fl)
power

power

;Courtesy, Radio Corporation of America',

specified

emitter -to -base breakdown
voltage, collector open
collector -to -base voltage
dc open -circuit voltage be-

collector and base
(floating potential), emitter
biased with respect to base
de open -circuit voltage between collector and emitter
(floating potential), base
respect to
biased with
tween

instantaneous power

input to emitter (common
P,.

voltage,

voltage between base and
emitter

base)

total

down voltage, emitter open
collector -to -emitter breakdown voltage, base open
collector -to -emitter breakdown voltage, specified resistance between base and
emitter
collector -to -emitter break-

down voltage, base shortcircuited to emitter
collector -to -emitter break-

base)

pre:

input power
(common emitter)
small -signal input power
(common emitter)
large -signal

base open
ICK
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MOS FIELD-EFFECT TRANSISTOR
SYMBOLS (Continued)

TRANSISTOR SYMBOLS
(Continued)
Vell0

Veer

collector - to - base voltage
(emitter open)
collector - to - base voltage,

C.

specified voltage between

c..

VCCO

emitter and base
collector -supply voltage
collector -to -emitter voltage
collector -to -emitter voltage,

Vise

collector - to - emitter volt-

VI`C

VCC

gate -to -drain

CI..

Vc8

Vre (sat)

VEY (ft)

tween base and emitter
collector - to - emitter voltage, base short-circuited to
emitter
collector - to - emitter voltage, specified voltage between base and emitter
collector -to -emitter saturation voltage
emitter - to - base voltage,
dc open -circuit voltage between emitter and base
(floating potential), collec-

tor biased with respect to

la. (OFF)

NF

rent
gate leakage current
spot noise figure (generator

r,

resistance IL =I megohm)
effective gate series resist-

gt.
g,.
g..
If.

ance

active channel resistance
unmodulated channel re-

rd

sistance
r(111

( ON)

yet
VAT

Y,.
Y..
Y..
Y..

emitter - to -base
voltage,
collector open
emitter -supply voltage
reach -through voltage
forward transconductance
input admittance

red

output admittance
reverse transconductance

V...

voltage

vs.

age

(=

dc gate -to -source voltage
peak gate -to -source voltage

VC. (OFF)

capaci-

tance
ca.

drain -to -substrate voltage
drain -to -source voltage
dc gate -to -substrate volt-

age

amplification

channel

re-

sistance
Vas.

Ye./Y.. r Yo
intrinsic

leakage

gate -to -source leakage re-

ye}

B..
C.

gate -to -drain
sistance

peak gate-to-subtrate volt-

MOS FIELD-EFFECT
TRANSISTOR SYMBOLS

A

drain -to -source ON resistance

base
VC1.0

capacitance)
gate - to - source interlead
and case capacitance
small -signal input capaci-

tance, short circuit
small -signal reverse transfer capacitance, short circuit
forward transconductance
input conductance
output conductance
dc drain current
drain -to -source OFF cur-

C...

base open

age, specified resistance be-

capacitance

(includes 0.1-pF interlead

age

Y,.

forward transadmittance

Y..

output

drain -to -source capacitance

(includes approximately 1pF drain -to -case and interlead capacitance)

gate -to -source cutoff volt-

g,.

admittance = g..

IB.., B.. =
Yr.

load admittance = gi.

j131.

Fig. 11.115 (Continued)

negative terminal. Top -hat types are

For three lead types, the center lead Is

marked as shown in Fig. 11-116B.

usually the base. A dot indicates the

Transistors, due to their many types
and shapes arc sometimes hard to identify; therefore, it is good practice to

consult the manufacturer's data sheet
for the correct terminals and polarity.

collector; therefore, the remaining lead
is the emitter.
11.117 What is the approximate resistance that may be expected between
the elements of a ttonsistor?-The ap-

VACUUM TUBES, TRANSISTORS AND DIODES
CATHOCE

ANOOE

Rrr

COLLECTOR (Cl

SASE (II

COLOR CODE

(e)

Tubular

type
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with

LOW

LOW

HIGH

MGM

color -code

LOW

stripes indicating the type number.
CATHODE

Fig. 11-117A. Approximate resistance
between the elements of a transistor

ANODE

when measured with on ohmmeter. The
polarities will be reversed for a pnp
transistor.

(b) Top -hat type.
11-116. Diode polarity markings.
The arrow indicates conventional current
Fig.

flow. Electron flow is in
direction.

HIGH

the opposite

proximate resistance that may he expected between any two elements of
an npn transistor known to he operative
is shown in Fig. 11-117A, and may be
measured using a low current volt ohmmeter. Before using the ohmmeter,

the current How between the leads of
the ohmmeter must he measured with
a microammeter or milliammeter; also
measure the open -circuit voltage using

high to low will be on the order of
200,000 ohms or greater; on the low side
between 1 to 2 ohms. For a pnp type,

the polarities are reversed from those
shown. The effects of an internal short
circuit for an operating transistor is
shown in Fig. 11-117B, with a tabulation

of the effect on the operating voltages
shown in Fig. 11-117C. The operating
voltages should, for accuracy, be mea-

sured with a meter of extremely high
resistance, or better yet, with a dc vacuum -tube voltmeter.
11.118 Describe the methods of
construction used in the manufacture of

a 1000 ohm -per -volt meter. For a typical 20,000 ohm -per -volt service meter

on the x 100 resistance scale, the current measured 76 microamperes; on the
X 1.0 scale, 800 -microamperes; and 70

milliamperes on the 1/100 scale. The
highest scale measured 16 volts, and the
two lower scales 1.6 volts. Thus, it can

be seen that a good transistor could be
damaged if measured on time low -resistance scale.

Referring again to Fig. 11-117A, it is
indicated that for a given polarity of the

ohmmeter, either a high or low resistance may be expected between a given
pair of terminals. Generally the ratio of

11-117B. An npn-type transistor
with its components. If two of the elements are shorted, as shown by the
dotted line, the effects tabulated in Fig.
11.117C may exist.
Fig.

Short Circuit
Between Elements

Base

Emitter

Collector

B and E

increase

decrease

decrease

C and E

decrease

increase

increase

B and C

decrease

increase

increase

Fig. 11-117C. Tabulation of the effect on operating voltages across the resistive
components of the transistor in Fig. 11-1178 when certain elements of the transistor
are short-circuited internolly.
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transistors.-The principal difference in
the manufacturing of transistors is the
method used in the construction of the
junctions. Certain types of transistors
employ up to eight elements, and there

appears to he no limit to the various
combinations possible. In Fig. 11-118A
is shown the construction of a grown junction transistor. An alloy -junction
transistor is shown in Fig. 11-118B.
During the manufacture of the material
for a grown junction, the impurity content of the semiconductor is altered to
provide npn or pnp regions. The grown
material is cut into small sections and
contacts arc attached to the regions. In
the alloy -junction type, small dots of n-

or p -type impurity elements arc attached to either side of a thin wafer
of p- or n -type semiconductor material.

After heating, the impurity dot alloys
with the semiconductor material to
form regions for the emitter and collector junctions. The base connection is
made to the original semiconductor ma-

terial. Drift -field transistors employ a
modified alloy junction in which the
impurity concentration in the wafer is
diffused or graded, as shown in Fig.
11-118C. The drift field speeds up the
current flow and extends the frequency
response of the alloy -junction transistor.

A variation of the drift -field transistor is the microalloy diffused transistor
(Fig. 11-118D). Very narrow base dimensions are achieved by etching techniques, resulting in a shortened current
path to the collector. Mesa transistors,
shown in Fig. 11-118E, use the original
semiconductor material as the collector,
with the base material diffused into the

wafer and an emitter dot alloyed into
the base region. A flat-topped peak or
mesa is etched to reduce the area of the
collector at the base junction. Mesa
devices have large power -dissipation
capabilities and can he operated at very
high frequencies. Double -diffused epi-

taxial mesa transistors are grown by the

use of vapor deposition to build up a
crystal layer on a crystal wafer, and
will permit the precise control of the
physical and electrical dimensions inde-

pendently of the nature of the original
wafer. This technique is shown in Fig.
11-118F.

The planar transistor is a highly sophisticated

method

of

constructing

transistors. A limited area source is
used for both the base diffusion and
emitter diffusion, which provides a very
small active area, with a large wire contact area. The advantage of the planar
construction is its high dissipation,

lower leakage current, and lower collector -cutoff current, which increases
the stability and reliability. Planar construction is also used with several of
the previously discussed base designs.
A double -diffused epitaxial planar
transistor is shown in Fig. 11-118G.
11.119 What arc the general pro cautions to be observed with the use of
semiconductor devices?-Limit the maximum junction temperature to prevent
excessive

leakage

currents. Use low

values of stability factors, such us using
resistance in the emitter circuit. Reduce
the value of the shunt resistance from
base to emitter to a value as low as possible (taking into consideration the gain
requirements). Use large values of collector current to minimize temperature
changes. Use low values of source resistance to keep the stability factor low.
In temperature -compensated circuits.
provide a common heat sink for all
semiconductor devices. Do not use an

ohmmeter for checking a transistor or
diode without first measuring the current flow between the ohmmeter leads.
When soldering, use hest -sink pliers on
the leads. Use a thermal deiuting factor
when operating at temperatures above
25

degrees centigrade. The foregoing

are but a few precautions to be observed in the use of semiconductor de -

FI

11-118A. Grownjunction transistor.

Fig.

11-1185.
Alloyjunction transistor.

Fig.

Fig. 11-118C. Drift -field
transistor.
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8

LAYER
EP ITAXIAL

DIFFusen
BASE
C

ORIGINAL
WAFER
E

11-118D. Microal
loy-dif f used transistor.

Fig.

Fig. 11-118E. Mesa tram.

DIFFUSED
EMITTER

Fig.

11-118G. Double -diffused epitaitial
planar transistor.

vices. When in doubt, consult the manufacturer's dat sheet.
II.I20 What is meant by the term

"punchthrough"?-It is the widening of
the space charge between the collector element and the base of a transistor. As the potential Val is increased
from a low to a high value, the collec-

11-118F. Epitosial
mesa transistor

Fig.

sister.

E

EMIT TER
CONTACT

/AXIAL

DIFFUSE::

BASE

BASE

LAYER

COLLECTOR
.ORIGINAL
WAFER

either the forward or reverse direction.
A group of collector characteristics for
different values of base bias are shown
in Fig. 11-121. It will he observed the
collector -to -emitter breakdown voltage

increases

as

the base -to -emitter

bias is decreased from the normal for-

ward values through zero to reverse.

tor -base space charge is widened. This

As the resistance in the base -to -emitter

widening effect of the space charge,

circuit decreases, the collector char-

narrows the effective width of the base.

acteristics

If the diode space charge does not

points. After the initial breakdown, the

"avalanche" before the space charge
spreads to the emitter section, a phenomenon termed "punch -through" is
encountered. (See Fig 11 - 120.)
The effect is: the base disappears as
the collector -base, space charge layer
contacts the emitter, creating a relatively low resistance between the emitter and the collector, causing a sharp
rise in the current. The transistor action then ceases. As there is no voltage
breakdown in the transistor, it will
start functioning again if the voltage is
lowered to a value below where punch -

collector -to -emitter

until another breakdown occurs at the
lower voltage.
Breakdown can be very destructive
in power transistors. A breakdown
mechanism, termed second breakdown,

is an electrical and thermal process in
which current is concentrated in a very
small area. The high current, together
with the voltage across the transistor,
causes intense heating, melting a hole
from the collector to the emitter, causSPACE

CHARM

When a transistor is operated in the
punch -through region, its functioning is

N

not normal, and heat is generated internally which can cause permanent
a transistor.-Breakdown voltage is that
voltage value between two given elements in a transistor at which the crystal structure changes arid current begins to increase rapidly. Breakdown
voltage may be measured with the third
electrode open, shorted, or biased in

voltage decreases

with an increasing collector current,

through occurs.

damage to the elements.
11.121 Define breakdown wattage in

breakdown

two

develop

C

1
VEE

Val

Fig. 11.120. Spreading of the space
charge between the emitter and the
collector. This phenomenon is called
"punch -through."

496

THE AUDIO CYCLOPEDIA

lb io 0
Rbe.1011

(a) Common base.

Vb, 0
Vb.* 0 5

"Is' On

LC

0

(b) Common emitter.
8VCE0

BVCES

8VCEP

NE x

COLLECTOR- TO- Emir TER VOLTAGE

Fig. 11.121. Typical collector characteristic curves showing locations of various
breakdown

voltages.

(Courtesy

Radio

Corporation of America)

(c) Common collector.
Fig. 11-124. Equivalent circuits for transistors.

bag a short circuit and internal breakdown of the transistor.
The fundamental limitation to the
use of transistors is the breakdown
voltage, (BV,,..). Because the breakdown voltage is not sharp, it is neces-

cuits for transistors?-Transistors may
be considered to he a ''T" configuration

active network. Three such networks
are given Fig. 11-124.

sary to specify the value of collector
current at which breakdown will occur.

This data may be obtained from the
manufacturer's data sheet.
/7.122 Define the term "extrinsic
tronsconductance."-It is the quotient of

a small change in collector current divided by a small change in emitter -to base voltage producing it, under the
condition that other voltages remain

(a) Vacuum tube.

unchanged.
11.123 Show the flow of current

through a transistor.-The current flow
paths for both pnp- and npn-type transistors are given in Fig. 11-123. It will
be observed that the flow of current is
reversed from one type to the other
11.124

What ore the equivalent cir-

(b) Npn transistor.

(c) Pnp transistor.
(a) In a pap type.

(b) In an arm type.

Fig. 11-123. Current flow paths as they
occur in

a

transistor.

Fig. 11-125A. Comparison of a grounded
cathode vacuum tube to a transistor
using a grounded -emitter connection.
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(a) Vacuum tube.

(a) Vacuum tube.
V.

vaa

(b) An npn transistor.

(b) An npn transistor.

;r) A pnp transistor.
Fig. 11-1255. Comparison of a cathode follower vacuum tube circuit (plate at oc
ground) to a transistor using a grounded collector connection

What arc the phase relationships between the input arid output
of a transistor?-For the conventional

(c)

grid vacuum tube to a transistor using a
grounded -base

11.125

transistor the only configuration that
will provide a 180 -degree phase reversal

between input and output

is

the

grounded or common -emitter configuration (Fig. 11-125A). Phase relations
for the grounded or common -collector
and common -base configurations are
shown in Figs. 11-1258 and C. These
configurations have the same phase for
both input and output. Equivalent vacuum tube circuits have been included
for comparison. In the instance of the
field-effect transistor (FET), Fig. 11125D, for a given instantaneous polarity
of the input signal at the gate, the output signal at the drain is reversed by
180 degrees. The signal at the source is

A imp transistor.

Fig. 11-125C Comparison of a grounded connection.

common -emitter, the input resistance
decreases as the load resistance is increased; therefore, changes of input or
output resistance are reflected from one

to the other. Typical variations of output resistance for changes in generator
impedance are given in Fig. 11-126.
Voltage, power, and current gains are
shown for a typical common -emitter
configuration in Fig. 11-128.
Vos
ao

S

of the same phase as the gate. This
makes the FET ideal for phase -inverter
applications
11.126 What is the relationship between the input and output impedance of

a transistor?-The input resistance for
the common -collector and common base configuration increases with an increase of the load resistance R. For the

Fig.
in a

1

1 -1 2 S D

p-channrl

Signal -voltage polarities

field-effect transistor
(FETI.
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ations in the bias voltage are also reflected in the other stages The term
direct -coupled does not imply that it
may be used for the amplification of
direct current, as the extremely low (a) Grounded base

MPUT

Ou Ti5u T

1.545

I.620m

(b) Grounded emitter.

(c) Grounded collector.
11-126. Junction -type transistor
circuits showing the input and output
impedances. The impedances shown are
Fig.

typical and will vary with different type
transistors.
71.127 Show typical amplifier circuits for transistors.-Three simple am-

plifier circuits are shown in Figs. 11127A, B, and C. In Fig. 11-127A is shown
a
two -stage
resistance -capacitance
(RC) coupled amplifier. In Fig. 11-127B,

the circuit is direct -coupled, eliminating
the coupling capacitors. Today's trends

are toward the use of direct -coupled
circuitry, since it reduces the phase shift, extends the frequency range in
both directions, and reduces the number of components. However, on the
other hand, the gain is somewhat reduced over that of the RC coupled
types, and the number u( stages that
can be direct -coupled is limited. Vari-

frequency signals are limited by factors
other than the coupling method.
A transformer -coupled amplifier is
shown in Fig. 11-127C. Although either

pnp- or npn-type transistors may be
used if the correct polarities are observed, it is quite important that the
transformers match the transistor input
and output impedances. Transistors arc
not necessarily confined to the circuits
shown, but may be used in any amplifier configuration, such as single -ended

types, push-pull, class -A, -B and -C,
and other subscripts. Transistors may
also be used for radio -frequency amplification up to several hundred megahertz. In fact, transistors may be used
in almost any application where vacuum tubes are used, and in many circuits where it would be impractical to
use tubes. Transistors may be used in
an impedance -coupled circuit or with
autotransfortners. However, these circuits arc generally only employed for
special-purpose amplifiers.
Transistors may also he operated in
parallel, similar to vacuum tubes, but
unfortunately transistors, although of
the same type and manufacture, do not
always have similar characteristics. If
the transistors are unmatched, when
connected in parallel one transistor may
be carrying most of the load. Two solu-

tions are apparent-either use matched
pairs of transistors or employ emitter
resistors to balance the load. It has been

found that for power transistors rated
at 5 amperes or greater, a resistance of
about 0.2 ohm connected in each emitter
will generally be satisfactory. A rule of
thumb is to use a resistor that will
0

-0

Vcc

OUTPUT

VCC

Fig

11-127A Typical resistance -capacitance coupled audio amplifier.
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NMI

NP1,4

hIPN

-0 Vec

It

1

O

IPUT
O
kS

Fig. 11-1278. Direct -coupled amplifier using negative feedback between first and
second stages.

cause a voltage drop of
volt at the
maximum collector current. If possible,
1

measure

the

characteristics

of

put impedance, and may be computed:

dB = 10 Log,

each

transistor and then select two having
nearly the same characteristics; also

insert the resistor in the emitter circuits. If these precautions are not observed, one transistor can be badly
damaged.
11.128

Show the voltage, power,
and current gains for a typical transistor.
-Typical curves for a conventional
transistor using a common -emitter configuration are shown in Fig. 11-128. It
will be noted the current gain decreases
as the load resistance is increased. The

voltage gain increases as the load resistance is increased. Maximum power
gain occurs when the load resistance is
approximately 40,000 ohms, and it may
exceed unity. For the common -collector
connection, the current gain decreases
as the load resistance is increased, and
while the voltage gain increases us the
load resistance is increased, it never exceeds unity. Curves such as these help
the designer to select a set of conditions
for a specific result.
11.129 How is power gain for a

transistor calculated?-The power gain
varies as the ratio of the input to out-

where,

is the input impedance in ohms,

Z.., is the output impedance.

11.130 Con negative feedback be
applied to transistor ampliliers?-Negative feedback is employed extensively
in transistor amplifiers much in the
same manner as vacuum tubes. One of
the most common methods being used
is to omit bypassing the emitter circuits.
Referring to Fig. 11-130, here two feedback circuits arc employed, one from

the output to the emitter of QI and a
second from the collector of Q2 to the
emitter of Ql. In this manner a total of
40 dB of negative feedback is acquired
-16 dB between Q1 and Q2, and 24 dB

from the output of the emitter of Ql.
If an output transformer is used, the
feedback

is

taken

from

winding and returned

the

to

output

the proper

point in the early amplifier
stages. The subject of negative feedback
phase

and the amplifier circuit shown is further discussed in Question 12255.
11.131 Define the terms alpha and

beta as applied to transistors.-An im-

iii
Fig. 11-127C. Typical tronstorrnercoupled audio amplifier. The transformers arc
selected to match the impedance between stages.
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Fig. 11-128. Typical voltage, power, and current gains for a conventional transistor
using a common -emitter configuration.

portant characteristic of a transistor is
its forward current -transfer ratio, or
the ratio of the current in the output to
the current in the input element. Because of the many different configurations for connecting transistors, the forward transfer ratio is specified for a
particular circuit configuration. The forward current -transfer ratio for the
common -base configuration is often referred to as alpha (a) and the common -

emitter forward current -transfer ratio
as beta (0). In common -base circuitry,
the emitter is the input clement and the
collector is the output element. Therefore, the dc alpha is the ratio of the dc
collector current I,- to the dc emitter
current I:. For the common -emitter, the
de beta is then the ratio of the dc collector current L to the base current Ir.
Because the ratios arc based on the
dc currents, they are termed alpha and
TI

Fig. 11 130. A 50 -watt push-pull amplifier. (Courtesy, Delco Radio Corp./
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beta. The ratios are also given in tenns

of the ratio of signal current, relative
to the input and output, or as a ratio of
change in the output current to the input current which causes the change.
The term alpha is also used to denote
the frequency cutoff of a transistor, and
is defined as the frequency at which the
value of alpha for a common -base configuration, or beta for a common -emitter circuit, falls to 0.707 times its value
at a frequency of 1000 Hz.
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17.133 Describe the various methods used for biasing transistors.-Several different methods of applying bias
voltage to transistors are shown in Fig.
11-133A, with a master circuit for aiding in the selection of the proper circuit
shown in Fig. 11-133B. Comparing the
circuits shown in Fig. 11-133A their
equivalents may be had by making the
resistors in Fig. 11-133B equal to zero
or infinity, for analyzation and study.
As an example, the circuit of Fig. 11-

Gain bandwidth product is the frequency at which the common -emitter
forward current -transfer ratio beta is
equal to unity. It indicates the useful
frequency range of the device and assists in the determination of the most
suitable configuration for a given ap-

133A, part (d) may be duplicated in

plication.
71.132 What is cutoff current in a
transistor) -When a transistor is biased
to a nonconducting state, small reverse

feedback current to ground. The stability of circuits (a), (d), and (g) in
Fig. 11-133A, may be poor unless the

dc currents flow, consisting of leakage
currents which are related to the surface characteristics of the semiconduc-

tor material and saturation currents.
Saturation current increases with temperature and is related to the impurity
concentration in the material. Collector -cutoff current is a dc current caused
when the collector -to -base circuit is
reverse -biased, and the emitter -to -base

circuit is open. Emitter -cutoff current
flows when the emitter -to -base is reverse -biased and the collector -to -base
circuit is open.

Fig. 11-133B by shorting out resistors
R4 and R5.

The circuit in part (g) of Fig. 11133A employs a split voltage divider for
R2. A capacitor connected at the junction of the two resistors shunts any ac

voltage drop across the load resistor is
at least one-third the value of the
power supply voltage 17,. The final determining factors will be gain and stability. Stability may be enhanced by the
use of a thermistor (see Question
11.157) to compensate for increases in

collector current with increasing temperature. The resistance of the thermistor decreases as the temperature
increases; thus, the bias voltage is decreased and the collector voltage tends

to remain constant. Diode biasing may
also be used for both temperature and
voltage variations. The diode is used to
"cc

vcc
RI

R2

(a)

vcc

vcc

UI

Fig. 11-133A. Basic bias circuits for transistors.
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Fig.

11-133B. Basic design circuit for

transistor bias circuits.

establish the bias voltage which sets the

transistor idling current, or the current
flow in the quiescent state. This subject
is discussed at further length in Section
12.

11.134 Describe the distortion characteristics of a transistor.-The har-

monic distortion increases in a transistor as the operating voltages and
currents are increased and approach

their maximum values. Output stages
should be operated class -B push-pull
whenever possible. A small amount of
collector current must be permitted to
flow at all times to reduce the effects of
crossover or notch distortion at the zero
signal point.
The addition of large amounts of
negative feedback can be used to further reduce distortion. Transistor amplifiers have been developed to where
both the harmonics and intermodulation
are almost immeasurable.
Harmonic and intermodulation measurements must be made at levels 3 to

11.136 Define the terms, small signed and large signal, in relation to a
transistor.-The transistor like the vacuum tube is nonlinear, and can be classified as a nonlinear active device. Although the transistor is only slightly
nonlinear, these nonlinearities become
quite pronounced at very low and very
high cnrrent and voltage levels. If an ac
signal is applied to the base of a transistor without a bias voltage, conduction
will take place on only one-half cycle
of the applied signal voltage, resulting
in a highly distorted output signal. To
avoid high distortion, a dc bias voltage
is applied to the transistor and the operating point is shifted to the linear
portion of the characteristic curve. This
improves the linearity and reduces the
distortion to a value suitable for small
signal operation. Even though the transistor is biased to the most linear part
of the characteristic curve, it can still
add considerahle distortion to the signal

if driven into the nonlinear portion of

20 dB below the rated output of the

the

stage under measurement. This procedure is discussed in Question 2;1.39.
11.135 How are gain controls connected in transistor circuits? - Three
commonly used methods arc shown in
Figs. 11-135. The control should be connected in such a manner so that it has

11.139.)

little or no effect on the transistor impedance, and not in a feedback loop.

characteristic.

(See

Question

Small signal swings generally run
from less than 1 microvolt to about 10
millivolts under normal operation conditions. Therefore, it is highly important
that the dc bias voltage be of sufficient
value so that the applied ac signal is
small compared to the de bias current
and voltage. Transistors arc normally

OUTPUT

OuTPuT

Fig. 11-135. Three methods used for connecting gain controls in transistor circuits.
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biased at current values between 0.1
and 10 milliamperes. For large signal
operation, the design procedures become

quite

involved

mathematically

and require a considerable amount of
approximation and the use of nonlinear
circuit analysis.
11.137 On what basis arc audio
transformers selected for transistor use?
-Because of the wide difference of

impedance between the input and output circuits of transistors, care must be
taken to provide an impedance match
between cascaded stages, or an appreciable loss of power will take place.
The maximum power amplification is

amount of measurable noise because of
thermal activity. This power is generally about 160 dB below the power of

watt for a bandwidth of 10,000 Hz.
When the input signal is amplified, the

1

If the ratio of
the signal power to noise power is the
same, the amplifier is noiseless and has
a noise figure of unity or more. However, in a practical amplifier some noise
is present, and the degree of impairment is called the noise figure (NF) of
the amplifier, expressed as the ratio of
signal power to noise power at the outnoise is also amplified.

put:

obtained with a transistor when the
source impedance matches the internal
input resistance, and the load imped-

ance matches the internal output resistance. The transistor is then said to
be "image matched."

If the source impedance is changed
in value it affects the internal output
resistance of the transistor, necessitating

a change in the value of the load impedance. When transistor stages are
connected in tandem, except for the
grounded -emitter connection, the input
impedance is considerably lower than
the preceding stage. Therefore, the
interstage transformer must supply an
impedance match in both directions.
When working between a grounded base and a grounded -emitter circuit, a
step-down ratio transformer must be
used. Working into a grounded -collector stage, a step-up ratio is used.
Grounded -collector stages arc some-

times used as nn impedance -matching
device between other transistor stages.
When adjusting the battery voltages for
a transistor amplifier employing trans-

formers, the battery voltage must be
increased to compensate for the dc volt-

age drop across the transformer wind-

ings. The manufacturer's data sheets
should be consulted before selecting a
transformer, to determine the source
and load impedances. Standard transformers are available. as for vacuum
tubes. (See Question 11.139.)
11.138

How is the noise factor (1,1F)

for a transistor amplifier calculated?-

In a low-level amplifier such as a preamplifier, noise is the most important
single factor, and is stated as the signalto-noise ratio or noise factor. Most amplifiers employ resistors in the input
circuit,

which

contribute

a

certain

NF

where,

SaN,
S./N.

S. is the signal power,
N, is the noise power,

is the signal power at the output,
N.. is the noise at the output.
The NF in dB is 10 times the logarithm of the power ratio. Thus, for an
amplifier with a 1 -dB noise figure, it
decreases the signal-to-noise ratio by
a factor of 126; a 3-t113 NF by a facS.

tor of 2: a 10 -dB NF by a factor of
10; and a 20 -dB NF by a factor of
100. Amplifiers with an NF below 6 dB
arc considered excellent
Low noise factors can be obtained by

the use of an emitter current of less
than 1 milliampere, n collector voltage
of less than 2 volts, and a signal -source
resistance below 2000 ohms.
11.139 Describe the procedure for
using transistor load linos.-The use of

transistor load lines is similar in every
respect to that used with vacuum tubes.
The transistor selected in this question
has the following characteristics: maximum collector current, 10 milliamperes;

maximum collector voltage, minus 22
volts; base current, zero to 300 microamperes; maximum power dissipation,
300 inilliwatts. The base -current curves
arc shown in Fig. 11-139A. The amplifier circuit is to be class -A, using a
common -emitter circuit (Fig. 11439B).
By proper choice of the operating point,
with respect to the transistor characteristics and supply voltage, low distortion,
class -A performance is easily obtained

within the transistor power ratings.
The first requirement is a set of collector -current, collector -voltage curves
for the transistor to be employed. Such

curves can generally be obtained from
the manufacturer's data sheets. Assum-
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Fig. 11-139A. Common -emitter -collector family of curves, with load line and maxi
mum dissipation power curve.

mg such data arc at hand, and referring
to Fig. 11-139A, a curved line is plotted
on the data sheet, representing the
maximum power dissipation by the use
of the equation:

2.= i17or v,=

I.

P.

=

Vice

The current is determined for each of
the

major

collector -voltage

points,

starting at 16 volts and working backward until the upper end of the power
curve intersects the 300 microampere

P.

where,

is the collector -current,
V. is the collector -voltage,
P, is the maximum power dissipation
of the transistor.

base -current line.
After entering the value on the graph

At any point on this line at the inter-

passes all points within the maximum
dissipation rating of the transistor. The

section of V.I the product equals 0.033
watt or 33 milliwatts. In determining
the points for the dissipation curve,
voltages are selected along the horizontal axis and the corresponding current
equated:

for the power dissipation curve, the
area to the left of the curve encom-

atea to the right of the curve is

the

overload region and is to be avoided.
The operating point is next determined.
A point that results in less than 33milliwatts dissipation is selected some-

IC

C

22 VOC

COLLECTOR TO MITER VOLTAGE

Fig. 11-1399. Amplifier circuit used for
load -line calculations.

Fig. 11-139C. Lead line moved to right
for maximum power output. Dotted lines
arc the original load line and operating
point.
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where near the center of the power

90

curve. For this example, 5 milliamperes

t 50

collector current at 6 volts, or a dissipation of 30 milliwatts, will be used.
The selected point is indicated on the
graph and circled for reference. A line
is drawn through the dot to the maximum co:lector current, 10 milliamperes,

IE WM

d 30
a
=

is

&

6

U

2

and downward to intersect the V. line
at the bottom of the graph, which, for
this example, turns out to be at 12 volts.

5

P3

20

50

CO

COLLECTOR VOLTS 'kg

Variation of
collector voltage.

11-140B.

Fig.

This line is termed the load line. The

with

C.

load resistance R,, may be computed:
dVcs

0 - 12

dk -0-0.01
12

= 0.0]= 1200 ohms
where,

IL is the load resistance,
dV,:e is the range of collector to emitter voltage,

dt; is the range of collector current.
Under these conditions, the entire load
line dissipates less than the maximum

value of 33 milliwatts, with 90 microamperes of base current and 5 milliamperes of collector current. The required base current of 90 microamperes
may be obtained by means of one of the
biasing arrangements shown in Fig.

tor; other types will have a similar family of curves, hut not of the same value.
11.140 How does the internal capacitance of a transistor affect its oporotionl-The paths of internal capacitance in a typical transistor are shown
in Fig. 11-140A. Since the width of the
p -n junction in the transistor will vary
in accordance with voltage and current,
the internal capacitance also varies.
Variation of collector -base capacitance

(C) with collector voltage and emitter
current is shown in Figs. 11-140B and
C. The increase in the width of the p -n
jnnction between the base and collector,
as the reverse bias voltage (V,:.) is increased, is reflected
tance values. This

in lower capaciphenomenon

is

equivalent to increasing the spacing between the plates of a capacitor. An in-

11-133.

crease in the emitter current, most of
which flows through the base -collector
junction, increases the collector -base
capacitance (Cen). The increased cur-

rent through the p -n junction may be
considered as effectively reducing the

To derive the maximum power out-

width of the p -n junction. This is
equivalent to decreasing the spacing
between the plates of a capacitor,
therefore increasing the capacitance.
The average value of collector -base

put from the transistor, the load line
may be moved to the right and the
operating point is placed in the maxi-

50 pF, depending on the type transistor
and the manufacturing techniques. The

Fig. 1 1-1 4 OA. Internal capacitance of a

transistor.

capacitance (Cr,.) varies from 2 pF to

mum dissipation curve, as shown in Fig.
11-139C. Under these conditions, an in-

crease in distortion may be expected.
As the operating point is now at 6.5
volts and 5 milliamperes, the dissipation
is 33 milliwatts. Drawing a line through

the new operating point and 10 milliamperes (the maximum current), the

90
60

Val. IV

Li
96'

3°
.4

voltage at the lower end of the load line
is 13.0 volts; therefore, the load impedance is now 1300 ohms. It should be

borne in mind, values shown on the
graph are for a particular type transis-

6
5

2

5

2

EMIT ER CURRENT IE Pam

Fig.

Variation of
emitter current.

1 1-1 4 OC.

Cell

with
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collector -emitter capacitance is caused

sponse may be designed to cover a spec-

by the p -n junction, and normally is 5
to 10 times greater than that of the collector -base capacitance, and will vary
with the emitter current and collector
voltage. For certain applications advan-

trum from 5 to 50,000 Hz. In amplifiers
using field-effect transistors, (VET)
bandwidths from 5 to 250,000 Hz have
been achieved. Generally speaking, the
high frequency limit of a diode or tran-

tage is taken of this effect for control

sistor is a function of the base thickness.

purposes.
11.141

Because of the wide frequency reHow is stability factor (SF)

calculated for transistors)-The current
through a transistor tends to increase
with temperature; therefore it is necessary in the design of transistor circuits

include a stability factor (SF) to
limit the current dissipation to a safe
to

value, under the expected highest operating temperatures. Stability is expressed as the ratio between a change
in dc collector current (1..) and the cor-

sponse of transistor amplifiers, precautions must be observed to prevent positive feedback (oscillation). Oscillation
may occur in the megahertz range, and
is often the cause of failure. By the use
of properly designed printed circuit
boards, oscillation can be prevented.
11.143 What type push-pull amplifier circuit is recommended for transistors?-One of the disadvantages of using
transistors class -A, either single -ended

current, with the emitter open circuit

or pnsh-pull, is that the collector current flows at all times, and dissipation

current (I4.1,0). For a given set of operating voltages, the SF can be calculated for a maximum permissible rise in

ent. This dissipation of power can he
greatly reduced by the use of class -B

responding change in dc collector cutoff

dc collector current from the ambient
temperature value:

$F = ,

1(41. - IrILO]

where,

and Li., arc measured at 25 degrees centigrade.
at the maximum expected ambiI,

ent or junction temperature.
is the maximum permissible
collector current for a specified collector -to -emitter voltage at the
maximum expected ambient or
junction temperature.

The maximum value SF can never be
greater than the value of beta. The stability from a feedback standpoint can
be increased by the use of decoupling
circuits in the power supply circuits,
much in the same manner as for vac-

is the highest when no ac signal is pres-

push-pull operation. To achieve the full
power output and economy of operation,

the transistors should be biased to full
cutoff. However, in so doing, a serious
distortion problem arises, as shown in
Fig. 11-143. Assuming that the transistors have identical characteristics, the
variation in the collector currents are
plotted against the base current under
normal load conditions.
The overall dynamic characteristics
are obtained by plotting individual
curves of the two transistors hack -to back, and combining them as shown.

Applying a sine wave to

the input,

COLLECTOR OUTPUT
CURRENT

uum tubes, discussed in Question 12.36.
11.141 What arc the frequency
characteristics of transistors used for

audio amplifiers)-As a rule, conventional transistors used for audio -amplifier application have bandwidths up to
4 MHz, the average being 1 to 2 MHz.
When connected in complex circuitry,
the response may be considerably reduced because of circuit capacitance

and other design factors. This is particularly true for high -power output
stages. If audio transformers arc used,
naturally the response is limited to the
frequency range of the transformers.
Using a well designed circuit and
mechanical layout, the frequency re-

*Our BASE
CURRENT

4

0

Fig. 11-143. Dynamic transfer character.
istics curves of a class -B, transistor pushpull amplifier with xcro bias, showing
the distorted output waveform.
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IGT is its extremely high input impedance, running to 10" ohms. IGT's have
three elements, but four connections.
The type elements arc the gate, drain,
and the source. The fourth connection

GATE

METALLIC
FILM

SOURCE

DRAIN

P SILICON

P SILICON
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goes to an n -substrate. The construction
consists of an n -type substrate, into
which two identical p -type silicon
regions have been diffused. The source
and drain terminals are taken from

these two p regions, which form

GATE INSI.LATOR
SILICON I:40%0E

N SILICON

Fig. 11-144A. Internal construction of
an insulated -gate transistor (IGT).

points of the input base current are
projected into the dynamic transfer
characteristics curve. Correspouding

points are then projected to form the
output collector -current waveform. It
will be observed that severe distortion
is generated at the crossover points,
where the signal passes through the
zero value. This is termed crossover
distortion or notch distortion, and increases in severity as the signal level
is

lowered.

Crossover

distortion

is

eliminated or greatly reduced by the
use of a small bias voltage on both transistors, resulting in a smooth crossover
(applies to both transistors and vacuum

tubes). In addition to the bias correction, negative feedback is used to further reduce the distortion. (See Question 12.230.)
11.144 Describe an

a

capacitance between the n substrate

and the silicon -dioxide insulator and
the metallic gate terminals. A crosssectional view of the internal construction appears in Fig. 11-144A, with a
basic circuit shown in Fig. 11-144B. Because of the high input impedance, the

IGT can easily be damaged by static
charges. Strict adherence to the manufacturer's instructions must be followed,
since the device can be damaged even
before putting it into use.
1GT's are used in electrometers, logic
circuits, and ultrasensitive electronic

instruments. They should not he confused with the conventional FET, used
in audio equipment and discussed in
Question 11.145.
11.145 Describe the basic principles

of a field-effect transistor (FET).-The
field-effect transistor, or FET as it is
commonly known, was developed by
the Bell Telephone Laboratories in 1946,

but was not put to any practical use
until about 1964. The FET is often

insulated -gate

transistor. IIGT) Insulated -gate transistors (IGT) are also known as a fieldeffect transistor (FET), metal -oxide
silicon or semiconductor field-effect
transistors
(MOSFET), metal -oxide
silicon or semiconductor transistors
(MOST), and insulated -gate field-effect

P TYPE N

+++

-

TYPE

+++++

Fig.

11-145A. Creation of depletion
region without bias voltage.
P -Type Pi- Type

transistors (IGFET). All of these devices are similar, and are simply names

applied to them by the different manufacturers.
The outstanding characteristics of the
Fig.

-20V

11-1456. Creation of depletion
region with reverse -bias voltage.
T.P,

AAA,

21(

22 meg

E

INPUT

1

)--

EtEiSUBSTRATt
SOURCE

Fig. 11-14 4 D. Typical circuit.

Fig. 11-145C. Effects due to increase in
bias voltage.
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signer's problems. The FET has a high

THICANESS

input impedance with a low output

LENGTH

MOTI11-

N- TYPE

Fig. 11-145D. Plain semiconductor bor.

Fig.

11-145E. Bar with gate added and
drain voltage applied.

ization, very little current flows but a
holes will be drawn toward the nega-

- TYPE

tive terminals of the voltage source, and
the electrons which are negative will be
attracted to the positive terminal of the
voltage source. This resnits in a region

FIELD

10 ---

being formed near the center of the
junction having a majority of the car-

vp

Fig.

holes which may also allow current to
flow (the reader is referred to Question
11-114 for the theory of holes and carriers in semiconductors.) Reversing the
voltage applied to the junction, Fig.
11-14513, and allowing time for stabilrearrangement of the electrons and
holes will occur. The positively charged

GATE

N TYPE

impedance; this characteristic caused it
to be likened to the vacuum tube.
The basic principles of the FET operation can best be explained by the
simple mechanism of a p -n junction.
The control mechanism is the creation
and control of a depletion layer, which
is common to all reverse -biased junctions. Referring to Fig. 11-145A, atoms
in the n -region possess excess electrons
which are available for conduction, and
the atoms in the p -region have excess

11-145F. Field increases with in-

crease of drain voltage.

near the junction where the carriers
have been removed are called the depletion region,.

GATE -

nn

POUNCE

riers removed. This is true for both the
p and n sides of the junction. The areas

0

0

= I4
S

1

/44

KS!

Fig.

T

11-145H. N -channel FET circuit.

N- TYPE
CHANNEL

GATE - 2

11-145G. Cross-sectional view of
the construction for a single- or double Fig.

gate FET.

quoted

as

being

the

semiconductor

Fig.

11.1451. P -channel FET circuit.

counterpart of the vacuum tube. The
principal difference between a conventional transistor and the FET lies in the

fact that the transistor
controlled device, while

is

a

current -

the FET

Is

voltage -controlled, similar to the vacuum tube. Conventional transistors also

have a low input impedance, which
may at times complicate the circuit de-

Fig.

11.1451. N -channel double gate
FET circuit.
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After stabilization, there will be an
equal number of holes removed from
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the n region. Thus, the distauce that
the depletion area extends from the
junction is the function of the relative
carrier densities. For purpose of illustration, it will be assumed that the n

amount developed toward the right end
of the p region. A reverse voltage across
the bar will produce the same depletion
regions. If the resistivity of the p -type
material is made much smaller than
that of the n -type material, the depletion region will then extend much
farther into the n material than into the

region has less electrons than the p re-

p

gion has holes. The depletion region

explanation, the depletion of p material
will be ignored.
The general shape of the depletion is
that of a wedge, increasing in size from
left to right. Since the resistivity of the
bar material within the depletion area
is increased, the effective thickness of

the p region as there are electrons from

must then extend further into the n
region to have the same number of
electrons as there are holes, and in a
much smaller volume of p -type material.
Increasing the reverse voltage causes

the depletion region to reach farther
into the semiconductor material. The

material. To simplify the following

the conducting portion of the bar be-

result of increasing the voltage is shown

comes less and less, going from the end

in Fig. 11-145C. Referring to Fig. 11-

of the p region to the right end. This
indicates the overall resistance of the
semiconductor material is larger, be-

145D, a simple bar composed of n -type

semiconductor material is shown, with
two nonrectifying contacts at each end.
As there is always a certain amount of

(R) between the two end
electrodes, (P) will be the function of
the material sensitivity, (L) the length
of the bar, (W) the width and (T) the
resistance

cause the effective thickness is being reduced. Increasing the voltage applied

to the ends of the bar (Fig. 11-145F)
extends the depletion region, and further decreases the resistance. Continu-

PL
R = -WT

ing to increase the voltage across the
ends of the bar, a point is reached
where the depletion region is
practically all the way through the bar,

By varying one or more of the variables
of the resistance of the semiconductor,

reducing the effective thickness to zero.
Increasing the voltage beyond this point
produces little change in current.

thickness. Resistivity may be equated:

the bar may be changed. Assume a p
region in the form of a sheet is formed
at the top of the bar shown in Fig. 11145E. This may be accomplished by
diffusion, alloying, or epitaxial growth,
and a p -n junction is formed. Thus, a
reverse voltage appearing between the
p and n material produces two depletion regions. Current in the n material
is primarily by means of excess electrons. Reducing the concentration of
electrons or majority carriers, the resistivity of the material is increased.

Because of the controlling action of
the p region, it is termed a gate. The
left end of the bar being the source of

Removal

to

of the excess

electrons by

means of the depletion region causes
the material to become practically nonconductive.

Disregarding the p region and apply-

ing a voltage to the ends of the bar
causes a current and creates a potential

gradient along the length of the bar
material, with the voltage increasing
toward the right, with respect to the
negative end or ground. Connecting the
p region to ground causes varying
amounts of reverse -bias voltage across
the p -n junction, with the greatest

majority carriers, it is termed the
source. The right end being where the
electrons are drained off, it is called
the drain. A cross-sectional drawing of
a typical FET is shown in Fig. 11-145G.
and three hasic circuits are shown in
Figs. 11-1451i to J. Double -gate FET's
are also in use. The chief advantage of
the FET is its low internal noise, simplicity of construction, and its similarity
a vacuum tube, which makes
it
highly desirable for voltage -amplifier

stages. One of the interesting character-

istics of a FET is its ability to operate
over a wide range of temperature. It
has been stated by one manufacturer
that FET's have been developed that
perform satisfactorily even when submerged in liquid nitrogen at a temperature of minus 200 degrees centigrade,
and have also been operated at a temperature of plus 150 degrees centigrade.
11.146 What is the procedure for
derating a transistor? - Ratings have
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Fig. 11-146. Dewing chart showing the maximum permissible percentage of maximum rated dissipation as a function of temperature.
established for transistors and
other semiconductor devices to prevent
the overloading and possible damage to
such devices, and have been defined by
the Joint Electron Device Engineering
Council (JEDEC) and the National
Electrical Manufacturers Association

establishing a new maximum dissipation

INEMA) and Electrical Industries As(EtA). Absolute maximum
ratings, electrode voltage, and current
ratings are the limiting factors. Tran-

has a maximum dissipation rating of 75

sistor dissipation is the power dissipated

line is drawn from the 100 -degree
point to the 200 -degree curve. The point

been

sociation

in the form of heat by the collector
element. It is the difference between

the power supplied to the collector and
the power delivered by the transistor to
the load. For many types of transistors
the maximum dissipation is specified for
ambient temperature, case, and heat sink temperature up to 25'C. If the
maximum operating temperature is to

be higher than that specified by the
manufacturer, the device must be de rated. This may be done quite con-

veniently by the use of the chart in
Fig. 11-146. Knowing the maximum dissipation rating and maximum operating
temperature, a vertical line is drawn at
the desired operating temperature on
the abscissa to intersect the curve representing the maximum operating temperatures specified for the particular
transistor. A horizontal line is drawn
from this intersection to the ordinate

for the device at the new operating
temperature.

As an example: The maximum permissible dissipation for a transistor at
a case temperature of 100°C is to be
determined. The transistor in question
watts at a case temperature of 25°C, and

a maximum permissible case tempera-

ture of 200 degrees. A perpendicular
is projected to the left and indicates a
percentage of 57.5. Therefore, the maximum dissipation for this particular
transistor at a case temperature of 100'
C is 0.575 times 75, or approximately
43.2 watts.
11.147
tion of a

Desctibe the basic construc

solid-state diode rectifier.Diodes are two element devices consisting of a pellet of either germanium
or silicon, using point -contact or junction construction. However, the majority of diodes manufactured at the
present time use the junction -type construction. A small diode pictured in Fig.
11-147

is used in radio and television

harmonic generators, frequency discriminators and many applications too numerous to mention. Diodes require no heater or filament and
have no contact potential, but have a
receivers,
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sively in many different types of equipment. (See Questions 11.148 to 11.155.)
Describe the characteristics

11.148
of

a

caner diode.-The zener diode,

named for Dr. Carl Zener,

is

a semi-

conductor equivalent of the gaseous
regulator tube discussed in Question

11-30. Whereas the gaseous tube regu-

lator is confined to a limited range of
voltage

operation, zener diodes are

available in a wide range of operating
voltages, ranging from 2 to several hundred volts, with large power -dissipation
capabilities.
Fig.

1 1-147. External appearance of
silicon or germanium diode.

A zener diode is a semiconductor
device with a substantially constant
a

high forward conductance, with a high
reverse or back resistance. Diodes that
will carry a few milliamperes up to
several hundred amperes over a wide

range of voltages are available. The diode concept is discussed in Question
11-114. Applying a positive voltage to
the plus terminal of the diode causes a
current through the junction and back
to the source. Reversing the voltage, the

current is blocked by the high back
resistance of the junction.

reverse -voltage characteristic over

a

wide range of reverse current or temperature. When the reverse voltage of
a semiconductor diode is increased, its
internal resistance remains at a high
value for a short time. When a critical
voltage is reached, the resistance falls
suddenly. The current flow up to the
critical point is on the order of microamperes; however, at breakdown it may

be several millamperes, or in the instance of a large diode, it may be several amperes.
The point of breakdown is termed
the zener or avalanche point (see Ques-

The conduction characteristics of a

tion 11.149). Once this point is reached,

silicon diode differ from its counterpart,

the voltage drop across the diode remains fixed, and the current changes
only if more voltage is applied. The
breakdown of a diode should not be
construed as damaging, as such diodes
are designed to be operated in and out

the germanium diode. Silicon diodes
have unusually high back resistance,
thereby passing a much lower reverse
current. As an example, a 1N251 silicon
diode passes in the reverse direction
only 0.2 microampere at 10 volts. Applying the same voltage to a 1N34 germa-

nium diode of similar characteristics,
50 microamperes of current are passed
in the reverse direction. However, germanium diodes are employed exten-

of the breakdown region without damage or a change in their characteristics.
In this manner the diode may be used

to provide a constant voltage drop or
reference voltage across its internal resistance.

tintAxoentrn
REGION

Fig

11-148A. Zener forward and reverse

current characteristics.

Fig. 11-1488. Voltage -regulator circuit
using a

diode.
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FOR CONSTANT LOAD CURRENT BUT VARIABLE
INPUT VOLTAGE,

WHERE,

R, 15 THE SCR,C5 RESISTOR

EslMIN)- ER

Es LS THE SOURCE VOLTAGE

R,

ER IS THE REGULATOR VOLTAGE

iR IS THE REGULATOR CURRENT
IL LS THE LOAD CuRRENT

eauraxi (Es(1.1AX.I-ER
R,

PR IS THE REGULATOR POWER DISSIPATION
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LOAD CURRENT
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THE ABOVE EQUATIONS ALLOW A TOLERANCE
OF 0% TO COMPENSATE FOR LOAD
REGULATION IF BREAKDOWN IMPEDANCE IS
A SIGNIFICANT PERCENTAGE OF THE VALUE

Of R. THIS MUST BE TAKEN NTO
A HZ*. IMPEDANCE SOURCE
PRESENTS ADOITIONAL PROBLEMS
AND MUST BE CONSIDERED IF IT IS
5 GMT tC.ANT COMPARED TO R,
CONSIDERATION

(

PR (mAX 1

41,1--"- ER

It (IAN 1) ER

11-148C. Equations for designing zener-diode regulator circuit of Fig. 11-1488.

Fig

Zener diodes may be constructed
using germanium or silicon, with point contact or junction construction. How-

ison, a 2N251 silicon diode passes in the
reverse direction only 0.20 microampere

at 10 volts, while a germanium diode

ever, the majority are of the junction

type 1N34 passes 50 microamperes for

type. The conduction characteristics of

the same voltage.

the silicon diode differ from its counterpart, the germanium diode Silicon
diodes have unusually high back resistance, passing much lower reverse
current than the germanium diode. A

A voltage regulator circuit, employing a silicon diode is given in Fig. 1114811. It can be seen that a relatively

typical plot of the conduction characteristics for a germanium and silicon diode
is shown in Fig. 11-148A. As a compar-

small increase in voltage across the diode causes a large increase in current
through resistor RI, thus increasing the
voltage drop. This voltage drop across
RI effectively maintains a constant volt -

11-148D. Zener-diode regulator
circuit using o two -stage regulator.

Fig.
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11-148F. Breakdown impedance
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11-148G. Temperature coefficient

Fig.

11-148H. Typical zener deroting

versus senor colts

curves.

age across the load. The value of re-

curacy. In a silicon reference diode, the

sistor R1, regulator current, and power
rating, is given in the equations in Fig.
variations of input and output load

reverse current remains quite small
until the breakdown voltage point is
reached, then increases rapidly with
little fnrther increase in voltage. The
breakdown point being the function of

voltages. Extreme variations may require the addition of a second diode

the semiconductor material and its construction, it can be controlled in man-

regulator as shown in Fig. 11-148D.
Breakdown impedance offers a reasonable measurement to the diode's
ability to maintain a nearly constant
breakdown voltage, and, consequently,
its regulation characteristics. The breakdown voltage and current for a 1 -watt
7.5 -volt regulator diode is plotted in
Figs. 11-148E and F respectively. Varia-

ufacture to supply

11-148C. The circuitry shown will coin-

pensate for the normally encountered

a

given voltage

ranging from one to several hundred
volts, at various current and power ratings and the cooling method used. De-

sign procedures for zener diodes are
given in Question 21-118.
11.149

Define the term "avalanche"

as applied to semiconductor devices.-

tions with temperature are shown in
Fig. 11-1480 for a range of 5.6 to 100
volts. The curve, as will be noted, is

Avalanche is the breakdown point in a
semiconductor material caused by the
multiplication of the carriers through
ionization, and is termed the avalanche

quite constant above 50 volts, then
changes rapidly at the lower voltages.

point. The avalanche point was pro-

Silicon diodes are rated relative to
their case temperature, therefore the
manufacturer's data sheet should be
consulted and the diode derated accordingly. Typical derating curves are

In the early development stages of
the zener diode, it was believed the

posed by McKay, and elaborated on by
many others.

given in Fig. 11-148H. Stud -type diodes
require cooling fins to dissipate the

breakdown was due to the Zener effect,
thus its name. However, it is now
thought that both the Zener effect and
avalanche are operative, with the latter

heat. Cooling fins will dissipate about
8 milliwatts per square inch, per degree
centigrade. Therefore, a 10 -watt regu-

process being the most predominant,
especially at voltages greater than 6
volts. Zener diodes are sometimes re-

lator diode operating close to maximum
rating would require an area of
10/0.008 X 60 x 20 square inches to limit
the rise to 60 degrees centigrade. Since

ferred to as avalanche diodes; however,
the name zener diode prevails.

both sides of the fins radiate, the dimensions would be approximately Ws
inches by 1;o -inch thick.

Zener diodes are also used as reference voltage devices and arc quite useful in voltage -regulated power supplies
or any place requiring an accurate

source of reference voltage. The standard tolerance for voltage -reference
diodes is plus -minus 10 percent, but
may be obtained for 1 and 5 percent ac -

Both the inverse -peak voltage and
avalanche point increase with temperature; therefore, as a safety measure the
circuitry is designed for an inverse peak voltage about 20 to 25 percent

lower than the breakdown voltage of
the diode. Manufacturers take advantage of these characteristics, using doping techniques to control the resistivity,
thus controlling the breakdown -voltage
point and operating temperature.
71.150

Describe the basic principles

of a silicon controlled rectifier (SCR).-
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Silicon controlled rectifiers (SCR) are
semiconductor devices that may be used

as a latching static switch, a sensitive
amplifier, a controlled rectifier, and
many devices where the precise control

of output current is required. An SCR
may be turned on in 1 to 4 microseconds and turned off in 10 to 20
microseconds. Units with current capabilities of 5z ampere to several hundred
ALUMINUM

CATHODE GATE

N - L AYER

MOLYBDENUM

GOLD - ANTIMONY
SILICON

STUD
( ANODE I

Fig.

the

ALUMINUM

MOLYBDENUM

11-150A. Cross-sectional vicw of
interior construction of a silicon
controlled rectifier (SCR).

amperes are available with comparable
voltage ratings. The basis of the SCR

is a disc of four alternate layers of nand p -type silicon (Fig. 11-150A). Besides the two terminals of the conventional diode (a cathode and anode),
the SCR has a gate terminal for controlling the conduction cycle. A cutaway view of its interior construction is
shown in Fig. 11-150B.

Referring again to Fig. 11-150A, to

the silicon junction against
thermal and mechanical injury, the silicon discs arc braised between plates

protect

of molybdenum or tungsten. These
plates have the same coefficient of expansion as the silicon. In the small lead -

mounted type SCR, the bottom plate
acts as the base of the housing enclosure. In the larger types, above 1
ampere, the bottom plate is soldered to
a copper stud which acts as the anode
terminal and a thermo path for the heat
losses to the outside ambient temperature. For this reason, the stud is usually
screwed into the base of a cooling fin or
heatsink, as shown in Fig. 11-159B.
The operation of the SCR may be explained as follows. On the forward blocking region of the characteristic, in-

creasing the forward current does not
tend

to increase the current until

a

point is reached where avalanche multiplication begins. Beyond this point, the
current increases rapidly until the total
current through the device is sufficient
to maintain itself. At this point, the SCR.

will go into high conduction, provided
the current through the device remains
greater

than

the

minimum

current,

called the holding current. If the current through the device drops below
the holding current, the SCR will return to the forward -blocking region
again. In the reverse direction, the SCR
has essentially two back -biased p -n
junctions in series, so that it exhibits

Fig. 11-150B. Interior view of a silicon controlled rectifier ISCR) as manufactured
by General Electric Co.
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Fig. 11-1 SOC. Firing circuit fora silicon
controlled rectifier. (SCR)

Fig. 11-150D. Symbol for a silicon controlled rectifier.

characteristics very similar to the ordi-

into consideration. The subject is discussed more fully in Section 21.

nary hack -biased silicon rectifier.

A simple method of obtaining gate

11.152

Describe the basic principles

current for firing an SCR from the main
ac supply whenever the anode is positive with respect to the cathode is
shown in Fig. 11-150C. As soon as the
SCR 2N681 has fired, the anode voltage
drops to the conduction value and the
gate current decreases to a low value.
Resistor R1 limits the peak gate current

of a tunnel diode.-Tunnel diodes are

and has a value greater than the ac peak

diode. Such high conductivity is obtained by increasing the amount of
donor and acceptor impurities in the
semiconductor material during its for-

voltage divided by two amperes. The
1N1695 diode in the gate circuit is provided to prevent reverse voltage from
being applied between the cathode and
gate during the reverse half of the
cycle. If desired, the diode may be connected between the gate and cathode

rather than in series with resistor Rl.
Conduction

in

initiated

by

closing

switch Si. Interruption of the load current occurs within one half cycle after
opening switch SI.
11.151 What factors determine the
selection of a silicon or selenium rectilier?-The selection of a suitable recti-

fier depends on a number of factors,
namely the voltage and current requirements, temperature range of operation, and the space availability. In ad-

dition, the type circuit and equipment
it is to be operated with must be taken

two -terminal semiconductor devices
consisting of a single p -n junction. The

basic difference between the conventional diode and a tunnel diode is in its
conductivity. The p -n material used in
tunnel diodes has a conductivity of over
1000 times greater than the conventional

mation.

The tunnel diode takes its name from

the tunnel effect, a process wherein a
particle can disappear from one side of
the barrier and reappear on the other
side instantaneously, as though it had
tunneled through the barrier clement.
Such devices are used at very high frequencies in radio receivers, in computers, and in many other devices. An interior view of a typical tunnel diode is
pictured in Fig. 11-152. Although three
leads are shown coming from the base,
only two terminals are connected to the
diode; the third lead is connected to the

case for grounding. The tunnel diode
was first introduced in 1959, by General
Electric.

Fig. 11-152. Interior view of a tunnel diode. (Courtesy, General Electric Co.)

THE AUDIO CYCLOPEDIA

516
11.753 What is the rectifying efficiency of silicon diodes?-Because of

the high forward -to -reverse current of
the silicon diode, the efficiency is on the

If the instantaneous voltage is not
equally divided, one of the units may be
subjected to a voltage exceeding its
rated value.

order of

99 percent. When properly
used, silicon diodes have long life and
are not affected by aging, moisture, or
temperature when used with the proper
heat sink.

Uniform voltage distribution can be
obtained by the connection of capacitors
or resistors in parallel with the in-

dividual rectifier unit. Shunt resistors
are used for steady-state applications,

11.154 Can diode rectifiers be connected in series or parallel?-Yes, the

RESISTOR OR INDUCTOR

connection of several diodes in series is

permissible when the applied voltage
exceeds the peak -inverse voltage (PIV)

for a single unit. As an example, four
individual diodes of 400 -volts PIV may

AC INPUT

be connected in series to withstand a
PTV of 1600 volts. In a series arrangement, the most important consideration

is that the applied voltage be equally
distributed between the several units.
The voltage drops across each individual unit must be very nearly identical.

Fig. 11-154D. Diode rectifiers connected
parallel, with series resistances or
small inductors.

in

605 EACH

*

1505 EACH.

4*

AC INPUT

St.

Fig. 11-154A Diodes connected in series, with balancing resistors connected across
each rectifier.

0AC INPUT

Fig.

11-1546. Diode rectifiers connected in series, with capacitors connected in
parallel to reduce the effect of transient voltages.

AC INPUT

Fig. 11-154C. Diode rectifiers connected in series, with both resistors and capacitors
in parallel to equalize voltage distribution and transient effects.

VACUUM TUBES, TRANSISTORS AND DIODES

51

and shunt capacitors are used in appli-

tors. The junction in a hot carrier diode

cations where transient voltages are
expected. If the circuit is exposed to
both dc and ac, both shunt capacitors

is made to be rectifying rather than
ohmic -resistant through

and resistors should he employed.

When the maximum current

of

a

choice of

materials, with suitably related work
functions. In diodes thus formed, current occurs mainly by means of majority carriers. When the diode is forward

a

single diode is exceeded, two or more
units may be connected in parallel. To

biased, the majority carriers injected
into the metal have a much higher

avoid differences in voltage drop across

the individual units, a resistor or small
inductor is connected in series with
each diode. Of the two methods, the
inductance is favored because of the
lower voltage drop and consumption of

energy level than those

power. Parallel arrangements should be
avoided if possible, by the employment
of polyphase circuits or the use of recti-

many other uses, particularly at high
frequencies. A cross-sectional view of

covery time, arid are used for fast
switching circuits, detectors, mixers and

its construction is given in Fig. 11-155.
11.156 What is a hide semiconductor?-it is a three -lead, eight -element semiconductor developed by RCA,
that passes both halves of the ac waveform when properly triggered. It is similar to an SCR, the difference being the
bi-polarity of the Triac assembly, which
amounts to having two SCRs back-toback. The construction of the junctions
and an experimental circuit are shown

fier units large enough to handle the
required current.
Series -resistor values will vary with
the current ratings of the diodes; however, resistors ranging from 1 to 10
ohms arc the usual value, with the dc
resistance of series chokes held to
ohm or less. The four methods of connection are given in Figs. 11-154A to D.
1

11.155

that are in

thermal equilibrium with the metal.
Such diodes have extremely rapid re-

What ore hot carrier diodes?

-The hot carrier diode is distinguished
from the more conventional semiconductor devices in that the junction consists of a metal and a semiconductor
rather than two different semiconduc-

in Fig. 11-156.
11.157 Describe the construction
and characteristics of a thermistor.-

Thermistors are thermally sensitive resistors whose primary function is to exhibit a change in electrical resistance

VIR1SNER

with a change of body temperature
They arc passive semiconductors, with
their electrical resistance being between

N- TYPE

EiNTAVAL
SILICON

METAL

that of a conductor and an insulator.
An important characteristic is their extreme sensitivity to relatively minute
temperature changes. While most metals

have small positive coefficients of rethermistors exhibit a wide
range of either negative or positive
temperature coefficients. This unique
characteristic permits them to be used
in electronic apparatus for control of

sistance,
N SUBSTRATE

CCNT AC'

Fig.

11-155. Cross-sectional view of
hot carrier diode construction.

o
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Fig. 11-156. A trio< three lead, 8 -element semiconductor switch for controlling the
intensity of a light bi,lb or other devices. (Courtesy, Radio Corporation of America ;
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Pcc

OUTPUT

R2
INPUT

RS

Fig. 11-157A. Thermistor manufactured
by General Electric Co.

Fig. 11-1578. Thermistor used for temperature compensation in

a

transistor

circuit. A thermistor with a negative
voltage and current. A typical thermistor, manufactured by General Electric
Co., is shown in Fig. 11-157A.
Thermistors are widely used in transistor circuitry for voltage -temperature
compensation, particularly in bias circuits, as seen in Fig. 11-157B. Here a
transistor is connected in parallel with
a

resistor R3 for control of the bias

voltage, or it may be connected in the
emitter circuit for stabilization. The
characteristics for parallel and series
connection are shown in Fig. 11-157C,
with their change in resistance for a
change in temperature in Fig. 11-157D.

coefficient

temperature

may

be

con-

nected in parallel with R3, or one with
o

positive

temperature

coefficient

in

place of R6.
The standard reference temperature for
thermistors is 25°C. Thermistors are
manufactured in a variety of sizes and
shapes, such as rods, cubes, washers,
discs, beads, etc.
11.758 Describe a

surge or transient -voltage suppressor.-Silicon rectifiers are sensitive to voltage, and over voltage conditions for even a short pe-

riod of time can cause their failure.
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Fig. 11-157C. Temperature versus resistance for parallel series connection.
(Courtesy, General Electric Co.)
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Fig. 11-157D. Resistance in ohms versus
change in temperature. (Courtesy, General Electric Co.)
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suppressors may be used in either ac
or de applications. Polarized suppres-

transient peaks far in excess of the
normal input, and are frequently the
cause of rectifier failure. As a result,

sors can be used only in

voltage suppressors or clippers arc used

devices with nonlinear reverse char-

impedance discharge path for a collapsing field. Nonpolarized suppressors will
clip transient voltages to approximately
twice the peak -inverse voltage ratings.
Nonpolarized suppressors with low impedance in the nonblocking direction

acteristics. The thick dielectric barriers,

will clip to very low voltage values.

to

increase the reliability of rectifier

units, without affecting the circuit operation.

Transient suppressors are selenium

large area dissipation, and the polycrystalline structure make them capable of handling transient peak voltages

of two orders of magnitude or more,
above their steady -slate rating, and for

in -rush currents far in excess of normal densities. The characteristics for a
typical

nonpolarized

suppressor

are

shown in Fig. 11-158A. The similarity
of wave shape on both halves of the
input circuit will be noted. The characteristic for a polarized suppressor
are shown in Fig. 11-158B. Nonpolarized

tic circuits,
with the suppressor in a normally nonconducting state, but offering a low -

The most common cause of transients

is when a switch is opened in the load
side of a rectifier circnit at nearly the
maximum instantaneous current, generating a high voltage. The peak of the
voltage spike can be hundreds of times
the peak of the steady-state voltage. In
this case, the suppressor is connected
across the inductance. In rectifier circuits where only the primary circuit of
the transformer is broken, the suppressor is connected across the transformer
primary. The recovery time for the suppressor is within microseconds. Typical
devices of this nature are the Klipvolt,
manufactured by Sarkes-Tarzian Inc.,
and Klip-Scls, manufactured by the
International Rectifier Corp. The use
of such devices is discussed in Section
21.

100

50

0

0

0

0

11.159 Describe the different type
heat sinks used with semiconductor de-

rives. ---Two types of heat sinks used
with semiconductor devices arc shown
in Fig. 11-159. The units in part (a) arc
used with small low -power transistors,
and are smaller in diameter than a
dime. The large unit shown in part (b)

31

is used with high -current silicon diodes

(a) Nonpolarized.

where considerable heat must be dissipated. The stud of the diode unit is

3

screwed into the center piece of the
heat sink. Heat -sink design is discussed
in Questions 21.125 to 21.127.

100

30

0j0

50

100

I 0

11.160 What are steering diedestDiodes connected in a circuit for the
purpose of permitting circuit operation

only when the actuating signal is of a
given polarity. In Fig. 11-160 is shown
a steering diode connected in the input

of a transistor amplifier to allow the
z

circuit to respond only when a positive -

going signal is applied to the input. If
negative -signal operation

(b) Polarized.

is

required,

the diode polarity is reversed.
11.167

Describe

a

photo let

or

Fig. 1 1-1 5 8. Typical reverse characteris-

phototransistor.-A photofet is an epi-

tics for surge suppressors.

taxial semiconductor photocell, using a
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Fig. 11-160. Steering diode connected in

the input of a device for permitting its
operation

only

from

a

positive -going

signal. For negative-signol operation the
polarity of the diode is reversed.

To state it simply, a given amount of

incident light generates a proportional
amount of gate current, known as a h

(a) Small heat sinks used with diodes
and transistors Thctr diameter is less
than a dime.

Thus. the gate junction acts as a current generator and will continue to deliver the same amount of current, regardless of the load, for a fixed source
of illumination. It is claimed for such
devices that the sensitivity is greater
than 10:1 over conventional bipolar
photosensitive devices, with 4:1 in-

creases in bandwidth. Such devices are
used
and

for high-speed switching, logic.

for many other various control

functions.

A circuit suitable for a light -controlled attenuator is shown in Fig. 11-161.
The circuitry is designed to take advantage of the photofet's ability to
function as a variable resistor. Here,
drain -to -source resistance is a
function of the light input obtained
from a small incandescent lamp The
bias voltage is adjusted for the desired
the

drain -to -source resistance under quiescent conditions The spectral response
extends from 9000 to 12,000 angstroms.

with maximum sensitivity occurring at
9500 angstroms. The recommended light

source is a tungsten lamp operated at
2000 degrees Kelvin color temperature.
(b) Large heat sink for use with heavy current diode rectifiers. The stud of the
diode is screwed into the center fin of
the sink
Fig. 11-159 Conduction -type heat sinks
used for cooling diodes and transistors.
(Courtesy, Wakefield Engineering Co.)

field-effect transistor, manufactured by
Crystalonics Inc. Incident light is focused on the gate element of the FET
through a lens, an integral part of the
device. When light strikes the gate area,
the electrons on the outer valence of the

impurity atom are excited and flow
out of the junction through the gate.

fl,AS

Fig. 11-161 Control circuit for a remote
light -operated attenuator using a photofet manufactured by Crystolonics Inc.

To distinguish the photofet from a conventional

transistor, two arrows
placed above the gate.

Ore
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Fig. 11.162. Typical schematic circuit for a monolithic integrated amplifier similar
to that used in operational amplifiers.

Because of the light sensitivity of
certain semiconductor materials, it is
necessary to encase the standard transistor in an opaque container. If this is
not done, it is possible to pick up hum

from lighting fixtures. This effect has
been observed when painted plastic envelopes are used and the paint has become scratched. (See Question 19169.)
pt
/1.162 Describe the basic

of an integrated circuit (IC).-It

is a

combination of active and passive semiconductor components fabricated on a
single semiconductor chip. The internal
components may consist of several (ran-

sistors, diodes, and resistors. External
reactive components can be connected

to the internal circuits to form amplifiers, oscillators, and a multiplicity of
devices. Negative feedback is generally
induced for stability. Integrated circuits
are employed in operational amplifiers,

although they may also be used for
other purposes.
A typical schematic circuit for

a

monolithic integrated circuit similar to
that used in operational amplifiers is
given in Fig. 11-162. Operational amplifiers arc discussed in Questions 12.196
and 12.261.
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Section 12

Audio Amplifiers
The subject of audio amplifiers seems to be endless because of the many designs

arid functional aspects. In this Section both theoretical and practical amplifier
circuits are given for semiconductor and vacuum tube types, with simplified design
equations. Resistance and transformer coupled amplifiers with different types of
negative feedback are explained. The latter are the outgrowth of the research of
H. S. Black, I. G. Wilson, and others.
Of special interest to the audio engineer will be the discussion of semiconductor
ac and dc operational amplifiers suitable for adoption to sound mixer console
design. Covered are such items as compressor amplifiers, graphic equalizers, high and low -frequency equalizers, bandpass filters, oscillators, mixer and line amplifiers, and many others. Also discussed are field-effect transistors (FET's) and the

possibility of their direct use in place of vacuum tubes.
voltage drop across the
a steady
plate -load resistor. If an instantane-

12.1
What is a resistance -coupled
amplifier? --One of the most widely
used methods of coupling vacuum tubes
is by means of resistance coupling. Resistance -coupled amplifiers are char-

is

ous positive -going signal is applied to

the control grid, the plate current will

acterized by their simplicity of design,

increase. This causes the steady plate
voltage to increase in a negative direc-

construction, wide frequency range, and

tion (voltage drops at the plate) and

their low cost of manufacture. In addition, they are less snsceptible to hum
and noise pickup from surrounding

generate a negative signal voltage at

electrical

fields

and

are

the plate. Now, if an instantaneous negative -going signal is applied to the control grid, the plate current decreases
and the voltage at the plate increases in

especially

suited for use with high -mu triode and
pentode tubes. A typical two -stage rasistance-capacitance coupled amplifier
is shown in Fig. 12-1A.
12

a positive direction, thus generating a
positive signal.
When applying a sine -wave signal to
the control grid, the voltage at the plate
will rise and fall in accordance with the
signal at the control grid, but it will
be reversed 180 degrees. Therefore, if
the tube is not driven into overload the

It will be noted that a load resistor
is connected in the plate circuit of

tube VI and is used for developing the
signal voltage for the following stage.
The developed signal is conducted from

signal at the plate will be an inverted

the plate of V1 to the control grid of
V2 through the conpling capacitor C.
A grid resistor R, returns the control

replica of the signal voltage at the control grid, but of greater magnitude depending on the amplification factor of
the tube. The quiescent plate current is
selected for a value in the most linear
portion of the plate -current character-

grid of V2 to ground. The sole purpose
of the coupling capacitor C is to isolate

the control grid of V2 from the high
positive voltage on the plate of VI.
When a tube in a static or quiescent
state (no signal) is connected to the

istic. (See Questions 11.52 and 12.101.

As a rule, resistance coupled amplifiers are designed to use self -bias; that
is, they have a resistance Rs connected

proper grid, cathode, and plate resistors
(screen resistor if a pentode is used),

and supplied with plate voltage, there

in
523

the cathode circuit through which
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'PUT

ca.
Fig. 12-1A. A two -stage, resistance - capacitance coupled triode amplifier.

rent through resistor R. to the plate

dropping resistor R., and the screen grid bypass capacitor
12.2 What are the symbols used

causes the cathode to become positive,
with respect to the ground, by the

for the design of resistance -capacitance
coupled amplifiers?

amount of the voltage drop across R.
The control grid of VI is returned to
ground through the grid resistance R.
which places the grid at ground potential. This makes the control grid negative with respect to the cathode by the

C (C.)

the

plate

and

screen -grid

(pentode

tube) currents pass. This flow of cur-

amount of voltage drop across the cathode resistor R.. This same reasoning is

also true for the control grid of V2.
Large values of capacitance are connected across the cathode resistors to
provide a low impedance path for the
signal voltage in the cathode circuit to
ground.

In multistage amplifiers, decoupling
circuits consisting of capacitors C., and

resistor R, are connected ut the plate
circuits of each amplifier stage to prevent common coupling of the tubes
through the power supply.
A two -stage resistance -capacitance
coupled

amplifier using

pentodes

is

shown in Fig. 12-1B. The circuit is
similar in design to Fig. 12-1A, except
for

the addition

Niue

of

the

screen -grid

Cs

Coupling capacitor between stages
Cathode bypass capacitor

C,,(C.,)(C..)Screen-grid
EA.
E,.

E..

bypass

pacitor
Supply voltage
Actual voltage
plate
Actual voltage
screen grid
Plate current

ca-

at

the

at

the

L. (I.r)

Screen grid current

R.

Cathode self -biasing resistor

R..(R,.)(R.,)Sercen-grid dropping resistor

Grid resistor
R,. (Ri.) (R,,) Plate load resistor
E.,, (E..)
Signal voltage at the conR.

V.
E.

trol grid
Voltage gain of the stage
Output signal voltage

Variations of these symbols arc given
in parentheses. (See Question 11.34.)

CUT KJ T

Fig. 12-18. A two -stage, resistance -capacitance coupled pentode amplifier.
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12.3 What ore the gain -frequency
characteristics of a resistance -capacitance
coupled amplified-Generally
speaking, resistance -capacitance cou-

pled amplifiers have three sets of frequency characteristics. They arc: low,
medium,

and

frequency.

high

With

proper design the frequency response

may be made quite uniform over a
range from direct current to several
Resistance -coupled amplifiers for audio use arc designed to cover
a frequency range from 10 to 20,000 Hz
and above. (See Question 12.6.)

megahertz.

12.4

Fig. 12-4. The dc voltage distribution in
a resistance -coupled amplifier.

What are the factors governresistance -coupled
a large voltage

From this illustration it may be
readily seen that with a 300 -volt sup-

gain in a resistance -coupled amplifier

ply, increasing the plate -load resistance
to a high value results in an excessive
voltage drop across the load resistance,

ing

the gain

of a

amplified-To obtain

stage, the plate -load resistor R. must
have as large a value as is practical
The higher the value of the plate -load

and that for a very high value of re-

resistance. the greater will be the dc

sistance, the supply voltage would have

voltage drop across it and the lower

to be increased to a value out of proportion to the small amount of in-

will be the actual voltage at the plate
of the tube. Therefore, there is a prac-

tical limit to the value of the load resistance.

The dc voltage drop across the plate -

load resistor must he subtracted from
the supply voltage E.. to arrive at the
actual value of voltage at the plate of

the tube. If the value of the load rehigh, only a small portion

sistance is

of the supply voltage is available at the

plate. This may be too low for proper
operation.

Fig. 12-4 illustrates how the supply
voltage is distributed in a triode resistance -coupled amplifier. It will be noted
that for a supply voltage of 300 volts
and a plate -load resistance of 30,000
ohms, 180 volts of the supply voltage is
lost in the dc voltage drop across the
load resistance and only 117 volts ap-

creased gain achieved by increasing the
plate -load resistance.
12.5 What is the relationship between gain and the value of plate -load
resistance?-Under the best conditions,

only about 80 percent of the tube amplification can be attained. This relationship is shown in Fig. 12-5. It will
be noted that, after a certain value of
resistance has been reached, the gain
increases very slowly and never quite
reaches the full amplification factor of
the tube.
72.6 What is the variation in the
frequency characteristics for different

values of plate -load resistance?-Typical gain -frequency characteristic curves
for a resistance -coupled amplifier using
different values of plate load are shown

with 3 -volts drop across the cathode

in Fig. 12-6. As will be seen, the frequency response falls off at both the
high and low frequency ends as the

resistor R..

plate -load

pear between the cathode and the plate,

10

resistance

is

increased. A

0

y75
14

70
25
0

100K

ZOOK

300K

400K

500K

0.Ur LOAD - 010.15

Fig. 12-5. Voltage amplification versus lood resistance for a triode having a plate
resistance of 10.000 ohms, on amplification factor of 10, and a transconductance
of 1000 micromhos.

THE AUDIO CYCLOPEDIA

326

a

rags

TO GPO OP

If

so

I 004

506

0 am
c

t

STAR

5004

A

0,

02

03 04 05

Ia

*6
Fig

12-6. Variation in voltage gain of
an RC coupled amplifier for different
Fig.

RC

1241. Equivalent circui for a triode
coupled amplifier at the mid frequencies.

values of R..

wide frequency response can on:y be
obtained with low values of plate load
resistance and at the expense of gain
12.7 What factors affect the gain
at the lower frequencies in a resistance coupled amplifier?-Referring

to

Fig.

12-1A, a loss of gain at the low fre-

small. In Fig 12-8 (an equivalent circuit) the coupling capacitor has been
omitted as its reactance is negligible
and may be considered to be a short
circuit. Under these conditions, all the
voltage (E.,,) developed across the
plate -load resistor R, is delivered to
the following stage, resulting in a uni-

quencies is caused by the high reactance of the coupling capacitor C The
equivalent circuit for a single stage,

form frequency response.
12.9 What ore the gain -frequency

triode, resistance -coupled amplifier is
shown in Fig. 12-7. At the low fre-

in a resistance -coupled amplifier? -The
high -frequency response falls off because of the interelectrode capacitance
of the tube and the distributed capacitance of the tube socket and associated
wiring. These capacities are considered

quencies, the signal voltage across It,
appears across the series combination
of capacitor C and the grid resistor R,,
which is applied to the input of the following stage (siE, represents the vacuum tube.)
The lower the frequency, the higher
becomes the reactance of the coupling
capacitor C and more and more of the
signal voltage developed across R, appears across the capacitor C. Therefore,
less voltage is applied to the grid of the

following stage because of the voltage

divider action of R, and C. The best
low -frequency

response

is

obtained

when the coupling capacitor C is large
in value, so that its reactance is negligible at the lowest frequency to be
amplified.
12.8 What are the gain -frequency
characteristics at the midfrequencies in
a resistance -coupled amplifier?-At the
midfreqnencies little or no frequency
discrimination is noted because the reactance of the coupling capacitor C is

characteristics at the high frequencies

to be in shunt with the plate and control -grid circuits and act as a low -impedance path to ground at the higher
frequencies. (See Fig. 12-9.) As the
frequency increases, the reactance of
the shunt capacitance C. becomes less
and less, eventually reaching a value

equal to that of the load resistance R,
As a result, the impedance is lowered,
a lower voltage is developed across the
load resistor R,, and thus less voltage
appears across the input of the following stage. Therefore, the gain falls off
as the frequency Is increased. Because
the reactance of the coupling capacitor
is small at the high frequencies, it may
be considered to be out of the circuit.
12.10 What is the equation for calculating the amplification of a resistance -coupled amplifier stage at the mid -

Osko.

TO Pao or
ECrffiNG
STAGE

01.1.CWING
STAGE

Fig. 12.7 Equivalent circuit for a triode
RC coupled amplifier at the low fre-

Fig. 12-9. Equivalent circuit for a triode
RC coupled amplifier at the high fre-

quencies.

quencies.
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frcquencies1-The general equation for
4 triode tube is:
R.

A=

r.

where,

R,

R, is the plate load resistor,
r. is the plate resistance of the tube,
is

the amplification factor of the

frequencies?-The gain of a resistance coupled amplifier at the .ow frequencies
is more difficult to compute because the
reactance of the coupling capacitor to
the second stage must be included. The
amplification at the low frequencies for
a triode tube may be computed:

tube.

1

A

The foregoing equation will give the
gain of the tube when the plate -load
resistor R,. is not shunted by the grid
resistance R, and coupling capacitor C
of a second stage. If the plate resistor
R, is shunted by the components of a
second stage, this must be taken into
consideration when computing the gain.
The equation is then written:
R..

A

-

e, -4-

where,

1/1

(X-/FL)n

where,

X, is the capacitive reactance of the
coupling capacitor C at the lowest
frequency to be passed by the amplifier.
R., is the equivalent resistance of the
plate load resistor R, in parallel
with the reactance of the coupling

capacitor in series with the grid
resistor R, of the second stage.

An equivalent diagram for the fore-

Ls15

going equation is shown in Fig. 12-11.

r, is the plate resistance of the tube,
R., is the equivalent resistance of the
second stage grid resistor R, and
the coupling capacitor C, in parallel with the plate load resistor R,.

The reactance of the coupling capacitor C increases with a decrease of
frequency arid is in series with the grid
resistor R. of the second stage. The
control grid of the second stage is fed

A practical example using the above

from the junction of these two circuit

equation would be: Assume a triode is to he operated using a plate -load

elements; therefore, less signal voltage
is applied to the secoud stage control

resistor R. of 47,000 ohms. The plate

grid as the frequency is lowered, because of the voltage -divider action of

resistance of the tube is 7700 ohms and

the mu is 17. If the grid resistor R, of
the second stage is several times the
value of the plate load resistor R., only
the value of R. need be considered. The
reactance of the coupling capacitor C, is

these two circuit elements.
At a frequency where the capacitive
reactance of capacitor C is equal to the
value of the grid resistor 11., the signal
voltage at the control grid of the second

generally small at the midfrcquencies

stage

and for practical purposes may be considered to be a short circuit. Therefore.
the amplification will be:

called the half -power point and is taken

47,000

methods described in Questions 12.21

A

7700 + 47,000

x 17

will be reduced 3 dB. This

is

to be the lower frequency limit of the
amplifier. The response at the lower
frequencies may be extended by the

- 54.700

and 12.37.
72.12 What is the equation for calculating the amplification of a resist-

= 14.62

ance -coupled amplifier stage at the high

799,000

What is the equation for calculating the amplification of a resist once -coupled amplifier stage at the low
72.11

Rp

Irequencies?-For a triode the amplification is:
A

1

V1+ (R.4/X...)'

where,
R..,

is

the equivalent resistance

as

described in Question 12.10,

X. is the capacitive reactance of the

capacitance due to wiring,
sockets, and the internal capacistray

tance of the tube.
Fig. 12-11. Equivalent circuit for a triode RC coupled amplifier at the low

frequencies.

At the high frequencies the reactance
of the coupling capacitor C, is quite
small and may be neglected. At a fre-
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quency where the reactance of the
stray capacitance equals one-third the

value of R.,, the gain will drop 3 dB.
This is called the upper half -power
point and is taken as the upper frequency limit of the amplifier

ing that the higher the plate -load resistance, the greater the loss at the high
frequencies. Referring to Fig 12-15,
chart 2, it will be noted that under a
given plate -load resistance are tabu-

lated the value of the cathode resist-

What is the equation for cal-

ance R., the screen -grid dropping resis-

culating the amplification of a resist-

tor Rr, (or R..), the coupling capacitor

ance -coupled pentode amplifier siege?

C, and the screen grid and cathode by-

Because of the high plate resistance of
a pentode tube (generally of the order
of
megohm), the value of the plate

pass capacitors C, (or C.,) and C..
The values of capacity given arc the
minimum values for a given set of conditions. The circuit constants are predi-

12./3

1

load resistor R. is not important. The
formula then becomes.
A

O.. R.,

where,
is the transconductance of the
tube in micromhos,
R.., is the equivalent load resistance.
G..,

cated on a given signal voltage E. at the
plate for a given value of harmonic distortion. The amplification or voltage
gain V, given in the charts may be con-

verted to decibels by the equation:
dB = 20 Log.. V,
where,

The transconductance is equal to mu/r..
12.14 What type tubes arc recommended for resistance -coupled amplifisirs?-Pentodes or high -mu triodes For
high -frequency amplification, the pen-

As an example, a given tube has a voltage gain of 14. What is the gain in

tode is preferred because of its lower

decibels?

internal -electrode

capacitance.

V, is the voltage gain stated in the
charts.

This

keeps the shunt capacitive reactance
high in comparison to the load resistance R,.. As a rule, the load resistance
is made low enough that it is lower
than the shunting impedance of the distributed capacitance caused by the wiring, socket, and internal capacitance of
the tube.
Lowering the load resistance R. also

decreases the amplification of all frequencies passed by the amplifier, but
such design is necessary if the amplifier

to cover a wide frequency band.
The data supplied by the tube manufacturers cover the audio frequency
range from 20 to 20,000 Hz. If the low is

frequency end is to be extended, the
coupling capacitor must be increased in
size as discussed in Question 12.21 Also,
compensating circuits are generally
added as described in Question 1237.
12.15
How ore the circuit constants
for resistance -coupled amplifiers se-

dB = 20 Log .14

=20x1.46
= 22.92 dB

Explain how the circuit constants giros in a resistancecoupled amplifier design chart are determined.
They are based on a given frequency
response, distortion, gain, and signal
output voltage. The frequency response
on which the circuit constants are
predicated is shown in Fig 12-16. The
frequency f: is that value at which the
high -frequency response begins to fall
off. The frequency f. is that value at
12.16

which the low -frequency response
drops below a satisfactory value, as dis-

cussed in the questions to follow. For
most of the types shown, the data pertain to the use of a cathode bias resistor
v. -here feasible, a series screen -dropping resistor where applicable. and offers several advantages over fixed voltage operation. These advantages are:

lected?-The circuit constants may be
calculated individually; however, charts
are available from the tube manufacturer that provide all the necessary
data except for very special cases Typical charts are shown in Fig. 12-15.
Values for the circuit elements are

selected on the basis of the plate supply
voltage E.., plate -load resistance R,
and the grid resistance R,, remember-

Operation over a wide range of plate
supply voltages without appreciable
change in gain;
The effects of possible tube differences
are minimized;

The low frequency at which the amplifier cuts off is easily changed;
The tendency toward motorboating
minimized.

is

529

AUDIO AMPLIFIERS
Ebb

Ep

R52

Rk

C52

Ck

C

0.22
0.47

-

4200
4600
4800

-

2.5
2.2
2.0

0.015
0.014
0.0065

5.4
7.5
9.1

0.22
0.47

-

7000
7800
8100

1.5
1.3

7.3

1.1

0.013
0.007
0.0035

0.83
0.7
0.6

0.006
0.0035
0.002

10

3.6

0.027
0.014
0.0065

19
25

30*

32

37

0.014
0.0065
0.0035

24
34

38

38

44

0.0065
0.0035
0.002

29

35
43

44
46

40
54
63

34

3.6
3.0

0.027
0.014
0.0065

2.5
3.9
1.6

0.013
0.0065
0.0035

51

6S
77

42
46
48

1.2

0.005
0.0035
0.002

61

48

74
85

50

9.0
8.2

0.021
0.012

25

52

72

8.0

0.0065

32
37
25
32
34

Eg

I

0.1
0.1

6A06

90

6AQ7-GT
6AT6

0.47
0.47

1.0
2.2
0.1

0.1

6Q7-GT

6517-GT
180

0.31

0.47

6T8

12AT6
1207-GT
12517 -GP
1918

-

1.0

607
607-G
65Z7
677-G

0.22

0.1

300

0.22

0.22
0.47

-

0.22
0.47

-

1.0

-

0.47

-

1.0
2.2

-

0.1

-

0.22
0.47

0.22

6AU6
12AU6
125H7

0.22

0.47

0.1

300

0.22

0.47

-

1500
1800

-

-

-

1.7

1.5
1.1

0.9
0.8
4.4

47

47

38

3100
3200
3700

0.08
0.078
0.085

6.2
5.8
5.1

0.009
0.0055
0.003

0.75
0.75
0.5

6300
6500
6700

0.042
0.041
0.04

3.4
3.3
3.2

0.0035
0.0027
0.0018

27
32

0.12
0.15
0.19

800
900
1000

0.1S

14.1

57

74

0.126

14.0
12.5

0.021
0.011
0.006

81
81

116

1500
1700
1900

0.09
0.08
0.066

9.6
8.7

0.009
0.005
0.003

59

130

67

171

1.0

0.38
0.43
0.6

71

200

0.47

0.9
1.0

5.7
5.4

1.1

0.0045
0.0028
0.0019

172
232

2.2

0.06
0.05
0.04

54

1.0

3100
3400
3600

0.1

0.2
0.24

0.13
0.11
0.11

18.0
16.4

0.26

500
600
700

15..5

0.019
0.011
0.006

76
103
129

109
145
16d

1000
1000
1100

0.1

12.4
12.0
11.0

0.009
0.007
0.003

93

1.0

0.42
0.5
0.55

108
122

164
230
161

0.47

1.0

0.075
0.069
0.06

0.0045
0.0028
0.0018

248

1.1

1800
1900
2100

94

1.0
2.2

IDS
122

315

1.0
0.1

180

6600
8100
9100

-

2.7

0.25
0.26
0.35

0.72
0.47

2.2
0.1

-

35

0.11

0.22
0.47

0.47
0.47

3400
4100
4600

3.1
2.8

39*
41*

1800
2100
2100

1.0
2.2

1.0

6SH7

-

16

374

36

0.07
0.09
0.096

0.21
0.47

0.1

9,)

2200
2500

14

34

2100

0.47

0.1

1900

-

10
12

30
30

-

0.1

0.47

12000
14000
15000

-

22
27

0.22
0.47
0.12
0.47

0.21
0.47
0.12
0.47

1.2

- At 2 volts Irmo) output.
One triode unit

2600
3200
3700
5200

6300
7200

-

0.1
0.1

0.1

0.028
0.09

1.0
0.9

8.1

3.6

5.0
7.6
7.3

36

65
74

41

51

58
72
99
135
102
126
152

141

272

371

At 3 v01451/rt.') output. * At I volts (rm./ outpt.

Fig. 12-15. A typical resistance -coupled amplifier data chart. (Courtesy, Radio Corporation of America

The output peak voltage E.

is

the

voltage available across the grid resistance IL of the following stage at any
frequency within the flat portion of the
frequency response. and where the input signal is of such magnitude as to

swing the control grid to a point where
grid current just starts to flow.
12.17 How critical is the supply
voltage for a resistance -coupled amplifier? -For supply voltages differing by
50 percent from those listed in the
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in megohms should be such that their
product lies between 002 and 0.10.
12.21
What is the frequency response when the data in the tube charts
8

4v

2

flItOutNCY Fig. 12.16. Frequency response for the
design of RC amplifiers. (Courtesy, Radio
Corporation of America /

charts of Fig 12-15, the voltage gain is
approximately the same.
12.18 How critical are the values of
the circuit components in a resist once -

coupled amplifiert-The values of the
circuit components in the charts are
approximately correct for changes up
to 50 percent of the stated supply voltage. Ten -percent tolerance capacitors

and resistors are quite satisfactory

to

be used.
12.19

What is the frequency response when the data in the tube charts

are used with a directly heated triode
amplifier?-Capacitors C and C. have
been chosen to give a signal output
voltage equal to 0.8 E.. for is frequency
f, of 100 Hz (Fig. 12-16). For any other
value of f, multiply C and C, by 100/f..
The values given for C. are for an amplifier using direct current on the heaters. When alternating current is used,
it will be necessary to increase the

arc used with o heaturtype pentode?Capacitors C, C., and C,, have been
chosen to give an output voltage equal
to 0.7 E.. for a frequency I, of 100 Hz
(Fig. 12-16). For any other values of f,,

multiply values of C, C., and C, by
100/f,. In the cases of capacitor C., the
values shown in the charts are for an
amplifier with dc heater excitation.
When ac is used, depending on the
character of the associated circuits,
voltage gain, and the value of f.. it may
be necessary to increase the value of C.
to minimize hum disturbances. The
voltage output at 1. for "n" like stages
equals 0.7" E.., where E. is the peak output signal voltage at the final stage. For

an amplifier of typical construction and
for R, values of 0.1. 0.25, and 0.5 megohm, approximate values of f. are 20,000
10,000. and 5000 Hz, respectively.
12.22 rs it necessary to bypass a

self -bias resistor?-No. not unless the
maximum gain is required from the
tube When the cathode or self -bias resistance is left unbypassed, degeneration (negative -current feedback) is

developed by the flow of the audio
signal through the bias resistor because
of the ac component of the plate current
flowing through the bias resistor.

The flow of signal current causes a
voltage drop across the bias resistor.

value of C. to minimize bum distur-

which increases the normal bias voltage

bances. The voltage at f. of "n" stages
equals or E... where E. is the peak
signal voltage at the final stage for any
value of R.

on the control grid. This increase of

12.20 What is the frequency response when the data in the tube charts
are used with a filament -type pentode

bias voltage reduces signal voltage at
the control grid and reduces the stage
gain from 4 to 6 dB. This requires the
input signal amplitude he increased to
produce a given output signal level at
the plate circuit by the factor:

tube?-Capacitors C and C. have been

chosen to give an output signal voltage equal to 0.8 E. for a frequency f.
of 100 Hz (Fig 12-16). For any other
value of f,, multiply values of C and C,
by 100'f,. The voltage output at F. for
"n" like stages equals 0.8' E.., where E.
is the peak signal output voltage of the
final stage. For an amplifier of typical
construction and for R, values of
100,000, 250,000, and 500,000 ohms, approximate values of 1, are 20,000, 10,000.
and 5,000 Hz, respectively. The values

AX R.

R,

where,

A is the amplification factor of the

tube with the cathode resistor bypassed.

R.., is the combined resistance of the
plate -load resistor, R, and the grid

resistor R. of the following stage,

R. is the cathode resistor.

of the input coupling capacitor C in

Leaving the cathode resistor unbypassed results in a more uniform frequency response with lower distortion
for a given set of conditions, but with

microfarads and of the grid resistor

higher

plate

impedance.

Unbypassed
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pull amplifiers see Question 12.106.
12.23 What is the relationship between the coupling capacitor C and the

read at the left of the center scale. The
capacitive reactance is that of the coupling capacitor at the highest and lowest frequency of interest.
/2.24 How does the cathode capacitor C, affect the frequency response?Normally the cathode capacitor size is

grid resistor R,?-When the reactance

selected (or a value that will have a

of the coupling capacitor C at the lower
frequencies becomes equal to the grid
resistor R., the frequency response will
be down 3 dB, compared to a reference
frequency of 420 Hz.
When designing a capacitive -coupled
circuit, it is useful to be able to predict

reactance of one -tenth the resistance of
the cathode resistor. Practical sizes are
25 to 50 µF. The purpose of the cathode
capacitor is to provide a low impedance

what proportion of the voltage across

cathode -bypass capacitor is reduced,
degeneration (negative -current feed-

cathode circuits are more susceptible
to hum pickup from ac heater circuits.
The foregoing statements apply to
single -stage amplifiers only. For push-

path for the signal voltage to ground
and remove it from the cathode resistor

so far as possible. As the size of the

the plate resistor R,. will appear across
the grid resistor R. This may be determined by the use of the nomograph in
Fig. 12-23. A straight edge is laid from

back) is increased and, if this capacitor
is made small enough, the gain begins
to fall at the lower frequencies and the
frequency characteristic starts to rise
at the higher frequencies. A small capacitor across a cathode resistor is often
used to increase the high -frequency re-

the load resistance at the left to the
value of the capacitive reactance at the
right. The loss in voltage gain, relative
to 100 -percent gain, is read from the
percentage scale at the center. The loss
in dB for a range of 0.5 to 6 dB may be

This subject is discussed
Question 6.96.
sponse.
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12 23. Nomograph for determining the

loss

in

capacitive -coupled circuit.

gain that occurs through a

in
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How may the

12.25

of

size

the

coupling, screen, and cathode capacitors

be approximated?-By the use of the
equations:

where,

I.
1.6 x 10°

C

f X R,
1.6 X 10'

=

_ uF

X,

the

total current through the

is the required grid -bias voltage.

For pentodes, the screen -grid current

-F

is added to that drawn by the plate.

11

(The screen -grid current also flows
through the cathode resistor.)
The cathode capacitor may be elimi-

nated by use of the circuit shown in

297rf

where,

C is the coupling capacitor,
C. is the cathode -bypass capacitor,
C,, is the screen -bypass capacitor,
f is the lowest frequency to be amplified,

R, is the grid resistor,
R. is the cathode resistor,

R., is the screen grid dropping resistor,

X, is the capacitive reactance.

This statement does not take into consideration effects of phase shift.
/2.26 What effect does a volume
control hove on the frequency response
of an omplifier?-lt adds to the impedance seen by the input of the following
tube reducing the high -frequency response; however, generally it is of no
consequence.

is

cathode resistor,

E,

CO=1.6 x 10.
f X R.,

great

IL ---

Volume

controls

should not be included in a negative feedback loop of an amplifier because of
its internal capacitance. (See Question

Fig. 12-28 in which the cathode element
is connected to the junction of a voltage

divider circuit formed by a resistor R.
and the cathode resistor
This circuit places the cathode close
to ground and eliminates the need for
the usual heavy bypass capacitor. This
circuit is quite useful in low-level
high -gain amplifier stages in reducing
hum. As an example: a given tube requires a bias voltage of 1.2 volts. Connecting a 68,000 ohm resistor from a
source of 200 volts dc, to a cathode resistor of 390 ohms places the cathode
element only 390 ohms above ground.
Because the cathode resistor is not
bypassed, degeneration will take place
across the cathode resistor; however,
the benefits gained by the reduction in
hum in this stage offsets the loss of gain
suffered from the degeneration.

12.191.)

12.27

What factors affect the dis-

tortion characteristics of a resistance coupled amplifier? --They are the same
as for any other type amplifier and are a

function of the signal amplitude and
operating parameters. Negative feedback may be used over a number of
stages to obtain the most desirable distortion characteristics.
72.28 How is self -bias achieved in
on amplifier?-By connecting a resistor

in series with the cathode element to
ground. The flow of plate current (and
screen grid in the case of a pentode)
through this resistor causes a voltage
drop across the resistor making the
cathode positive with respect to ground.
The control grid is connected to ground

making the grid negative with respect
to the upper end of the cathode. Thus,
the control grid is made negative by the
amount of voltage drop across the cathode resistor. The value of the cathode
resistor, R., may be calculated:

.zoo
Fig.

12-28. Fixed -bias circuit in a lowlevel, high -gain amplifier stage.

12.29
What is a grid -leak resistor?
-A high -value resistor connected from

the control grid of a vacuum tube to
ground or the negative side of the circuit. Its purpose is to permit excessive
electrons on the control grid to leak
off to

ground and thus prevent the

tube from becoming blocked due to an
excessive negative charge on the grid.
Grid -leak resistors are used in amplifiers, oscillators, radio detectors (demodulators), and similar devices.
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12.30

What is a stopping capacitor?

-It is another name for a coupling capacitor used between the stages of a

in tandem, the overall frequency response for the two stages will
nected
be:

resistance- or impedance -coupled amplifier.
12.31
What is the effect of a leaky

Therefore, the frequency (L) will show

coupling capacitor?-Referring to Fig.
12-1A. if the coupling capacitor C is

a loss of 4 dB compared to the reference
frequency of the response at (1.) and is

leaky, the positive potential at the plate

64 percent of the reference frequency.

of the tube VI will be applied to the
control grid of tube V2. The positive

This will hold true regardless of the

potential will offset the negative bias

Percentage compared to decibel loss

on the control grid of V2 causing the

may be read directly from the chart in

tube to draw grid current and an excessive amount of plate current which may
cause the tube to be permanently damaged. In addition, because the tube will

Fig. 25-133.
12.34 What is the permissible vari-

not he operating on the linear portion
of its characteristic curve, excessive

distortion will result.
12.32 What arc the limiting factors
for determining the maximum resistance
that may be inserted in the control -grid

circuit of a vacuum tube?-The space
current. Because of the current flow.
electrons collect on the control grid
forming a negative charge. This charge

0.8' or 0.8 x 0.8 = 0.64

type of interstage coupling employed.

ation of supply voltage (U.) for resistance -coupled amplifiers?-Using a given
group of circuit components, the supply

voltage may vary up to about 50 percent without seriously affecting the operation of the amplifier. However, this
should be the exception rather than the
rule, as the distortion will be increased
and the output signal voltage will drop.
The change of output signal voltage
with a change of supply voltage (Fla.)
may be calculated:

no way of leaking off except
through the resistance between the grid

has

and ground. If the grid resistance is in
the order of one-fourth to one-half
megohm, a considerable bias voltage is
created, ranging from 0.25 to 2.0 volts.
The effect of the space charge relative
to the grid resistance is often referred
to as contact potential because of its
similarity to the condition resulting
when dissimilar metals placed in contact generate a current.
The maximum value of resistance
that may be used with a particular tube
may be obtained from the manufacturer's sheet. Higher values of grid -circuit
resistance may he used with cathode
bias (self -bias) than fixed bias. The
reason for this difference is that in a
self -bias or automatic -bias circuit, the
bias voltage increases with an increase
of plate current, thus preventing the
creeping of plate current. because of
grid emission and gas, between the grid
and cathode elements. See Questions
11.44 and 11.62.)
72.33 What

the overall freis
quency response of two resistance -coupled amplifier stages connected in

tandem?-I1 two amplifier stages each
having a frequency response of 0.80 at
a given frequency ao and relative to a
reference frequency of 420 Hz ate con-

Ebb

1

where,
E., is the new output signal voltage,

E. is the original output signal voltage.

is the original supply voltage,
is the new supply voltage.

12.35

What are the practical fac-

tors affecting the frequency response of
a

resistance -coupled

amplifier?-Low-

frequency response can ix affected by
any one or more of the components of
the circuit. The reactance of the coupling capacitor C rises rapidly below a
frequency of 100 Hz causing a loss at
the lower frequencies. As an example,
a 0.10 -AF capacitor has a reactance at
50 Hz of 30,000 ohms and a reactance
at 20 lIz of 80,000 ohms. This increase
of reactance reduces the signal voltage
at the control grid of the second stage.
Increasing the capacity of the coupling
capacitor to reduce its reactance increases its physical size adding to the
shunt capacities of the circuit and reducing

the

high -frequency

response.

This is particularly true if the coupling
capacitor is in a metal case. The loss at
the lower frequencies causes phase shift
which rises to an appreciable amount.
One micrufarad appears to be the prac-

tical limit of a coupling capacitor.
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To obtain a uniform frequency response at a frequency of 20 Hz will
require a cathode -bypass capacitor of
at least 100 µF and preferably 1000

µF. Such values are practicable as they

are of low voltage and the units are
small in physical size If these values
are impractical, the cathode -bypass capacitor may be eliminated, with a resulting loss of gain because of degeneration in the cathode circuit. However,
this will reduce frequency discrimination and phase shift. In some instances
it may be desirable to use battery bias
with the cathode connected to ground.
Another offender is the screen -grid
bypass capacitor. If of insufficient size,
degeneration is induced in both the
screen and control grid circuits, reducing the stage gain The screen -grid bypass capacitor should be at least 10 µF
and larger if practicable. In any case.
the reactance of the capacitor should be
one -tenth the resistance of the screen grid dropping resistor.
Another source of trouble is common
coupling of the amplifier stages through

sistors R. and capacitors C., are con-.
nected in the plate -circuit returns of
each stage as shown in Fig. 12-36A. The
purpose of these decoupling networks is
to prevent common couplings between
the stages through the common imped-

ance of the power supply. Decoupling
may be dispensed with if the amplifier consists of only two stages, as the
plate current for the two tubes is out
of phase and will not couple through
the power -supply impedance.
In a three -stage amplifier, the plate

currents of the first and third stages
are in phase and will couple through
the power supply. This condition manifests itself by a low -frequency oscillation called motorboating. This unde-

sirable coupling is eliminated by the
decoupling capacitor C. which offers a

low impedance path to ground to the
signal voltage, while the resistor R.
offers a high

impedauce to ground

through the power supply route. If the
ratio of capacitance C., to resistance
is high, the sigual is forced to return

the internal impedance of the power
supply causing low -frequency motor -

OUTPUT

boating. If the power supply is of the
regulated type, the greater portion of
the trouble is eliminated. The use of a
large bypass capacitor at the output of
an unregulated power supply will reduce common coupling. (See Question
1236.1

12.36

What is a decoupling circuit?

-When three or more resistance -

Fig.

12-36B. Decoupling circuit in the
a transformer -coupled amplifier.

control -grid return circuit of

coupled stages are used, decoupling re-

Fig. 12-36A. A three -stage, resistance -coupled amplifier with decoupling circuits
C, and R1..

AUDIO AMPLIFIERS

535

INPUT

a,
Fig. 12.37. A resistance -coupled amplifier with a low -frequency compensating circuit
consisting of resistor R and capacitor C..

to ground through capacitor C., rather
than through the power supply. Practical values of resistance for FL are
10,000 to 25,000 ohms. Capacitance values for C., are 10 raF or greater.

The internal impedance of the power
supply may be lowered by shunting the

output with a capacitor of 100 micro farads; however, this is often impractical.

Another form of decoupling

the same as for the coupling capacitor
C and the grid resistor R,.
12.38 How is the time constant for
the compensating circuit in Fig. 12-37
controlledl-For compensation down to
20 Hz, time constants of 0.02 to 0.5 are
used. Knowing the time constant desired, the capacitance may be calculated:

is

shown in Fig. 12-36B. A resistor IL and
capacitor C., are connected in the grid

return of the input transformer. The

R.
where,

capacitor C., has a low reactance to the

T is the time in microseconds.

signal voltage while the resistor IL of-

R.

is

the

plate -load resistance in

ohms,

fers a high -impedance path forcing the
signal to return back to the cathode
circuit.

C. is the decoupling capacitor in mi-

12.37 What is a low -frequency compensating circuit in a resistance -coupled

The grid resistance may be calculated:

°mph/real-Elements connected in the
plate circuit to increase the low -frequency response. The circuit elements
are those of the decoupling circuit
shown in Fig. 12-37. By the proper

choice of values, the circuit may be
used for both decoupling and compensation. As a compensator circuit It
serves two purposes; (1) it introduces
phase shift in the plate circuit, com-

for the phase shift of the
coupling circuit C and fL. and (2) it
pensating

effectively increases the plate -load impedance at the lower frequencies, thus

maintaining the gain at the lower frequencies.

The resistor

R.,

should he kept as

large as practicable, say 10,000 to 20,000

ohms. The larger the R.,, the lower the
compensation may be carried; however.
the value must not be made too great
or the drop in voltage at the plate will
be excessive. The most effective com-

crofarads.

Rs .=

where,

C is the coupling capacitor,
IL is the grid resistor,
T is the time in microseconds.

/2.39 What is a direct -coupled amplilierl-A resistance -coupled amplifier
in which the coupling capacitor C has
been omitted. In such amplifiers, the
plate of the driving tube is connected

directly to the control grid of the foltype coupling is
shown in Fig. 12-39. The only function
of the coupling capacitor is to isolate
the control grid of the second stage
from the dc potential on the plate of the
lowing stage. This

preceding stage.
In direct -coupled

amplifiers,

the

pensation is obtained when the time

cathode of the second stage is made
sufficiently positive above ground that
the difference in potential between the
cathode and plate is equivalent to the
normal grid bias for the control grid of

constant of the compensating circuit is

the second stage.
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OUT PUT

JTOT

Fig. 12-39. A direct -coupled amp Mier. The negative bias voltage at the control grid

of V2 is the cathode voltage of V2 minus the plate voltage of VI.

In the circuit shown the cathode is
made plus 105 volts above ground. The
actual voltage at

the plate of VI

is

100 volts positive. The control grid of
V2 is returned to ground. Subtracting
the plate voltage of VI from the cathode

voltage of V2 makes the control grid
minus 5 volts, its correct bias voltage.
Whot is a Loftin -Whits direct coupled omplifier?-This well known
amplifier is shown in Fig. 12-40. The
12.40

plate of VI is directly connected to the
control grid of V2. The voltage distribution may be traced by starting at the
negative end of the power supply. The
grid of VI is connected to ground
through the grid resistor R. The proper
bias for this tube is obtained by connecting the cathode to point A on the

voltage divider so that when the ciris in operation, the total current

cuit

flow through the resistance between
the negative end of the voltage divider
and point A gives the required voltage
drop.

The plate of VI is connected to point

point on the voltage divider which will
supply the proper voltage to the plate:
therefore. it is returned to point C
The plate of V2 is returned through
a

suitable

load

resistance or

trans-

former to the positive end of the voltage divider. The cathode of V2 is returned to a point on the voltage divider
where the proper bias voltage is obtained. The bias voltage at the control
grid will be the voltage drop across the
plate load resistor Ft, minus the 53 -volt
drop across the voltage divider between
points B and C. This results in a negative voltage (minus

16

volts) at the

control grid of V2.
With the proper voltages established
and the amplifier operating class -A, a
low -distortion amplifier with a wide
frequency range is possible.
Direct -coupled amplifiers of the foregoing type can he used to amplify very
low frequencies and arc particularly
suited to pulse amplification. as the

phase shift is reduced to a minimum.
12.41
What is a cathode follower?

C on the voltage divider through the

-A vacuum -tube circuit in which the

plate load resistor R, which also serves
as a grid resistor for the following tube

signal voltage is applied to the control
grid and the output signal is taken from
the cathode circuit. The characteristics

V2. Since plate current flows through
resistor R., it must be returned to a

of a cathode follower are high input

*PUT

e.

S.
Bow

Fig. 12-40. The Loftin -Whitt direct -coupled amplifier.
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impedance and low output Impedance.
Because of degeneration in the cathode
circuit, the amplification is always less
than one. The circuit in Figs. 12-41A, B,
and C are typical cathode -follower circuits. Cathode followers are practically
distortionless if they arc operated with
the correct load impedance However.
if they are overloaded, limiting occurs
and the distortion increases.

bypassed in the usual manner. If the
bias resistor is not bypassed, negative current feedback will take place across
all the resistance in the cathode circuit.
In a properly designed cathode follower.

the signal appears only in the cathode
circuit. At times, It may be necessary
to connect a large bypass capacitor
from the plate to ground to prevent the
possibility of the signal voltage getting

at

0!
OUT PUT

-0
Fig.

12-41A. A cathode follower with

12-41C. A cathode follower with

Fig.

bias resistor R..

100', negative -current feedback.

In Fig. 12-41A the output signal

is

taken across the full load resistance R.
(the load resistance is the cathode resistor). In this circuit, 100 -percent feedback exists because all of the output
voltage is fed back to the input. The
output capacitor C., is selected on

the basis of output reactance and frequency. The output capacitor prevents
the load impedance from shorting the
bias load resistor R,, to ground.
The circuit in Fig. 12-14B is used
when the load resistor R,. is too large
for the required bias voltage. The con-

into

discussed in Question 12.36.
12.42
How are tubes selected for
cathode -follower circuital-By first calculating the required transconductance
using the formula:

g.=
where,

Z is the output impedance desired in
ohms,
g., is the transconductance in micro -

trol grid is returned to a point on the
load resistor R,. where the correct operating bias is obtained. The method
used to obtain the bias voltage when
the load resistor R, is too small for the
correct control -grid bias is shown in
Fig. 12-41C. A resistor R. is connected
in series with the load resistor R, and

power supply and causing

the

common coupling to other parts of the
amplifying system. Common coupling is

mhos.
12.43 What is the equation for calculating the load resistor I t.. for a cathode follower?-For triodes the equation
is

R,- r -ZZ (1 r.+
where,

R, is the load resistor,
Z is the output impedance desired,
r,. is the plate resistance of the tube,

a is the
tube.

amplification factor of the

For pentodes the equation is:

1- (g.. X Z)
where.

Fig. 12.410. A cathode follower with a
grid -bias top on the load resistor.

R,. is the plate load resistor,
Z is the output impedance desired,

g.

is the transconductance of the
tube in micromhos
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Who is the equation for cal12:44
culating the voltage gain of a cathode
follower?-For triodes the equation is:
/A X

V,
is

si

Rs OA -- 1)

rr

where,

R,

the amplification factor of the

tube.

R, is the load resistor,
is the plate resistance of the tube.

For pentodes the formula is:
Vg

where,

x ft,
1 +(g.,x R,)
gw

R,. is the load resistor,
is the transconductance in micro -

g,.,

mhos.

12.45

Describe

a

double cathode

follower.-A double cathode follower,

or as nicknamed "Totem Pole," is used

in circuits where there is a large mismatch of load impedance, or a very low
value of source impedance is required.
The double cathode follower has about
one -twentieth the output impedance of
the conventional cathode follower. Typ-

ical circuits for a double cathode follower are shown in Fig. 12-45.
1 2.4 6
Is it permissible to operate a
cathode follower with a high load imped-

ance?-Yes; this may be done if high
output voltage is required. However, it
will be necessary to use the circuit in
Fig. 12-41B. The cathode capacitor C.
must have a reactance that is negligible
at the lowest frequency to he amplified.
With a high resistance in the cathode
circuit, the amplification factor approaches unity provided the plate voltage is increased above normal by the
value of the grid bias voltage.
12.47 How for may the output circuit of a cathode follower be carried? -If the output impedance is in the order
of 1000 ohms or less, 50 feet-more if
coaxial cable is used. (See Question
25212.)

12.48

Describe

the procedure for

plotting vacuum -tube load lines.-Load
lines for vacuum tubes are made in the
same manlier as for a transistor described in Question 11.139, the principal difference being the names of the
elements. In the transistor terminology
the base corresponds to the control grid

of a vacuum tube, the emitter to the
(a) Using a single 1213H7A tube.

cathode, and the collector to the plate
element. In the instance of FET's, the
gate corresponds to the control grid, the
source to the cathode, and the drain to
the plate.
12.49 What ore the phase relationships in a cathode -follower circuit?-The

input and output signals are in phase
with each other.
12.50 What is a phase inverter?Two tubes connected as shown in Fig.
12-50 and used for driving a push-pull
amplifier stage. With proper design, two
signals of equal amplitude and 180 degrees out of phase with respect to each

other may be obtained. The incoming
signal is applied to the control grid of
tube VI, amplified, and then applied to
the control grid of the upper tube of the
(b) Using two 12114A tubes.
Fig.

12-45.

Double cathode -follower
circuits.

push-pull stage V3. A portion of the
signal at the grid of V3 is taken from
the grid circuit by means of potentiom-

eter P and applied to the control grid

AUDIO AMPLIFIERS

539
Ot/TPUT

Fig. 12-50. A phase i

of a phase -inverter tube V2. The signal,

alter inversion, is applied to the control grid of the lower push-pull tube
V4. When the potentiometer P is properly adjusted, voltages of equal amplitude but 180 degrees out of phase are

obtained at the control grids of tubes
V3 and V4.

same value as possible. if the values
vary over too great a range, voltages
developed at the control grids of the
push-pull stage will not be of the same
amplitude at frequencies be:ow 50 Hz.
because of the change in the reactance
of each capacitor with frequency.
12.52

The term phase inverter is generally
associated with a circuit employing two
tubes, one as an amplifier and the other

as an inverter, for the purpose of obtaining two voltages which arc out of
phase, although very frequently

circuit.

the

terms phase inverter and phase splitter
are used interchangeably.
12.31
What is a phase splitterl-A
single -ended amplifier stage with the
plate load divided between the cathode
and plate circuits, as shown in Fig.
12-51. The incoming signal is applied to

the control grid. Two signals of equal
amplitude but 180 degrees out of phase
are obtained from the plate and cathode
circuits which may be used for driving
a push-pull amplifier stage.
To assure that the two driving voltages will be exactly the same amplitude,
the plate and cathode -load resistors
must be matched to within one percent

of their values. It is also equally important that the coupling capacitors C
between the phase-splitter stage and
the push-pull stage be of as nearly the

Fig. 12-51. A split -load, phase -inserter
circuit.

Can a transformer be used as

o phase splittert-Yes; a push -put: interstage transformer is, in reality,

phase splitter as shown in Fig. 12-52.
The transformer delivers to the control
grids of the output stage two voltages
which are of equal amplitude and 180
degrees out of phase.
72.53 What Is a floating paraphase
inverter eircult?-Two vacuum tubes

connected to produce two voltages 180
degrees out of phase as shown in Fig.
12-53A. The incoming signal voltage is
fed to the control grid of tube VI, amplified, and applied to the control grid
of V3. The signal voltage for V2 is

taken from the junction of a voltage divider network consisting of resistors
Rr and Re. Because of the phase reversal of the signal in passiug through
VI, the signal is of the correct phase for
V2. The signal is again reversed in
passing through V2 and then applied to
the control grid of V4. Resistor Re acts
as a balancing resistor because the out -

Fig. 12-52. A transformer phase splitter.
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Fig. 12-53A. Floating paraphose inverter circuit.

put signals of both VI and V2 arc oppo-

site in phase and flow through R to
ground, thus tending to cancel until a
push-pull balance is achieved.

This circuit has good stability and
low distortion. The common cathode re-

sistor R.

is

not bypassed. Without a

signal at the input of VI, there is uo
feedback iu the cathode circuit; however, for an unbalanced condition, feedback is generated.
A modified floating paraphase phase -

inverter circuit designed to minimize
out of balance conditions because of
variations in tube characteristics is
shown in Fig. 12-53B.
The plate currents for both halves of
the tube pass through a common resis-

tor R. The grid swing for the second
half of the tube requires only a frac-

of resistors, the two halves of the circuit function with the same gain. If the
plate currents of the two tubes were
exactly the same, there would be no
voltage variation across
The voltage
variation at this point automatically

adjusts itself so that the plate currents
are slightly out of balance, sufficiently
so to drive the second half of the tube.
12.54 What is a Fong -tailed phase

inverter?-It is a phase inverter of a
type similar to the floating paraphase
and so called because of the long extension of the circuits from the plate.
The inverter is essentially a cathode coupled stage which will produce two
voltages at the output having equal amplitudes and 180 degrees out of phase.
as is shown in Fig. 12-54.
If a positive -going signal is applied

tion of the plate voltage swing to drive
it; therefore, the control grid of the
second tube is connected at the junction of the load resistors and the com-

to the grid of VI, plate current in this

mon resistor R,.,. With the proper values

going. The increased voltage across R,

section will increase and a larger voltage will appear across H. The signal

on the plate of VI will be negative

OUTPUT

vs

HRJT

*OUTPUT
V4

Fig. 12-536. A floating paraphase inverter designed to minimize the variations in
tube characteristics.
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Fig. 12.54. A long -toiled phase inverter.

makes the cathode of V2 more positive
than its grid. This, in effect, makes the
grid of V2 more negative, the plate current in V2 decreases, and the plate volt-

distortion. The disadvantage of this cir-

cuit is that the gain is less than 1 for
each half of the circuit. The voltage
gain may be calculated:

age increases.

A common bias resistor R, is employed together with suitable grid -leak
resistors R. Capacitor C maintains the
grid of V2 at ac ground. The size of this
capacitor is important. If the capacitor
is not large enough, phase unbalance
will be introduced at the low frequencies, because then, in effect, the grid
would not he returned to ground but to
a tap on the voltage divider.
What is a filiad-bias, split 72.55
load phase splitter?-A tube connected
as shown in Fig. 12 -SSA with two

resistors, R. and rt.., connected one in the cathode circuit and
the other in the plate circuit. Signal
voltages of equal amplitude, 190 dematched

grees out of phase, are developed in the

2p R.
R, (/s + 2)r,
where,

is the plate -load resistance,

R,.

r. is the plate resistance of the tube.

A is the amplification factor of the
tube.

For best results, the load resistors R,.

and the grid resistors R. should be
1 -percent resistors.
A split -load, phase-splitter

circuit
utilizing the diode -detector circuit of a
radio receiver is shown in Fig. 12-55B.
The two signals for driving the push-

pull stage are taken from across the
two 100,000 -ohm resistors connected to

the cathode of the diode rectifier. The
capacitors Cl and C2 arc small radio -

cathode and plate circuits and applied
through coupling capacitors C to the

frequency bypass capacitors and should

control grids of a push-pull amplifier

affect the high -frequency response.
12.56 What is on extended cathode -coupled phase inverter? -A self balancing cathode -coupled phase in-

stage. Because of the high resistance in

the cathode circuit of VI. the cathode
is approximately 69 volts positive in
respect to ground. The normal bias for
a 65.17 tube is 9 volts. To ohtain this
bias voltage, a positive voltage is apgrid through a
1-megohm resistor R, connected to the

plied

to

the control

junction of the decoupling resistor R.,
and the plate -load resistor R,,. This
places the grid 60 volts positive. With

be selected for a value that will not

verter used for driving a single -ended
push-pull amplifier such as that dr
scribed in Question 12.126.
What is the equation for cal12.57
culating the values of the coupling,
screen grid, and cathode capacitors for
a resistance -coupled amplifier?

the cathode at 69 volts positive and the

control grid at 60 volts positive,

C

the

control grad is 9 volts negative with respect to the cathode.

This circuit is quite stable and has
good frequency characteristics with low

-

2rrfX,

where,
f

is the lowest frequency to be amplified,

is the reactance of the capacitor
at the lowest frequency.

X.

THE AUDIO CYCLOPEDIA

542

Fig. 12 -SSA. A split -load phase splitter with fixed bios on the control grid.

Fig. 12-S58. A phoso-splitter circuit for ri radio receiver using a diode rectifier.
The latter figure is based on a reactance

of at least one -tenth the reactance of
either the cathode resistor, screen -grid
dropping resistor, or the grid resistor.
12.58 What is a single -ended amplifier?-0ne having a single tube at
the output.

12.61

How arc amplifiers classified?

--The classification depends primarily

on the fraction of input cycle during
which plate current is permitted to flow
under full load conditions. The various
classifications have been standardized
characteristics and are known as: class -

plifier?-lt is an amplifier having two

A, AB, B, and C. The dynamic operating of these amplifiers is explained in

tubes at the output; a push-pull ampli-

Questions 12.64 to 12.69 and 12.226 to

fier.
12.60

12.228.

12.59

What is a double -ended am-

What is a parallel amplifier?
--One having two tubes of similar characteristics connected in parallel, such
as two triodes with their control grids
and plates connected in parallel, as
shown in Fig. 12-60. This subject is
further discussed in Question 12-111.

1 2.6 2
What class amplifiers are
employed for recording and broadcast

purposes?-For tube -type voltage am
phfiers, class -A; for power amplifiers,
class -A and class -AB. Solid-state voltamplifiers are generally class -A,
with power amplifiers operating class -B.
age

Fig. 12-60. Vacuum tubes connected in parallel.
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rent flows for more than 180 degrees
but less than 360 degrees of the signal
at the control grid. Operating under

OJTPUT SIGNAL

BIAS POINT

these conditions, greater power may be
obtained than with class -A and less distortion than with class -B. The efficiency
is approximately 40 to 75 percent, depending on the bias voltage employed.

CURRENT

LINEAR
PORTION

Or CURVE

(See Question 12.227.)
12.65 What is a class -AL ampli-

fier?-lt is similar to the class -AB amplifier discussed in Question 12.64. The
subscript indicates that grid current

does not flow during any part of the
INPUT SIGNAL
VOLTAGE

1 2-63. Dynamic characteristics of
a vacuum tube biased to operate class -A.
Fig.

cycle. The efficiency is approximately
40 percent. A typical characteristic is
shown in Fig. 12-65.
12.66 What is a class -AL amplifierl-lt is a class -AB amplifier in
which grid current is permitted to flow

during some part of the input cycle.
Power amplifiers of both types are
always operated in push-pull.
12.63

What is a class -A amplifier?

-An amplifier in which the grid -bias
voltage is set to approximately one-half
the cutoff voltage to obtain linear operation. (See Fig. 12-63.) The peak signal
voltage at the control grid is limited to

a value that will not exceed the de
grid -bias voltage. The control grid

is

never permitted to go positive and plate
current flows at all times. Amplification
is high and the harmonic distortion low.
The efficiency is approximately 20 percent. Class -A amplifiers arc used in

high quality recording and reproducing
systems (Sec Question 12.226.)
12.64

What is o class -A8 amplifier?

-Class -A operation falls midway be-

The efficiency is approximately 40 percent. A typical characteristic is shown
in Fig. 12-66. Tubes biased for class AB: are generally operated push-pull.
12.67 What is a class -8 amplifier?
-An amplifier that is biased at or near

cutoff. Plate current flows during the
positive half of the input grid signal and
stops flowing during the negative half cycle. The efficiency is from 40 to 60
percent. A typical characteristic is
shown in Fig. 12-67. (See Question
12.228.) Tubes biased for class -B operation arc operated push-pull.
12.68 Arc any of the foregoing amplifiers operated as single -ended amplihorst-Only the class -A and class -AB.
Class -B amplifiers are always operated
in push-pull.

tween class -A and class -B. Plate cur /
OUTPUT SGNAL

OUTPUT SIGNAL
CURRENT

CLFIRENT

BUS
POLHT

POINT

T
CUT Cfr- -

-ZERO BIAS

,NWT SIGNAL
VOLTAGE

Fig. 12-65. Dynamic characteristics of a
vacuum tube biased to operate class -AB.

-ZERO BIAS
CUT Off

INPUT SIGNAL
CURRENT

Fig. 1 2-66. Dynamic characteristics of a

vacuum tube biased to operate class -AB
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dom produce more than one watt of
power.
12.71

What is a power amplifier?
a considerable

-One which delivers
OUTPUT SIGNAL
CURRENT

.-ZERO BIAS

1 2-6 7. Dynamic characteristics of a
vacuum tube biased to operate class -B.
Fig.

2.69

What is a class -C amplifier?

-One whose operating point is located
well beyond the plate -current cutoff

point so that plate current flows for
appreciably less than one-half cycle.
(See Fig. 12-69.) Class -C amplifiers are

used only for radio -frequency amplifiers

where large power output and

high efficiency are required. The efficiency of a class -C amplifier is in the
order of 60 to 80 percent. The high distortion of a class -C amplifiers is overcome by the flywheel effect of the
tuned circuits used.
12.70

What is a voltage amplifier?

-An amplifier employed under conditions where voltage output is more important than power. Of course, all amplifiers produce power, although it may
be rather small. Voltage amplifiers sel-

amount of current to the load. The output impedance of a power amplifier is
low, as n rule (16 ohms or less). However, many power amplifiers delivering
a considerable amount of power have
600 -ohm outputs for driving cutting
heads and similar devices. Power amplifiers may be designed to deliver several hundred watts and are sometimes
referred to as current amplifiers.
12.72 What is a preamplifier?-A
small voltage amplifier used with photocells. pickups, and microphones, or
any place where 30-50 dB of gain is required with a low-level output. Preamplifiers are designed to have extremely
low noise and distortion, with or without equalization. A typical circuit for a
microphone preamplifier suitable for
recording purposes is shown in Fig.
12-72.

High -frequency equalization of up to

8 dB at 10,000 Hz may be introduced
by varying the size of capacitor Cl and
resistor RI in the feedback loop in the
cathode circuit of VI. The value of the
capacitor CI establishes the takeoff

point of the equalization, and resistor
RI the magnitude of the equalization.
The amplifier shown has approximately 44 dB of gain and a frequency
characteristic flat within 1 dB from 40
to 10,000 Hz in a nonequalized condition. The noise level is approximately
80 dBin. The distortion at plus 10 dBm
is less than one percent. Preamplifiers
are sometimes called preliminary amplifiers. The high -frequency response

may also be varied by the value of
capacitor C2 in the cathode circuit of
V2. The 5-niH choke is used for eliminating rf interference.
OUTPUT SPINAL

COWAN

12.73

What is a booster amplifier?

-A small voltage amplifier similar to
a preamplifier. It is used to compensate

for the insertion loss of equalizers, or
when a piece of equipment with a high
insertion loss is inserted into a circuit.
Also, it may be used in split -mixer circuits to compensate for the insertion

.OUT SKOIAL
VOLTAGE

1 2-6 9. Dynamic characteristics of a
vacuum tube biased for class -C operation.
Fig.

loss of master and submaster gain controls. The frequency response is generally flat. High -power bridging amplifiers used with public address systems
are sometimes referred to as booster
amplifiers.
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Fig. 12.72. A microphone preamplifier. Resistor RI and capacitor Cl in the feedback
loop control the high -frequency rise. The rf choke LI is used to eliminate radio frequency interference.
12.74 What is a fine amplifiedAn amplifier following the output of a

circuit to isolate ground effects from
external lines or equipment. (See Ques-

mixer network which, in turn, may feed

tion 23.14.)
12.78 What is a direct -current am-

a line or bridging bus. Line amplifiers
generally are of medium gain, low distortion and noise with an output level
of +20 dRm. In recording circuits they
may be called recording amplifiers.
12.75
What is an isolation amplified-An amplifier of medium gain,
with a variable gain control, consisting
of several large and small steps so that
the gain may be set for no -gain operation. It is used to isolate terminal equip-

ment from a line, or to separate two
devices to prevent interaction.
12.76 What is a monitor amplifier?

-A high -quality amplifier used for listening to broadcast or recording circuits. Generally of medium gain with
considerable power output, it must be
of low distortion and noise. Input impedance may he matching or bridging.
12.77

What is rnixer-oinplified-

A portable amplifier used for remote
broadcast purposes. It generally consists of three to four preamplifiers.

mixer controls, line amplifier, volume
indicator, and provision for monitoring
the program. The schematic diagram for
a typical portable broadcast mixer -amplifier is shown in Fig. 12-77. The amplifier is capable of producing a plus 22
dBm signal at the input of the line pad.
Total gain is approximately 82 dBm.
The frequency response is plus or
minus 2 dB from 300 to 10.000 Hz with
a slow rolloff below 300 Hz; at 100 Hz
minus 4 dB and at 50 Hz minus 8 dB
Center -tapped balanced - to - ground
repeat coils are connected in each input

plified-Although a direct -current amplifier may be designed to amplify over
a wide range of frequencies, its greatest
use is in medical equipment where frequencies of 3 Hz or less and small
pulses of direct current must be amplified.

Direct -current amplifiers are slow

acting and rather unstable. Such amplifiers are not normally used in audio frequency applications.
12.79
What it a compressor ampli-

fied-A special amplifier used for recording. Adjustments are available to
adjust the characteristics for limiting
the signal to a given output, or to compress the signal into a given volume
range. Either characteristic may be
used without excessive distortion.
When set for limiting, the amplifier
acts as a ceiling control. When set for
compressing, the output is held to a
given maximum output level although
the input signal increases in level.
When used for film recording, an
additional circuit called a de-esser is
switched in to remove or reduce the
effect of sibilance in dialogue. Compressors are treated in detail in Questions 18.86 to 18 102.
12.80 What is an automatic heel

control compressor amplified-An automatic volume control amplifier designed
to function both as an automatic level
setting and compression amplifier. Such
amplifiers are used with public address
and background music systems. When
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used for background music application,
it is set to maintain an average level
relatzvc to the ambient noise level.
When the level has been established, it

requires no further attention. The schematic diagram for an Altec-Lansing
Model 436B compressor amplifier is
shown in Fig. 12-80A, and its compression characteristics are given in Fig.
12-80B. Compressor amplifiers used for
recording purposes are discussed
Questions 18.84 to 18.102.

/2.8/

in

What is a side amplifier?The control amplifier used with a compressor -limiter or expander amplifier.

Define the term olf-set voltcurrent.-The term off -set is
generally associated with dc or differential amplifier. It is the potential difference existing between the output
with no signal at the input, and Is
12.82

age

or

caused by unbalance in the Row of cur-

rent from two differential transistors or
vacuum tubes to ground. Under these
conditions, two voltages exist that are
unequal to zero. Also, an off -set voltage

is present if the two voltages are unequal to each other.
Assume two transistors are used in a

differential amplifier; the off -set volt -

Fie. 12-77. A typical portable broadcast miner -amplifier for mixing four inputs and
feeding a 600 -ohm line.
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12-80A. Schematic diagram for Altec-Lousing Model 436B compressor amplifier.

age, referred to the input, is simply the
differential output off -set voltage divided by the double -ended voltage gain
of the circuit. Using this method, a signal is applied to one input of the differential amplifier and varied until the
differential output voltage is reduced to
zero. The magnitude of the input volt-

age is then the off -set voltage referred
to the input. Another method used is to
reduce the base resistors to zero by
shortcircuiting the input circuits to
ground. Output off -set voltages mea-

sured in this manner are restricted in
that unbalances caused by unequal base

currents (beta) or by unequal base re-
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sistances are excluded. However, other
unbalances are included in the mea-

12.84 Describe a program -leveling
amplifier using electioluminescence con-

surement.

trol.-In broadcasting program mate-

Unbalance is due to small variations
in the geometry of the transistors, and
also to differences in beta, internal resistance, thermal resistance, heat -flow
paths, external resistances, and the
leads within the transistor. (See Ques-

rial, some type of control system is required to prevent overmodulation of

the transmitter. The control device is
generally set for as near 100 -percent
modulation of the transmitter as possible, without overmodulation. To do this
requires a control amplifier that limits
the program peaks to a predetermined
value so full advantage may be taken
of the transmitter output. The use of

tion 12.196.)
50
45

conventional limiters or compressors in
stereophonic

40

55

4

broadcasting

posed

has

problems such as unequal limiting between the left and right sides, causing
an apparent loss of stereo balance. The
Model LA -2A leveling amplifier (Fig.
12-84A) to be described is manufac-

30

tured by Tclelronix Engineering Co.,
and is designed especially for stereo-

COMPRESSION

26

phonic and monophonic broadcasting
and recording systems
The description to follow is based on

20

its monophonic use. The amplifier has
essentially instantaneous gain reduction
over a range of 40 dB. with no increase

in harmonic distortion. The compression characteristics are shown in Fig.
0

20
30
40
50
dB oyour AO0vE TrsRESNOL0

GO

Fig. 12-808. Compression chorocteristics
for the Altec-Lansing Model 436B compressor amplifier.
What is a noise -reduction
amplifier? A special amplifier

12.83

used for recording optical film to reduce the area of exposure on the film
during periods of low or no modulation.
It is also called a ground -noise reduction amplifier. (See Questions 18.55 to
18.76.)

-9

-36

-30

-as -ao

-ts

-io

-5

0

INPUT LEVEL ise

Fig. 12-848. Gain -reduction characteristics of Tektronix Engineering Co. Model
LA -2A !cycling amplifier.

Crsa_mja

110

Fig. 12-84A. Teletronia Engineering Co. Model LA -2A leveling amplifier.
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Fig. 12.84C. Schematic diagram for Tektronix Engineering Co leveling amplifier
Model LA -2A.
12-8413 Compression action starts at the

c:B, the output is held to within 1 dB.

breakaway point at minus 30 -al input
and continues up to minus 20 d13, at
which point the curve becomes horizontal or limiting in its action. When
increasing the input signal another 20

Thus, both compression and limiting arc
combined in its action. The heart of the

leveling amplifier Is an electro-optical
attentintor austem which is connected
ahead of the voltage -amplifier stages.
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The advantage of this type attenuation
system

is

that

the voltage -amplifier

gain is fixed and not varied as in the
conventional compressor -limiter.

(Sec

Question 18.84.)

output signal is taken from the junction
of limiting control R37 arid stereo con-

trol R3 and brought out to terminal 6
on the right hand terminal strip. When
two leveling amplifiers are used for
broadcasting, this terminal is
connected to a similar terminal on the
second amplifier; thus, the control volt-

The optical attenuator consists of a
photoconductive cell which is optically
coupled to an electroluminescence light
source. This device provides a light intensity which is proportional to the
audio voltage applied to its terminals.
The gain or level -controlling element
is a photoconductive cell. The internal
resistance of the cell decreases with an
increase of light intensity impinging on
the luminous surface. Since light is
produced by the audio -signal voltage,
the response of the amplifier is instan-

stereo

taneous: Because no electrical filters are
required in the control circuits, the
speed of operation is limited only by
the characteristics of the photoconductive cell. The cell will provide ex-

The VU meter circuitry consists of a

tremely fast attack and release times,
the release time being about 60 milliseconds for 50 -percent gain reduction,
then a gradual release over a period of
1 to 15 seconds to a point of complete
release. This device is further discussed
in Question 5.97.
Referring to the schematic diagram of

Fig. 12-84C, the input signal is applied

directly to the optical attenuator from
input transformer TI. At this juncture
the signal is sent in two directions, to
input of voltage amplifier VIA
through gain control RI and through
the

R2 at V3A from the junction of Fi6 and
R7. The signal passes through V3A and
V3B and is capacity -coupled through
the limiting -response control R37 and
stereo control R3 to the control grid of
V4, the electroluminescence attenuator
drive amplifier, and back to the lamp of

the optical attenuator which controls
the amount of attenuation and signal
level to voltage amplifier VIA and VIB.
The signal level to the voltage amplifier

is also controlled by gain control RI.
The voltage -amplifier stages have a net
gain of 40 dB, with a feedback loop
from the plate of V2A supplying 20 dB
of negative -feedback voltage back to

the cathode of V1A. The output stage
consists of a single 12B1f7A tube connected as a double cathode follower
(see Question 12.45), providing a very
low output impedance, and flat frequency response with low distortion.
For stereophonic

broadcasting,

an

age becomes common to both amplifiers.

A gain -reduction control voltage generated at

either amplifier will cause

equal gain reduction in both amplifiers.
The VU meter serves two functions; it
indicates the output level and the gain
reduction in dB.
During periods of no gain reduction,
the meter reads zero. The scale is calibrated in terms of a standard VU meter.

zero -set control, and a second photoconductive cell connected across the
balance circuit The cell decreases its
resistance in accordance with the intensity of the optical attenuator. Thus, the
VU meter is made to follow the variations in gain reduction with the attenuation of the voltage amplifier. The NE -2
neon lamp acts as a voltage regulator to
stabilize the 65 volts used for energizing
the balance circuit.
The device is capable of 30 -dB gain
reduction or limiting, with less than
0.5 -percent harmonic distortion. The
gain reduction is a function of input
level and is independent of frequency.
12.85 Describe a pragrarn-distribution ansplilier?-An amplifier or amplifier system for distributing a program
signal to a number of feeds or services
simultaneously. Figure 12-85A shows
such an amplifier with a simple resis-

tive combining network in its output
for supplying six individual services.
The combining network is of the conventional balanced type commonly used

for sound mixers. The design of such
networks is described in Questions 9.25
and 9.44. Disadvantage of the circuit
shown is that little isolation between
circuits is afforded, and if trouble
should develop on any one feed circuit,
the whole transmission may be lost.
Combining amplifiers have also been
designed by making the output imped-

ance of the amplifier very low, on the
order of 1 to 2 ohms. The feed lines are
then connected across this low output
impedance using bridging impedances
of 1000 ohms. If one of the feed circuits

is shorted using this arrangement, lit-
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tie effect will be noted unless grounding
troubles develop. This type circuit
should be used only as a last resort.

The most desirable type program distribution system is that shown in

obtain an output level of plus 8 dBrn
for feeding broadcast lines All other
outputs arc zero dBm.

For feeds requiring a lower level,

Fig. 12-85B, where each feed circuit has

external pads are used. Connection of
the pad at the input of the source being

its own individual amplifier, affording
complete isolation from the other cir-

fed, rather than at the output of the
program distribution amplifier (if the

cuits. Now if trouble develops, only the
circuit concerned will he affected.

line is long), increases the signal-tonoise ratio as described in Question

The system shown in Fig 12-8513 was

developed for feeding radio and television networks, recording equipment,
and public address systems simultaneously. The program signal is fed from

the output of a mixer at a level of plus

4 dBm over

a

600 -ohm line to the

bridging bus of the distribution amplifier system. Twenty-two plug-in amplifiers of the type shown in Fig. 12-85C
are bridged across the bus Normally,
the amplifiers are designed to operate
from a 600 -ohm source; however, for
this particular application a bridging
resistor of 30,000 ohms is connected in
series with one side of the 600 -ohm input transformer. A 600 -ohm resistor is
connected internally in parallel with
the 600 -ohm input in the amplifier.
These two resistors form a 30,000 -ohm

bridging input pad as shown in

Fig.

12-85D. Installing the 600 -ohm resistor
in

the

amplifier and the

30,000 -ohm

23.133.

The method in which this amplifier
was used on one remote installation to
feed 22 different sources is shown in

Fig. 12-85E The circuit diagram of a
Langevin Type 5116 plug-in amplifier
is shown in Fig. 12-85F. Two views of
completed
program -distribution
amplifier appear in Figs. 12-85G and H.
the

The microammeter in the rear view
(Fig. 12-85H) is used for measuring the
plate currents of the tubes and is actuated by small push buttons on each amplifier chassis.
Two power supplies may be seen on
the lower shelf of Fig. 12-85G. The outputs of all amplifiers are terminated on
binding posts to facilitate the connection to lines and the connection of attenuator networks. Three Cannon XL
connectors are provided for the mixer
output and two output circuits for feeding magnetic recorders.

series resistor at the bus will permit the

The overall noise level of the am-

replacement of any amplifier without

plifiers is minus 79 dElm. Distortion is
0.11 percent at 400 Hz. The frequency

resorting to the use of a soldering iron.
Amplifiers 19 and 20 employ a 10,000 -

ohm bridging pad. This was done to

response is fiat within plus or minus 1
dB from 30 to 16,000 Hz.
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Fig. 1 2-85A. Program -distribution amplifier using a resistive network in the output.
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Fig. 12-85B. Program distributing amplifier system employing 22 separate amplifiers, one for each feed circuit. Amplifiers 19 and 20 employ 10,000 ohm bridging
pads to raise the output level to plus 8 dBm.

Fig.

12-85C. Langcrin type 5116 plugin amplifier.

fier. -The term differential associated
with an amplifier may be rather mis-

oscilloscopes for displaying a voltage
difference that exists at every instant
between the two signals applied to its

leading; in reality, it is

difference

inputs. When such an amplifier is used

amplifier. Such amplifiers arc used in

with an oscilloscope and two signals

/2.86

Describe o differential ampli-

a
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Fig. 12-850. Bridging pad configuration.
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Fig. 12-85E. Block diagram for program -distribution amplifier system.

differing in both amplitude and coincidence are applied, the oscilloscope will
display a complex waveform that represents the instantaneous difference be-

tween the two signals. On the other
hand, when the two signals are identical in every respect, no display will appear on the oscilloscope cathode-ray
screen.

being identical. As this cannot be obtained in practice, the amount of rejection for a particular design is stated as
a ratio between the two amplifiers, and
is called the common -mode rejection
ratio. Ratios of 20,000:1 are not uncommon. The design of such amplifiers is
discussed in Question 22.72.
12.87 What is a bridging amplifier?

The term differential implies a re-

-An amplifier having an input imped-

jection of equal amplitude and coinci-

ance of 10,000 ohms or greater and employing a special input transformer.
Such amplifiers are designed to operate

dent signals. However, the degree of re-

jection depends on the two amplifiers

Ol4.4

TP111.M.S
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014

%04.. (.11
iI
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TO AS

MTV OK":

Fig. 12-55F. Circuit diagram of Longerin

ype 5116 plug-in amplifiers.
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Fig. 12-85G. Front view of program -distribution amplifier showing the bridging bus
and output terminals. (Courtesy, Lookout Mountain Air Force Station )

from a low -impedance source, such as
600 ohms or less. Standard bridging

nected in such a manner that unusually
low internal noise is obtained with high

impedance are: 10,000, 20,000, 25,000, and
30,000 ohms.
12.88 What is a cascaded ampli-

gain. A typical cascoded amplifier, as
might be used in a piece of test equip-

lier?-An amplifier tube or tubes con-

ment, is shown in Fig. 12-88A. The amplifiers consist of three tubes: a 12AT1,

Fig. 12-85H. Rear view of program -distribution amplifier showing the 22 plug-in
amplifiers. The power supplies are at the bottom of the case. !'Courtesy, Lookout
Mountain Air Force Station
1
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6C4

Fig. 12-88A. A cascaded amplifier.

VIA and VIB, an output tube V2, and a
6C4 medium -mu triode.

Tube VIA acts

as a conventional

vary the gain over a limited range A
vacuum -tube voltmeter using a cos coded amplifier is described in Question

voltage -amplifier stage. The plate load

22.101

for this stage is supplied by the plate

A cascodc preamplifier circuit developed by H. Wallman which has unusually low internal noise is shown in Fig.

resistance of V1 and the 22,000 -ohm
resistor in the plate circuit of VIB. The
signal voltage is amplified by VIA and
direct -coupled to the cathode of V1B
The gain in VIB is obtained by connecting its control grid through an
0.05-µF capacitor to ground and isolating the control grid from the cathode of
VIB by means of a 390,000 -ohm resis-

tor. Thus, the control grid of VIB remains at a fixed potential while the
cathode voltage is varied. This causes
V1B to act as a grounded -grid amplifier.
Plate loading for VIB is supplied by
a 22,000 -ohm resistor in the plate cir-

cuit The output signal voltage is coupled from the plate of V113 through an

005-µF capacitor and applied

to the

control grid of V2. The output signal is
coupled through a 0.1 -AF capacitor and
returned to the cathode of VIA, creating a negative -feedback loop.
Current changes in the cathode circuit of VIA cause a change in the feedback voltage; consequently, the gain is
changed. In this manner, gain stability
is achieved. The variable resistor in the
cathode circuit of VIA may he used to

I2 -88B.
12.89

Whet is an expander anspli.

lierl-A reproducer amplifier with

a

nonlinear characteristic designed to increase its output level during loud passages of recorded music for the purpose

of increasing the dynamic range. The
amount of expansion is controlled by a
rectifier in the side amplifier which
utilizes the input signal to control the
rate of expansion
Volume -expansion amplifiers are, in
reality, variable gain amplifiers that
amplify the louder passages louder but
have little effect on the low-level pas-

sages. Thus, an approach is made to
the original volume range of the program material. Volume expansion is not

used in professional recording and reproducing equipment because of the
difficulty

in

maintaining the correct

ratio between the recording compression and the reproducing expansion
Volume expansion has seen some use
in home reproducing equipment; however, unless it is carefully controlled,

Fig. 12-886. The Waltman cascade preamplifier.
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In

Fig. 12.89. A volume -expander amplifier.

volume expansion introduces distortion
and will produce listening fatigue. Also,
with the modern methods of recording,
volume expansion is not required be-

cause of the wide dynamic range recorded in the original masters.
The circuit for a typical volume expander is shown in Fig. 12-89. The input signal is applied to the control grid
of VI, a phase inverter. and then to the
control grids of the push-pull stage.
V2 and V3. Simultaneously, the input
signal is applied to the control grid of
a side amplifier V4 and then to VS
which is transformer -connected to

a

full -wave rectifier V6. The output from
V5 is rectified and applied to the con-

/2.90 What is a compander?-An
amplifier similar to an expander, except
for this important difference - the music
in the original recording is compressed
within a given range. When reproduced

by the compander amplifier, the program material is expanded in the same
ratio as recorded. Because of the difficulty in controlling the recording and
reproducing characteristics, this system
has not been used to any great extent.
/2.91 What is a tuned amplifier?-

An amplifier designed to pass only a
given hand of frequencies. It is used in
equipment and radio -frequency amplifiers.

audio test
12.92

What

is

a

transformer -cou-

trol grids of the 6SKT variable -mu tubes

pled amplifier? -An amplifier in which

in the output stage. An initial bias voltage is set by pot P1 in the rectifier cir-

the stages are coupled by transformers,
as shown in Fig. 12-92.

cuit which establishes the amount of

12.93

What is an impedance -cou-

volume expansion. The changing value

pled amplifier?-An amplifier coupled

of the rectified de signal at the output
of V6 controls the amount of amplification of the variable -mu tubes V2 and
V3 Thus, volume expansion controlled
by the amplitude of the program signal

between stages by means of large choke

is achieved.

cuit must have a

coils in both the plate and grid circuits.
as shown in Fig. 12-93.

The disadvantage of this type coupling is that the choke in the plate cirreactance at least
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Fig. 12-92. A two -stage, transformer -coupled amplifier.

+6+

Fig. 12-93. A two -stage, impedance -coupled amplifier.

twice that of the plate resistance of the
tube at the lowest frequency to be am-

plified. The choke in the grid circuit
must also be of large proportions, which
complicates the design, because the distributed capacity in the windings affects
the high -frequency response

frequency response curve for the particular device.
/2.97 How many times does the
phase of a signal reverse in an amplifier?

-The number of phase reversals will
depend on the number of tubes, transformers, etc. A typical two -stage ampli-

What is a video amplifier?-

fier is shown in Fig. 12-97 with the

A wideband, resistance -coupled ampli-

phase reversals shown by the instantaneous sines above the circuits. The total
phase reversal for the amplifier shown
is 720 electrical degrees.
For a single -stage transistor amplifier, the only configuration that will
provide 180 degrees phase reversal be-

12.94

fier with a frequency response bum a
few hertz

up

to several megahertz

They are used as picture amplifiers in
television sets, radar equipment, oscilloscopes, and many similar types of
equipment requiring extremely wide
frequency characteristics.
What ore in -phase amplifiers?
12.95

-Amplifiers using cascade. grounded grid, and inverted -input circuits. The
input and output signals are in phase
with each other.

What does the term renal/
meant-The frequency response is
slowly tapered off at either end of the
12.96

tween the input and output circuit
the grounded -emitter circuit.
Question 11.60.)
12.98 What are considered

is

(See

good

engineering practices in the design of

audio amplifiers?-When practical, the
power -output capabilities of an amplifier should he 6 to 10 dB higher than
the working output level. The total nt.'s

Fig. 12-97. Phase reversals in a two -stage, transformer resistance -coupled amplifier.
Total phase reversals equal 720 electrical degrees.

THE AUDIO CYCLOPEDIA

558

harmonic distortion should not exceed
two percent at the maximum power
output level, and one percent in the
operating level. The internal noise
should not be less than 40 dB below
the maximum power output for monitor
and sound reinforcement systems. For
recording systems, it should be at least
1;0 dB.

12.99 Is it practical to couple a
tetrade or pentode by means of a translormer?-No; the plate impedance is too

resonate with the primary of the transformer at the low frequencies; otherwise, a severe resonant peak may result. For triode operation the value of
the resistance (12,.) generally falls between 2.5,000 and 50,000 ohms. if an in-

ductance is used, it must have an inductive reactance twice that of the plate
resistance of the tube at the lowest frequency to be amplified.
12.101
II a dc milliammeter is con-

nected in the plate circuit of a classA

high. Such tubes are generally resist-

amplifier, how does it react when a sig-

ance -coupled. This statement should not
be applied to a beam -power tube which

nal is applied?-lf the tube is correctly

a power -output tube and may be

is

biased, the meter will indicate a steady
current, either with or without a signal

classed as a tetrode or a pentode, depending on its internal structure. (See

at the input. As the signal amplitude

Question 11.2.5.)
12.100 What is parallel -plate cou-

range, the plate current will start

pling a transformer?-Many times the
manufacturer of a high quality transformer will specify that the transformer
is to be operated with zero direct current in the primary winding to prevent
saturation of the core Referring to Fig.
12-100, the primary of the transformer
is fed from the plate of the driver tube
through a large coupling capacitor and
the lower end of the transformer is re-

turned either to the cathode of the
driver tube or to ground. A resistor or
an inductance is connected in the plate

circuit of the tube to carry the plate
current. Thus, only the ac signal current flows through the primary of the
transformer. The coupling capacitor C
must be of such a value that it does not

is increased above the normal operating

rent swing will be the greatest in the
positive direction.
Operating with the correct bias volt-

age and not overloaded but near the
maximum signal voltage, the plate cur-

rent will swing through a small arc of
equal amounts of current, plus and
minus the steady current (no signal).
12.102

ri:ourrvr

What

happens

when

the

control grid of o class -A amplifier is
driven into the positive region of grid
toltagel-Grid current is caused to
flow. The tube is driven into saturation
causing It to draw excessive plate current generating harmonic distortion.
12.103

C

APUT

to

fluctuate and, at the point of overload,
will fluctuate quite rapidly over a wide
range of current. If the tube is over biased, the current will drop considerably and, if under -biased, the plate cur-

What is a zero -biased oper-

ated tube?-A circuit In which the control grid and cathode circuits of a tube
are both returned to ground. Such circuits are discussed in Question 11.62.
12.104 What is a push-pull ample-

fler?-An amplifier circuit employing
two tubes connected as shown in Fig.

(a) Resistance coupled.

12-104.

The tubes may be operated

either class -A, -AB. or -B (class -C is
used for radio -frequency amplifiers
only). Push-pull amplifiers afford
greater output power with lower distortion and arc used extensively in
high -quality sound recording and re-

IOW

producing systems. Referring to the
diagram, it will be noted the upper half

(b) Impedance coupled.
Fig.

12-100.

Transformers

parallel -

coupled to the output of a triode.

of the circuit is similar to the lower
half; therefore, the tubes must be of the

same type with the saine static and
dynamic characteristics. A common bias
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resistor may be used for both tubes.
Transformer T2 supplies the load impedance to the plates of tubes VI and
V2 and couples them to the external
load circuit. The primary of the output
transformer is continuously wound and
tapped in the exact impedance center of
the winding and then connected to the
plate supply voltage E,.,.. The symbols
for the various signal currents and volt-

ages are indicated by the subscripts,
which indicate which tube it is associated with.
It will be noted the control grid voltages E.i. and
are of the same
amplitude but 180 degrees out of phase
with respect to each other. This same
condition prevails for the signal output

sinusoidal plate currents 1,, and I,: flow

in the primary of transformer T. Current 1,., is 180 degrees out of phase with

I,: since the two control grid voltages
are 180 degrees out of phase with each
other. During positive swings of I,.,
point B on the primary becomes more
negative with relation to point A. At the
same time, the fall in 1,, causes point C
to become less negative with respect to
point A by an equal amount. Therefore,

the voltage across the entire primary
E... is twice the value of either E,., or
A half -cycle later all polarities will
be reversed.

E., and E., but, in addition.

across the
Again the voltage
primary is equal to E., plus E,. The
relationship of E.., in terms of E.,
and E.,: will hold true for all instanta-

they are 180 degrees out of phase with
the signal voltages on the control grids.

neous values of plate current.
It is of importance that the signal

The plate currents I" and 1,, are also

voltages supplied to the control grids
be of equal amplitude and exactly 180
degrees out of phase with respect to

voltages

of equal amplitude and 180 degrees out
of phase. The instantaneous voltage

across the entire primary winding of
the output transformer is E,,,,.. The

each other. These voltages may be ob-

current in the output
winding is designated L and, without a
signal at the control grids, is zero.

transformer or a phase inverter similar
to that described in Question 12.50. The

instantaneous

The dc path of tube VI is from the
cathode to the plate through the upper
half of the output transformer T2

(points B to A) and back through the
power supply to the cathode. For V2
the path is from the cathode to the
plate through the lower half of T2
(point C to point A) and hack through
the power supply to the cathode. Points

B and C are equally negative (no signal) with respect to point A. since the
steady plate current is equal in both
halves of the primary. Thus, total magnetizing force in the primary is zero
and dc saturation of the core is avoided.
When sinusoidal signals E.,, , and
E.,, , are applied to the control grids,

tained

by means of

a

center -tapped

characteristic of a class -A
amplifier is described in
Question 12.226. As a rule, for high
power class -AB amplifiers, a self -bias
resistor is not used but a fixed -bias
voltage is employed as described in
dynamic

push-pull

Question 12.229.
12.105 What are the advantages of

operating tubes in push-pull?-Broadly
speaking, a greater power output is
possible with less harmonic distortion.
More specifically, triode tubes which
predominate in even harmonic distortion products can be operated at load
values which will result in an increased
power output and cancellation of the
even harmonics. Under the proper load
conditions, output powers up to 2.5

Fig. 12-104. Basic principles at a push-pull amplifier.

560

THE AUDIO CYCLOPEDIA

to 3 times that possible with a single
tube may be obtained, with distortion

ended amplifier. In certain types of
push-pull amplifiers, the efficiency is
quite high.

components less than those of a single
tube.

Beam -power

although

tubes,

they

Because the odd harmonics predomi-

may be considered to be pentodes, are

nate in a tetrode (four element tube)
or a pentode (five element tube), they
are not cancelled when operated in
push-pull. However, if a pentode is

treated differently; as a rule, the load
impedance is roughly one -fifth that of
the plate resistance. The value of the
load impedance is determined by the
class of operation and the type bias
(self or fixed). Negative feedback is
also recommended for operation with

operated into a higher than normal load

impedance, the power output can be
increased (with an attendant increase
of second harmonic distortion). Operation of pentodes in push-pull will result
in the cancellation of the second harmonic, leaving only odd harmonics. By
the use of the proper load impedance
and the addition of negative feedback,
the push-pull connection may be used
to

these tubes.

/2.106 Why is it necessary to bypass the cathode resistor in a push-pull
amplified-Because it is next to impossible to maintain a perfect balance
at all times between the two halves of
the amplifier. If the tubes are perfectly
balanced, the current flow through the
cathode resistor for each tube is exactly

lower odd harmonic distortion to

negligible proportions.
Push-pull operation eliminates the
de magnetization of the transformer
core material, preventing core saturation and distortion caused by the nonlinear magnetization of the core material. Power -supply ripple is cancelled

the same. The odd harmonics cancel
and only the even harmonics remain.
This condition will cause the phase relationships to be such that the even
harmonic components create a negative -current feedback, reducing the distortion by degeneration. When the

by the fact that the plate currents in
the amplifier are balanced; therefore,
any ripple in the plate circuits caused
by ripple voltage from the power supply will be cancelled. This reduces the
amount of filtering in the power supply

tubes are not matched and the plate
currents are out of balance, the phase
relationships become such that odd harmonics are generated. This causes posi-

tive feedback with the odd harmonics
predominating. Therefore, it is advis-

compared to that required for a single Is
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Williamson ultralinear amplifier.
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able to bypass the bias resistor with a
large capacitor of 40 to 100 ;IF. How-

pacitors?-The grid resistors should be

ever, one of 500 to 1000 AF is often used.
As the voltage across a cathode resistor

capacitors as close to the required values as possible. If the two coupling
capacitors vary in capacitance in opposite directions, at frequencies below
50 Hz the capacitive reactance varia-

rarely exceeds 50 volts, these are not
impractical values. The effects of a
cathode -bypass capacitor relative to the

intermodulation distortion in a Williamson amplifier using a pair of wellbalanced tubes is shown graphically in
Fig. 12-106. Using one -percent inter modulation as a reference distortion, it
will be noted the power output for one
percent distortion is 16 watts without
a cathode -bypass capacitor. Connecting

a capacitor of 50 µF across the bias
resistor increases the power output to
watts for one -percent distortion.
Increasing the capacitance to 100 ;.4F,

19

the power output

is increased to 24

watts for the same distortion. Increasing the capacitance to 200 isf. increases

within one percent and the coupling

tion with frequency will be considerable. Thus, the two voltages produced

by the phase -splitting circuit will not
be of the same amplitude at the lower
frequencies, resulting in an unbalance
and an increase in harmonic distortion.
Capacitive reactance balance at higher
frequencies is not important, as reactance of the capacitors is small; however, if excessive stray capacitance

exists in the wiring, it may cause unbalance and subsequent distortion.
12.109 What are the impedance relations of a push-pull output transformer
relative to the plate resistance of the

same distortion, because the amplifier

tubes?-Because the tubes in a pushpull amplifier are effectively in series

has reached its maximum power output.

and parallel with the primary of the

If the amplifier is designed for sepa-

output transformer, the plate -to -plate
impedance of the transformer must be
twice that of the plate resistance of the
tubes. (The above statement applies to
triodes only.)
It appears that each tube in a pushpull amplifier sees only one-fourth its
plate resistance on the basis of turns
ratio. However, a push-pull transformer
is a three -winding device and the reaction of one-half the primary winding to
the other half is such as to cause each
tube to see one-half the plate -to -plate
impedance. Removing one tube from
the circuit will result in the remaining

the output only one-half watt for the

rate bias resistors, one in each cathode,
each resistor is bypassed separately. If
this is not done, the output plate im-

pedance will be increased because of
degeneration. Mitchell concludes. "In a
class -A amplifier, the use of a hypass
capacitor across

the output cathode
generally reduces intermodulation distortion although it may either decrease
or increase the harmonic distortion"
12.107

How is the self -bias resistor

calculated for a push-pull simplifier?By the use of Ohms law:

R-I.
where,

I,

pedance.

12.110

is the desired bias voltage,
is

tube seeing one-fourth the plate im-

the plate current for the two

tubes.

The bias voltage is that required for
one tube. If the tubes are pentodes or
beam -power tubes, the screen -grid cur-

What

is

the equation

for

calculating the plate -to -plate load impedance for a push-pull amplifier?-The
two tubes in a push-pull amplifier may
be considered to be two generators in
series working into a load impedance
of equal values. (See Fig. 12-110.) The

rent must he included in the total current flow tbrough the bias resistor.
For calculating the value of a bias
resistor for beam power, tetrode, and
pentode tubes, the minimum plate and
screen currents as stated by the manufacturer are used. For fixed -bias applications see Question 12.229.
12.108 If a phase-splitter is used
for driving a push-pull stage, how critical

are the grid resistors and coupling ca-

Fig. 12-110. Plate -to -plate load impedance equivalent circuit of a pushpull amplifier stage.
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B+

Fig. 12-112. A push -push frequency -doubling circuit. The plate circuit is resonated
to the second harmonic of the fundamental frequency.

used for fre-

plate -to -plate impedance is equal to the
reflected secondary load impedance.
The primary winding is continuous and
tapped at its exact electrical center.

nected in parallel. It

The plate -to -plate impedance may be

harmonic of the frequency applied to
the control grids. The bias is adjusted

calculated:

2,j.= (-

21.1,y
P4r

is

quency doubling.

The amplifier is operated class -C.
The plate circuit is tuned to the second
for a maximum output. (See Fig.
12-112.)
12.113 What are the phase shift

characteristics of an amplifier?-Phase

or

R,.. r.
where,

Z.4 is the reflected load impedance

seen by the plates of the tubes,

121. is the external load impedance,

N, is the number of turns in one-half
the primary winding,
N, is the number of turns in the secondary winding,
r, is the plate resistance of each tube.
12.111 What is a push-pull parallel
amplifier? -A push-pull amplifier in

which two tubes are connected in parallel in each side of the circuit as shown
in Fig. 12-111. For this type operation,
the impedance of the output transformer primary, plate -to -plate, is onehalf that normally used for two tubes.
The power output is increased approximately six times that of a single tube.
To prevent parasitic oscillation, a
resistor is connected in the
plate circuit of each tube and a 47,000 ohm resistor is placed in series with
each control grid. The plate currents of
each tube should be approximately the

shift is a problem that exists in almost
any equipment that must pass complex
waveforms, and amplifiers are no exception. In modern wide -range high quality amplifiers, phase shift is a very
important characteristic. Phase shift as
discussed here should not be confused
with phase reversal discussed in Question 12.97 and Question 11.60.
If

one frequency component of

a

complex waveform takes longer to pass

through an amplifier than another, a
time delay or displacement occurs and
the output waveform is not an identical
reproduction of the input waveform.
This is phase distortion. In general,
phase distortion causes a loss of articu-

lation and a decrease in the intelligibility of speech.

47 -ohm

(a) Fundamental and third harmonic.

same to secure the lowest distortion.
The amplifier shown will produce 30
watts of power with approximately 0.75
percent rms distortion.
12.112

What is a push -push ampli-

fiorT-An amplifier with an input circuit similar to a push-pull amplifier.

The control grids arc operated 180 degrees out of phase. The plates are con-

(b)Distorted waveform.
Fig. 12-113A. The appearance of a fundemental frequency and its third harmonic after being distorted by passing

through an amplifier with phase shift.
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Fig. 12-1138.

Phase -shift characteristics

of an omplifier. (a) Constant phase shift
(ideal/. (1s) With phase shift.

Fig.

12-1148.

An amplifier with a fun-

demental frequency f. applied to the
input. and a second harmonic f. gen-

erated within the amplifier because of
A signal consisting of a fundamental
frequency and its third harmonic is
shown at part (a) in Fig. 12-113A.
Although the amplitudes of both components are increased in identical ratios
as they pass through the amplifier, the
resultant waveform at the output.
shown at (h) is considerably different
from that of the input, because the
phase of the third harmonic has been
shifted with respect to the fundamental
frequency. Phase distortion is introduced in amplifiers because of the reactance in the circuits, and the type
coupling used between the stages. A
typical phase -shift characteristic is
shown in Fig. 12-113B.
In an amplifier using negative feedback, unwanted phase shift may be
caused by the components in the feed-

back loop or the output transformer
The measurement of phase shift is discussed in Question 23.111.
12.111 What are the effects of non -

linearity in an amplifier?-Nonlinenrity
in an amplifier is generally the result
of operating the amplifier tubes in the
nonlinear portion of the characteristic
curve (Fig. 12-114A). Operating vac -

internal distortion. The output waveform
is distorted because it contains both the
frequencies f, and

twin tubes in the nonlinear portion of
the characteristic curve causes generation of unwanted harmonic distortion
and intermodulation products, and as
the harmonics are not a part of original

program material, they cause distortion
of the output signal waveform
As an example: If a fundamental
frequency f. (Fig. 12-114B) is applied

to the input of an amplifier, and because of its nonlinearity characteristic it
generates a strong second harmonic f,

and the output waveform will be distorted. This is caused by the combining
of the generated second harmonic with
the fundamental frequency.
Fig. 12-114C is a plot showing the
characteristics of a linear and non-

linear amplifier. It will be noted for
the linear plot (a) the output voltage
rises directly in proportion to the amplitude of the input signal, resulting in
a straight line between Input and output voltages.

Plotting the input signal amplitude
versus the output voltage for a nonlinear amplifier results in a characteristic as shown by the dashed line (b)
As may he seen, the output voltage does
100
DO

i- 60
40
20
POUT
VOL

Who

20

ea

40

tO

SO

be

E OUTPUT

a vacuum tube incorrectly biased and
operating on the nonlinear portion of its

12-1I4C. Input and output characteristics of an amplifier with a linear
response :a) and one with a nonlinear

dynamic transfer characteristic.

response (b).

Fig. 12-114A.

Dynamic characteristics of

Fig.
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not rise in the same proportion as the
input signal. Although the nonlinear
characteristic is shown as a straight
line, it will generally bend near the
upper limits.
The measurement of nonlinearity in
amplifiers is discussed in Question 23.94.
72.715 What is frequency distortion

in an amplifier? -11 the gain frequency

characteristics of an amplifier arc not
uniform, certain frequencies will he
amplified to a greater or lesser degree
causing the ratio between frequencies
to be changed from the original waveform ratios. Thus, when frequencies
passed through an amplifier arc not
amplified with their original amplitude
ratios, this is called frequency distortion. If the high frequencies are amplified excessively, the harmonic distortion
will be increased. (The foregoing state-

ment does not apply to an equalized
amplifier.)
12.116 Define the term intermodulotion distortion.-In amplifiers and
other electrical devices designed to pass
a multiple frequencies, sum and difference frequencies may be generated
inducing intermodulation distortion. Intermodulation distortion may be de-

565

sound much cleaner than an amplifier
of comparable harmonic distortion. It is
generally agreed that sound recording
and reproducing systems must have less
than 1 -percent intermodulation distor-

tion.

Other forms of distortion aside from
just mentioned are harmonic,
phase -shift, frequency, and noise. Distortion may also be caused by magnetic
fields from power transformers and
chokes, and the overloading of the output transformer which causes saturation of the core material.
12.777 What is random noise?Spurious frequency signals which are

that

amplified with the program material.
Random noise is caused by thermal agi-

tation produced by the movement of
electrons in a material. This movement
of electrons causes minute pulses which
are intermixed with the signal voltage
and amplified. Random noise covers the
entire frequency band and is the limiting factor in the design of a low-level,
high -gain amplifier.
12.118

What is the shot efface-

Noise in a vacuum tube caused by the
movement of

electrons

between

the

fined as the production in a nonlinear
circuit element of frequencies corre-

cathode and plate elements. This effect
causes unsteadiness in the plate current
and is amplified with the signal voltage.

sponding to the sum and differences of
the fundamentals and harmonics of two

BRIDGING

or more frequencies which arc trans-

BUS

mitted through that element.
Designating two fundamental frequencies fi and f, the intermodulation
products will consist of second and
third order terms. In general none of
these terms is harmonically related to
either of the fundamental frequencies.
Intermodulation distortion will man-

ifest itself as a harsh or rough unpleas-

ant reproduction, or by a buzz at the
higher frequencies. This type of distortion is not directly related to harmonic
distortion and cannot be measured
using a conventional harmonic analyzer
or meter. Therefore, special intermodulation analyzers have been developed
for this express purpose. (Sec Questions 22.129 and 23.117.) To date, no sig-

nificant psychological tests have been
made to determine just how much intermodulation distortion can be tolerated by the human car. (See Question
1.118.) However, it is sufficient to say
that amplifier systems having a low
order of intermodulation distortion

AMPLIFIER

600 II

TERMINATION

VU OR VI
METER

1 2-1 1 9. VU or VI meter with on
amplifier connected ahead of the meter
to increase the voltage level.
Fig.

12.179

Describe the use of a VU or

VI meter amplifier.-When the voltage
level of a sound circuit is too low for
the use of a standard VU meter, an
amplifier may be connected ahead of
the meter, and the signal amplified before it is applied to the meter (Fig.
12-119).

The disadvantage of this method is
gain variations in the amplifier caused
by tube variations and operating voltages. However this may be overcome to
a great extent by the use of a semiconductor amplifier highly stabilized by the
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use of a generous amount of negative
feedback and regulated operating voltages. Even then, the calibration should
be frequently checked if the meter is
connected in a critical part of the sysWhenever possible, the meter
(without amplifier) should be connected
across a circuit impedance of 600 ohms
tem.

and of the correct voltage level. The
frequency

response of the amplifier
must be uniform across the frequency

(a) Resistance -coupled.

band of interest. (See Question 12.196.)

To calibrate the meter with the amplifier, a plus 4-dBm signal is applied
to the amplifier input and the amplifier
gain adjusted for a 100 -percent reading
on the meter (100 percent on a standard

meter is plus 4 dBm), with the meter
atfenuator set to plus 4 dBm. (See
Questions 10.17 and 10.24.)
12.120 What is ci buffer amplifier?

-A stage of amplification between an
oscillator or other device to isolate it
from succeeding stages.
12.121 What is a frequency -doubler
stage?-An amplifier stage having a
resonant circuit in its plate circuit
tuned to a harmonic of the fundamental

frequency at the input. They are used
in radio transmitting equipment and in
test equipment. A push -push amplifier
is a frequency doubler. (See Fig. 12112.)

72./22

What

is

a

grounded -grid

amplifier?-A vacuum tube connected
as shown in Fig. 12-122. The incoming
signal is applied to the cathode across
a low resistance while the output signal
is taken across a high -resistance loud

in the plate circuit. The control grid is
tied directly to ground. The input and
output signals are in phase.
Grounded -grid amplifiers are often
used to couple a low -impedance source
to a high -impedance load, thus providing gain as well as an impedance match.

(b) Transformer -coupled.
Fig.

12-122. Grounded -grid amplifiers.

The theoretical gain of a grounded -grid
amplifier may be computed:

V, = (1 4- m.)

4+ Z...

where,

r, is the plate resistance,
Z, is the load impedance including the
capacity between the grid and
plate, neglecting the capacity between plate and cathode.

g is the amplification factor of the
tube.

In some respects it may be said a
grounded -grid is the reverse of a cathode -follower amplifier.
12.123 What is a grounded -plate

amplifier?-This is another name of a
cathode -follower amplifier as described
in Question 12-41.
/2.124 What is a gas -tube coupled

amplifier?-An amplifier using a gas filled tube as a coupling medium be -

INPUT

OUT PUT

+

Fig. 12-124. A two -stage, RC amplifier using a gas -filled tube in place of the usual
coupling capacitor.
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OUTPUT

Fig. 12-125. A two -stage, autotransformer-coupled amplifier.

tween stages. A typical circuit is shown
in Fig. 12-124. The first stage is a conventional amplifier with a resistive
plate load. Instead of the usual coupling
capacitor, the control grid of the second

stage is fed from the plate of the first
tube through a small neon tube. Voltage -regulator tubes, as a rule, are not
satisfactory because of their high operating potentials. The purpose of such
coupled

amplifiers

is

to

reduce

the

phase shift generally associated with
resistance -coupled amplifiers at the extremely low frequencies. Gas coupling

to autocoupling. therefore it is
seldom used.
12.726 What is a series or single tage

ended push-pull amplifier?-An output
stage in which two tubes are connected
in series across the direct -current
plate -voltage supply, as shown in Fig.

12-126. The output tubes arc driven
from a phase -inverter stage which produces two voltages of equal amplitude
but 180 degrees out of phase.
The unique feature of this phase -inverter circuit is that it drives each tube

from its own control grid to its own

is only practical at fairly high signal

cathode circuit, driving the tubes in a

levels because of the high internal noise

balanced fashion.

level of a gas tube. The frequency response and stability may be improved
by the use of negative feedback by
eliminating the usual cathode -bypass

The advantages of this circuit are
that it has a single -ended output and is
capable of driving a two -terminal load

capacitors.
12.125
What is an °Warrens/clime,coupled amplitierl-An amplifier as
shown in Fig. 12-125 which uses an

autotransformer rather than the conventional two -winding coil to step up

such as a loudspeaker voice coil, and
requires no output transformer. The
advantages of eliminating the output
transformer arc manifold; also, large
amounts of negative feedback may be
applied with a high degree of stability,
enabling very low distortion character-

the voltage between stages. The auto transformer is parallel -coupled to the

istics to be obtained. With modifications

plate of the first tube to eliminate the

sistor output stages.

direct current through the
winding. There is no particular advan-

12.127 What is a cathamplifier7A push-pull amplifier circuit in which

flow of

this circuit is used extensively in tran-

r-PASE INVERTER-4-OUTPUT STAGE

Eee

iNPuT

Fig. 12-126. Basic circuit of a single -ended push-pull amplifier.
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Fig. 12-127. A push-pull cathamplifier.

the push-pull input transformer is con-

output transformer at

nected to the cathodes, as shown in Fig.
12-127. The input signal is applied di-

18.5 percent of the primary impedance

rectly to the control grid of tube VI and
to the secondary of transformer Ti.
Transformer T2 is a conventional pushpull output transformer.
12.128 What is en ultralinear am-

plifierl--An amplifier circuit designed
for

high quality

sound

reproduction

a

point about

(measured from the center tap of the
primary winding). This provides an intermediate operating point between a
pentode and a triode, with the power
output of a pentode and the low internal output impedance of a triode. Under
the above operating conditions, the tube

functions as a pentode with negative

which was developed by Haller and

feedback applied to the screen grid, re-

Kerocs and employs a special output
transformer. (See Fig. 12-128A.)
When a pentode tube is operated
with the screen grid and the plate elements at the same positive potential.
pentode operation is obtained. If the
screen grid is connected to the plate
element and fed from the same end of
the output transformer, triode operation

sulting in lower distortion products at
the higher levels of operation. When the
MEW PA
011Ca

is obtained.

In the ultralinear method of operation, the screen -grid element is re-

12-128A. An ultralinear output
transformer designed for use with 5881

turned to a tap on the primary of the

or 6L6 beam -power tubes.

o

0.6SN7GT

A 6SLIGT

-

Fig.

0616 os
5881

ear,

Fig. 12-1288. An ultralinear amplifier using 6L6 or 5881 tubes.
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ultralincar circuit is used in conjunction with the well-known Williamson
amplifier circuit (Fig. 12-232A), a power
output of over 20 watts is possible from
a pair of 5881 tubes, with less than one
percent intermodulation distortion.

The impedance of the output transformer for ultra linear operation is
shown in Fig. 12-128A. The impedance
from plate -to -plate is 6600 ohms and

from screen grid to screen grid is approximately 1300 ohms.
Referring to Fig. 12-128B, negative feedback voltage is taken from the sec-

ondary winding of the output transformer and carried back to the cathode
circuit of the first tube, through a 5600 ohm resistor shunted by a 120 pF
capacitor. The capacitor assists in maintaining a smooth frequency response
above 100 kltz and also helps maintain
a constant 180 -degree phase shift at the

higher frequencies. The total feedback
is 20 dB. The frequency response has

been extended to more than two octaves above the usual 20 to 20,000 Hz.
This wide frequency response is necessary to maintain a constant phase shift
and improve transient response.
The weakness of the amplifier lies in
the fact that its negative feedback becomes a positive feedback at ultrasonic
and subsonic frequencies, leading to a
considerable amount of distortion at the
lower frequencies, unless it is very
carefully designed. The amount of negative feedback applied to the first stage
should not exceed 20 dB.
Tests for oscillation at inaudible frequencies may be made by the application of a square wave to the input while

observing the output waveform on an
oscilloscope.

In sonic circuit designs of the Williamson amplifier using the ultralinear
output stage, high -frequency oscillation
will occur when a capacitive load such
as an electrostatic loudspeaker is connected across the output, or the leads

of the loudspeaker have considerable
distributed capacity. The measurement
of capacitive load effects is discussed in
Question 23.125.

12./29 What is a Circlotron amplifierT-An amplifier circuit developed by
Wiggins, and manufactured by ElectroVoice Inc., using a specially designed
output stage employing two GV6 beam
power tubes which develop an unusu-

ally large amount of power with low

distortion. One of the fundamental requirements of a high -quality amplifier
is that it have an output transformer
with negligible leakage reactance. This
leakage reactance must be low to avoid

the transient distortion resulting from
collapsing currents such as those encountered in class -AB or -B push-pull
amplifiers when the tubes arc driven
beyond cutoff. Transient distortion appears as a parasitic oscillation in the
waveform at the instant of cutoff. A
high value of leakage reactance will.
also cause the output transformer of a
conventional amplifier to lose efficiency
at the high frequencies; therefore, the
distributed capacitance of the output
transformer should be very low, in

order to minimize high -frequency attenuation and phase shift. It is claimed

for the circuit of Fig. 12-129A, a Wiggins Circlotron amplifier, that this objectionable feature of the conventional
amplifier is overcome.
Fig. 12-129B is a simplified version
of the above amplifier. Two power sup-

plies are indicated as batteries. Each
power supply is connected from the
plate of one tube to the cathode of the
other. The plate current of each tube
circulates through both power supplies
without traversing the windings of the
output transformer. Because any pair
of opposite points in this configuration
is equipotential, the circuit is a balanced bridge under no -signal conditions.

The total primary impedance of the
output transformer presents a load to
each of the two output tubes. One-half
of this load is in the cathode circuit and
the other half is in the plate circuit. The

plate load of one tube is the cathode
load of the other. Because each tube
looks into the same load as the other,
the result is unity coupling between the
tubes. Despite the residual leakage reactance in the transformer, no switching transients can occur during the operation of the amplifier, for both halves
of

the

transformer primary winding

have the same signal current flowing in
them; thus, switching transients are
eliminated
The impedance of the primary wind-

ing is one-fourth that of the conventional amplifier; therefore, the distributed capacitance is less. Also, the leakage reactance makes a wide frequency
range more easily attained. The quies-
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cent current being low results in higher
efficiency

and produces more power

without exceeding the dissipation rating
of the tubes.

The gain of the Circlotron output
is approximately unity; thus, it

stage

requires a high signal driving voltage.
This higher signal voltage is obtained
by means of a technique called "bootstrapping." By this method, the B -plus
supply voltage to the driver stage is
dynamically changed as the signal volt -

Fig. 12-129A. Wiggins Circlotron
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age changes. This permits linear operation over a wide range.
Variable damping is also provided in
the output to present a means of matching the impedance characteristics of the
loudspeaker system to the amplifier at

the lower frequencies. The values of
critical damping resistance vary
widely with different type speakers and
the

are dependent upon the flux density,
type of enclosure in which the speaker
is mounted, the length of the conductor

OUTPUT
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0
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OUTPUT

DINER
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20 -watt power amplifier.
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in the air gap, arid, to some extent, the
position of the speaker enclosure in the
room.

The variable -damping control circuit
is so designed that varying amounts of
reactive voltage and current feedback
are combined to match the effective impedance while maintaining the total
feedback at a constant value. (Variable damping is discussed in Question
12.242.)

The maximum power output

available is independent of the damping
factor and remains constant for all settings of the damping control. Referring
to Fig. 12-129A, the incoming signal is
applied to the control grid of VIA
which is coupled to a split -load phase

splitter VIB which, in turn, drives a
push-pull driver stage V2A and V2B.
The output stage V3 and V4 is cathode
coupled to the external load circuit by
means of transformer T2. The primary
of the output transformer is connected
to the cathodes of the output tubes and

center tapped to ground. A fixed bias
voltage is applied to the control grid of
the output tubes. This is supplied by a
half -wave rectifier M2. (Fixed bias cir-

Fig. 12-129B. Basic circuit for Wiggins
Circlotron power amplifier.
circuit. (See Fig. 12-130.) At low levels
the amplifier operates as a triode am-

plifier with the beam -power tubes at
cutoff. At the higher levels, the output
is almost entirely from the beam -power

cuits are discussed in Question 12.229.)
Negative -feedback voltage is obtained
by taking voltage from the 16 -ohm tap

tubes. The plate dissipation is about
one-third that of a normal class -A amplifier for the same power output.
In the circuit shown, a power output
of 47 watts may be obtained with low

of the output winding and returning it

distortion. The input signal may he

to the potentiometer R2A in the cathode

supplied from either a transformer or a

circuit of VIA. Negative -current feed-

phase splitter.

back

is

obtained

by

connecting the

ground side of the output winding to
the junction of R2A and R2A in the
cathode circuit of VIA. These two controls are mechanically connected and
operate as a unit.
The power output is rated at 20 watts
(40 watts on peaks), at less than 0.5 percent harmonic distortion, or less than
one -percent intermodulation. Hum and
noise are rated 85 dB below 20 watts
or minus 42 dBm. The feedback is 19 dB

12.131
Are the frequency characteristics of a power amplifier the same
at all power levels?-Unless the output
transformer is of unusually good design, frequency response will show a
loss at both the high and low ends at
higher output levels. Typical power

curves are shown in Fig. 12-131.
12.132 Describe on output transformerless amplifier IOTA).-It is an

amplifier that does not use an output
transformer. The external load circuit

in the output circuit, 10 dB in the feedback loop, and 2 dB positive feedback
in the driver circuits, making a total of
33 dB total negative feedback. The frequency response is plus or minus 1 dB
from 20 to 60,000 Ilz at 20 watts output.
The damping factor is adjustable from

is generally connected to the cathode of
the output tubes, through a 100- to
1000-uF capacitor, to the external load

0.1 to 15. The input impedance is 250,000

and ground. A typical OTL circuit

ohms with a 0.1-ALF isolation capacitor
in the input.

shown in Fig. 12-132.
12333 What is a preliminary am-

12.130

What is an extended class -A

amplifie0-A push-pull amplifier employing a triode and a beam -power tube

in parallel on each side of a push-pull

circuit, such as a voice coil of a loudspeaker. The capacitor is only required
if the external load circuit will cause a
current flow between the output point

plifier?-This

is

another name for

is

a

preamplifier. (Sec Question 12.72.)
12.134

What is a dielectric ampli-

fier?-An amplifier requiring no vac-
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Fig. 12-130. A push-pull parallel, extended class -A amplifier using a combination
triode and pentode connection.
uum tubes but employing n device similar to a capacitor using polycrystalline
dielectric which exhibits a ferromagnetic effect. Ceramics using barium
titanate, barium zirconate, strontium
titanate, and lead zirconate are among
the materials used. The device has a
frequency range running into the megahertz. Its characteristics are nonlinear.
It is caused to operate on the linear
portion of its characteristic curve by
the use of a dc bias voltage in conjunction with a high -frequency power
supply. This type amplifier is used in
computers and similar devices.
12.135
What is a program ampli

fiert-An amplifier connected

in

12.137
Describe o nyguist carte.
It is a graphical method, devised by H.
Nyquist of the Bell Telephone Laboratories, for plotting the relationship between amplification and feedback in an
amplifier employing either negative or
positive feedback. Such curves are generally plotted in polar form and are

used as a criteria for determining the
stability of an amplifier to which feed -

the

main program channel of a broadcast
station speech -input system. It must be
capable of developing an output level of
at least plus 18 dBm. It is also called a
line amplifier.
12.136
What is a negative -feedback

or degenerative amplifier?-An amplifier in which a portion of the output

signal voltage is fed back 180 degrees
out of phase to the input. Two types of
negative feedback are in common use --

Fig.

voltage and current.

12-132.

Output stage for trans-

formerlets (On/ amplifier.

tat

WAT T

isT0 WATTS

0 20

KT)

OK 20K

OC.

Fig. 12-131. Frequency response of a wide range high -quality audio amplifier at 0.5
and 10 watts output.
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pedance have very little effect on the
output voltage, because the load -impedance variations are shunted by the
low resistance of the output tube. This
indicates that a tube of low plate re-

back is applied. Nyquist curves can also
be used for plotting oscillator!, and

other circuit data critical to stability.
A typical Nyquist plot is shown in Fig.
12-137. The reader is referred to the
references at the end of this section.

sistance is desirable in the output stage.
When the plate resistance is high (as
is the case of a pentode or team -power

tube), the effect of a variable load impedance is to increase the distortion
components, producing strong peaks,

and thus impairing the quality of reproduction. Amplifiers employing pentodes
or beam -power tubes in the output
stage may make use of a resistance capacitance network in the plate circuit as described in Question 12.169 to
compensate for the effects of the variable load impedance. However, using
this method, some loss of power is to
be expected, particularly at the higher

so

Fig. 12-137. Typical Nyquist plot used
for determining the stability of on
amplifier or other device.
What ore the advantages of
12.138
using negative feedback in an amplifier?

frequencies.

Amplifiers employing pentodes or
beam -power tubes may be designed to
have the characteristics of a low plate

-Negative feedback lowers the harmonic and interrnodulation distortion

resistance tube, yet have the advan-

assuming the amplifier
does not have excessive distortion before the negative feedback is added);
the frequency response may be made
quite uniform over a very wide range;

components(

tages of the increased power sensitivity
afforded by the pentode. This advantage
is obtained by the use of negative feedback in the output stage. The addition
of ueRative feedback is accomplished at

the stability may be increased and is
less subject to variation in tubes and
operating voltages; lower hum and internal noise; constant gain for a given

functions.-In the
conventional audio amplifier, the inter-

the expense of sacrificing a portion of
the amplifier gain. However, the benefits gained by the use of negative feedback offset the loss of gain in the improved performance of the amplifier.
The loss of gain may be compensated
for by increasing the gain in the voltage -amplifier section. A typical two stage RC amplifier employing negative

nal resistance of the output tube shunts
the external load impedance. When the
plate resistance is less than the load

feedback is shown in Fig. 12-139A. The
feedback voltage is obtained by feeding
back to the input of the amplifier a por-

impedance, variations in the load im-

tion of the output voltage in such a

response; lower internal output impedance providing a high factor of internal
output damping; and less phase shift.
12.139 Explain
feedback amplifier

how

a

negative -

RI

Cl

to

EIv

$4

12.139A. A two -stage RC amplifier employing negative -voltage feedback. In
this circuit the characteristics of the output transformer are not included. To include
the output transformer, the feedback voltage is token from the top of the trans
former secondary. The lower end is returned to ground :feedback voltage must be of
the correct polarity.)
Fig.
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Fig. 12-139B. A wa-stage RC amplifier using negative -voltage feedback from the
plate of the output tube to a portion of the cathode resistance of the first stage.

phase relationship as to oppose the in-

the feedback voltage taken from the

put signal. Assume an instantaneous

plate of V2 is applied to only a portion
of the cathode resistor Ft.,. of VI.
Under these conditions the dc bias voltage for the tube is the voltage drop

positive pulse of I volt is applied to the

control grid of tube VI. At the plate
will appear a negative pulse because of
the 180 -degree phase reversal within

across R. and RKYN, while the negative -

the tube as described in Question 11.60.
This negative pulse is transferred to the

feedback voltage is formed across only
the lower portion of the resistor. As the

control grid of V2 through the coupling

feedback

capacitor C, causing a decrease of plate

lower portion of the cathode resistor,
the upper portion is used only for bias
voltage and may be bypassed to prevent current feedback, thus increasing
the actual gain of the stage. This sys-

current in V2. The signal is again amplified, reversed 180 degrees, and appears as a positive pulse at the plate of
V2. This pulse is transmitted through
capacitor CI and resistor RI in the negative -feedback loop to the upper end of

the cathode resistor R, of VI, applying
a positive pulse to the cathode. This
effect is the same as biasing the control

grid more negatively. When the feedback voltage increases, the gain of VI
is decreased. As an example:
with
100,000 ohms in the feedback loop and
1000 ohms in the cathode circuit of VI,
a

voltage divider is formed with the

cathode of VI at the junction of the

voltage

is confined

to

the

tem of applying negative feedback permits the correct value of feedback volt-

age to be applied to the tube, while
maintaining the correct value of resistance for the cathode circuit.
Gain controls cannot be connected in
the area encompassed by the feedback
loop, but must be removed to a position
outside the feedback loop, as shown in
Fig. 12-217B. Negative feedback may be

utilized to increase the output impedance (negative -current feedback) or to

two resistors (for this illustration it
will be assumed the reactance of capacitor CI in the negative -feedback
loop is negligible).
With a signal voltage of 100 volts at
the plate of V2, 10 volts will he fed back
to the cathode of VI. Now to obtain 100

reduce the impedance by the use of

volts of signal at the plate of V2 will

have some distortion and will have
some component in the output signal

require the signal voltage at the input
of VI be incrensed to 11 volts. In other
words, the signal voltage must be increased the amount of the feedback
voltage in the cathode circuit plus the
original signal voltage at the control
grid of VI. By definition, the foregoing

negative -voltage feedback. This subject
is discussed in Questions 12.142 and
12.154.

12.140 Hoe h harmonic distortion
reduced by means of negative feedback?

-All amplifiers, regardless of design,
that was not present in the input signal.

The feedback voltage taken from the
output of the amplifier contains both
the original signal and the distortion
component added by the amplifier. That
part of the feedback voltage consisting

illustration is called 10 -percent negative

only of the original signal will he can-

feedback.

celled at the input by the applied signa:
voltage. However, any distortion origi-

Negative feedback may also be applied as shown in Fig. 12-139B. Here

nating within the amplifier, when fed
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in which negative feedback is used, including push-pull amplifiers class -A,
class -U, and class -AB,.
As a rule, negative feedback is not
used with the power -output triodes
such as the 2A3, because of its low plate
impedance (800 ohms) and the fact that
it is not too greatly affected by changes

ft)

Fig.

the load impedance, such as might
encountered with a loudspeaker.
However, negative feedback is highly
desirable with pentodes and beam -

back will not be cancelled by anything
present in the input, since the distor-

power tubes.
12.14/ How is noise reduced by
negative feedback?-Any noise induced
by the amplifier is fed back to the input
and appears at the output with reversed

in
be

12-140. Waveforms indicating how
negative feedback tends to cancel distortion generated within an amplifier.

tion is not present in the input but is
developed within the amplifier. Therefore, the distortion voltage is passed

polarity, effecting an overall reduction
of noise. (See Fig. 12-140 )
asarii, Ir IER

through the amplifier from the input
and arrives at the output with a polarity opposite to the distortion produced
within the amplifier The result is that
the total distortion is reduced because
it cancels itself. To better understand
how the distortion is reduced by the
application of negative feedback, Fig.
12-140 shows a single -stage, resistance -

coupled amplifier with negative feedback, with the various voltage waveforms as they appear at different points
in the circuit. At point (a) is shown
the signal voltage which is of sine -wave

character. It will be assumed that the
signal in passing through the tube is
distorted and this distortion appears as
a small pip on the negative half of the

output signal waveform as shown at
point (b). A portion of this voltage (c)
is fed back to the grid circuit. This voltage is 180 degrees out of phase with the
grid voltage and has the same wave

shape us the voltage at (h) but at a

fraction of the output amplitude. Applied to the control grid, it acts to cancel the original distortion. At the output

Fig. 1 2-1 4 2. Building -out resi

in the
output of a negative -feedback amplifier,
with a 1 0 0 -ohm internal output impedance.

The

resistors build -out the

im-

pedance to 600 ohms.
72.742 Describe the effect of news
five feedback on the internal impe-

dances of an amplifier, and the use of
building -out resistors.-As a majority of
present day amplifiers employ a considerable amount of negative feedback
to reduce distortion and noise, this lowers the internal output impedance. The
effect on input impedance is not determined by the type of feedback (voltage

or current), but by the method it

is

applied. If it is applied in series with

the input -signal voltage, the Input impedance is increased. Applied in shunt

with the input voltage, the input re-

(d) is shown the relationship of the
various waveforms. Curve (1) of waveform (d) is the plate -current component

sistance is decreased. Negative -voltage
feedback reduces the internal output
impedance,
while
negative -current

due to the feedback voltage applied to
the control grid. Curve (2) of (d) is the
plate -current component developed by

feedback increases the internal output
impedance. (Sec Question 12.139.)
Although the amplifier may be rated
to operate with a given load impedance,

the signal voltage at the control grid.
Curve (3) of (d) is the algebraic suns
of curves (1) and (2) and is the resultant plate current, clearly indicating a
considerable reduction in the original
distortion

shown

at

point

(b). The

same principles apply to any amplifier

the internal output impedance of the
amplifier may be on the order of 100
ohms or less. This lower impedance can
seriously affect the operating characteristics of equipment following the amplifier, particularly if it is a filter or on
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equalizer. A typica: example would he
the case where an amplifier is rated to
operate with a 600 -ohm load impedance, but has an internal output impedance of 100 ohms (in some instances
it could be as low as 4 ohms). To effect
a proper impedance match, series resis-

tors are connected in each side of the
output circuit (Fig. 12-142). The value
of the resistors are such that they supply a match between the amplifier and
the load impedance, which in the instance of a 100 -ohm internal output im-

pedance, wonld be 500 ohms divided
equally between the two sides. It should
he remembered, the insertion of the
resistors decreases the output in the

ratio of the internal output impedance
to load impedance. Using the example
of the 100 -ohm internal output impedance terminated in 600 ohms, the ratio

is 6:1. Building -out resistors are used
extensively in preamplifier circuits
when used in sound mixers. Referring
to the graph of Fig. 5-50, the incurred
loss is 3dB; therefore, if the amplifier is
capable of producing plus 26 dBrn for a
given amount of distortion, the maximum output level for the same value of
distortion, using one 250 -ohm resistor

in each side of the output, would be
reduced to 23 dBm.
12.143 How does negative feedback
affect the frequency characteristics of
an amplifier?-Negative feedback tends

to maintain a uniform output resembling a constant -voltage generator.
When the output voltage increases, the
feedback voltage is increased, which
has the effect of reducing the output. If
the output level is reduced, the reverse
takes place; thus, the output is held
constant. Therefore, for a constant in-

put of any frequency within the frequency range of the amplifier, output
voltage will be constant.
12.144 What does the term open loop gain mean?-It is the gain characteristics of an amplifier hefore the application of negative feedback. Thus. an
amplifier using 20 -dB feedback could
have a closed loop gain of 40 dB, hut
with the loop open, a 60 -dB gain.
12.145
What arc the advantages of
a low internal output impedance? -11 an
amplifier is used to drive an electromechanical transducer, a reduction in
the internal output impedance is desirable, because a mechanical vibratory
system continues to vibrate even after

577
the exciting

force is

removed

In

a

cutting head, or light
modulator, this is an undesirable condition as it causes hangover effects.
resulting in a fuzziness and lack of
definition.
loudspeaker,

If the internal output impedance is
lower

than

the

impedance,

load

a

damping effect is obtained and the unwanted vibrations are damped out- It
is not uncommon for an amplifier having a 600 -ohm output impedance to
have an internal output impedance of
100 ohms or less, and for one rated 16
ohms, less than 1 ohm. In the case of
a voltage amplifier (preamplifier) driving a filter or equalizer, building -out
resistors, discussed in Question 9.24,
may be required. (See Questions 12 142
and 20.103.)
12.146 What is the gain -reduction

factor of a negative -feedback amplifier?

-A factor used in the design of negative -feedback amplifiers.
may be calculated:
dB

This factor

ZO Log,,, (1 - Aft)

where,

A is the gain without feedback,
Beta (0) is the fraction of the output
voltage fed back to the input.

Because of the gain reduction, the input -signal level must be increased by
the amount of the feedback voltage to
obtain the same level signal at the output obtained without feedback. (See
Question 12.139.)
12.147 Does negative feedback af-

fect the power output of an amplifier?
-No. However, the power sensitivity is
reduced and a greater input signal is
required to drive the amplifier to produce the same amount of power for a
given input signal without feedback
As a rule, greater power is obtained for
a given amplifier when using negative
feedback because the distortion is reduced; therefore, more useful power is
available.
12.148

What does the term decibels

of feedback meant-It designates the
amount of negative feedback induced
in an amplifier, and is equivalent to the
gain reduction caused by the application of the feedback.

(See Question

12.139.1

12.749
Show en equivalent circuit
for a simple negative -feedback amplifier.-A simple resistance -coupled amplifier employing negative feedback is
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cr.

12.15 I
How are the polarities determined for an amplifier in which the

feedback
loop
encompasses
several
stages? --For an odd number of stages,

the feedback loop is connected from the

Plate of the output tube to the control
grid of the first stage. If taken from an
output transformer secondary, the feedFig. 12-149A. A two -stage RC coupled
amplifier with negative feedback applied
to the output stage only.

shown in Fig. 12-149A In this circuit

negative feedback is used only in the
second tube; however, certain factors
of the first tube enter the configuration
of the equivalent circuit. Examining
the equivalent circuit in Fig. 12-149B, it

will be noted the grid resistor R.

is

paralleled by the plate -load resistor R,

of tube VI. This, in turn, is paralleled
by the plate resistance re of VI. The
total impedance seen by the control
grid of V2 is these three impedances in
parallel and is designated R., (equivalent resistance).
CI"

back loop is connected to the cathode
of the first stage. For an even number
of stages, the feedback loop is connected from the plate of the last tube
to the cathode of the first stage.
12.(52 Are special output transformers required for use with negative feedback
amplifiers?-No. Standard

high -quality transformers may be used;

however, they must have the correct
impedance ratios as specified for n particular circuit operation. Output trans-

formers should have a high degree of
coupling between output winding and
primary winding to reduce the effects
of leakage reactance and insertion loss.
12.153

Does the method used for

interstage coupling in an amplifier of fect the phase -shift characteristics?-

Yes, the interstage coupling has a pronounced effect on the phase -shift char-

acteristics. This is particularly true of
resistance -coupled amplifiers at very
low frequencies.
12.151 Whet is negative -current

Fig. 12-149B Equivalent circuit for the
plate load of the negative -feedback amplifier shown in Fig. 12-149A
Is it practical to include
I amplifier stages in the feedback
1000-Yes, because negative feedback

12 150

s

reduces the distortion only within the
feedback loop; therefore, it is desirahle
to include as many stages as can be
operated with good stability. If the amplifier contains several stages and has a
tendency to become unstable, individual feedback loops may be used covering a single or several stages.
If the amplifier stages include cou-

feedbackl- Negative -current feedback
is obtained by connecting n resistor in
series with the output load of the amplifier, as shown in Fig. 12-159. The
feedback voltage is taken from across
this resistor and returned to an earlier
part of the circuit. Negative feedback

proportional to the output current
and may be likened to a constant is

current generator with infinite internal
impedance, because it delivers a constant current regardless of the load impedance. If the output current increases,
the feedback voltage is increased, tending to reduce the output current to its
FB

pling transformers, the proper polarities
must be observed or positive feedback

may be the result. If several feedback
loops are used, the total feedback is the
sum of the feedback in each individual
loop.

1+

Fig. 12-154. Negative current feedback.
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former value. Negative -current feedback is not generally used in audio amplifiers except in the case where vari-

The feedback capacitor C,. is selected

able damping is used.
Negative -current feedback can also

for a value that will have a reactance
equal to one -tenth of 49,500 ohms or
4950 ohms at the lowest frequency to
be amplified. The capacitor may be

be obtained by omitting the cathode -

calculated:

bypass capacitor C. across the cathode
resistor R.. This method decreases the

C

1

2rrfX,

gain and the distortion, but increases
the internal output impedance. Consequently the output voltage rises, and if

where,
f is the lowest frequency to be amplified,

a loudspeaker is being driven, the resonant frequency of the speaker system
and hangover effects are accentuated.
Current feedback increases the internal

To express the feedback voltage in
decibels use the formula:

X. is its reactance at the lowest frequency.

output impedance, while negative -feedback voltage decreases the internal output impedance.
12.755 What is the procedure for

dB = 20 Log,. (1 - AA)
= 20 Log. 5

designing on amplifier using negative
feedisackl-Referring to the amplifier
schematic in Fig. 12-155, assume the
gain of each stage is 20 or a total volt-

The foregoing does not include the
current feedback applied to the first

age gain of 400 (20 x 20). To determine

the amount of negative feedback that
will be required, assume the overall
harmonic distortion of the two stages
is

10 percent, and that it is desired to

reduce this distortion to a value of 2
percent. This is a gain reduction of five,
therefore;

r-- 14

dB.

stage because of the unbypassed cathode resistor. To determine beta for the
current feedback use the formula:
R.
where,

R. is the cathode resistor,
R.., is the load impedance of the tube.

(The load impedance is the par-

allel combination of

(1 -A) = 5

R. and the

following grid resistor Re.)

-A/3 = 4

Therefore:

4.0

=

500

- 100 x
= 5 X 10'

where,

A is the voltage gain of two stages
before the application of negative

= 0.005

feedback.

Substituting the voltage gain:

To express the current feedback in
decibels, use the formula:

4.0

400

= 0.01

dB

A is the gain of the stage to which
current feedback is applied (for
this example, 20).
dI3 _ 20 Log. 1 - (20) (-0.005)
20 Log.. 1 - ( -0.1)

To obtain the value of the feedback
resistor R,,., beta is used as a positive
number.

F- Rn

R.

= 20 Log.. 1.1
= 0.94 dB.

R.

All values are known except 11,.: therefore, solving for R,,.:

20 Log. (1 - Afl)

where,

In performing

calculations involving
for negative -feedback amplifiers,
beta is always negative. However, when
calculating the feedback resistor R.., it
is used as a positive number.
12.156 Whot it the effect of reduc-

beta

--R.

R.
/3

500
0.01

= 49,500 ohms.

ing the size of the feedback -loop capaci-

tor C,47- Less feedback ls obtained at
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49 5K

-I
DC

-

R.

IAS

tB

4P -

B+

Fig. 12-155. A tuns -stage RC nepat've-feedback amplifier fo design problems.

The use of tuned circuits in a feedback loop is rather risky, as oscillation
may be induced because of phase shift
After final adjustment, the amplifier
should be tested for oscillation by connecting an oscilloscope across the output and applying short pulses or tone
bursts to the input. Also, the frequency
response should be limited to about
8000 Hz. If bridged -T equalizer configurations arc used in the feedback loop,
it is less likely to develop oscillation.

the
the lower frequencies, resulting in more

gain at the lower frequencies. This results in a rising frequency characteristic and is sometimes used to increase
the low -frequency response in preamplifiers.
12.157

Con the feedback -loop cir-

cuit be used for equalization?-Yes, if
precautions are taken to prevent excessive phase shift and the amplifier is not
overloaded at the maximum frequency
of equalization. Fig. 12-157 shows how
the equalization (equalizer components)
may be connected in a feedback loop to
secure a particular frequency response.

(Sec Question 8.96.)
12.158 It it permissible to equalize

an amplifier stage within the feedback
loop?-No. Equalization is always connected in the stages outside the feed-

Resonant circuits may be inserted in
the feedback loop; however, the coils
should be of fairly high Q to permit the
shunting of resistors across them, and
thus control the shape of the resonant
curve. Resistors may be connected in
series or shunt with the capacitors to
obtain a particular shape of the resonant curve. For the initial adjustment.
the coils are resonated to their inidfrequency; then resistors are adjusted in

loop because the feedback atflatten out the frequency
response of the stages within the feedback loop. Fig. 6-96 shows the various
back

tempts to

positions where equalization may he
induced in an amplifier circuit.
12.759 What arc the disadvantages
of taking the feedback voltage from the

primary

or

top of

the

output trans-

former?-Although phase shift

value for desired response.

®

is

re -

00

rv
R7

TI

OUTPUT

154

Fig. 12.157. Equalizer components in a negative -feedback loop. A parallel-resonont
circuit is formed by LI and C3. A series -resonant circuit is formed by L2 and C2.
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Fig. 1 2-1 6 1. A push -poll amplifier with negative feedback.

duced to a minimum, some loss of high
frequencies may result due to the
shunting effect of the feedback loop.

back loop. Fig. 12-162 is a typical example of such design.

Also, the characteristics of the output
transformer are not included in the

interstage

feedback loop.
12.160 What are the advantages of

transformers for the same purposes. In
designing such transformers, specified

taking the feedback voltage from the

loads are given for each winding to

trans-

prevent upsetting the impedance relationship of the windings relative to

output

winding

of

an

output

formal-The characteristics of the output transformer are included in the

Tertiary windings are also used on
transformers for driving
auxiliary equipment and on output

other portions of the circuitry.

feedback loop.
12.161

Is

12.163

it practical to use feed-

back in both sides of a push -pelf emailfier?-Yes; it may be done as shown in
Fig.

12-161.

However,

the

feedback

loops must be carefully balanced to
secure exactly the same amount of

How can

a

negative -feed-

back amplifier be used with 20 dB of
feedback
18

dB

if it becomes unstable with
of foudbock?-13y introducing

phase -shift networks or by staggering
the time constants an the feedback loop

The transformer characteristics are not
included in the feedback loop.
12.162 Describe a tertiary winding

The time constants must also take into
consideration the output transformer.
Because of manufacturing variations,
the output transformer is often the
cause of instability and the duplication

and its use.-It is the practice of some

of a given circuit may be difficult.

feedback

in each side of the circuit.

manufacturers to use a tertiary winding
(third -winding) in the negative -feed-

back loop of an amplifier to eliminate
the ground connection required to com-

plete the feedback loop circuit when
the characteristics of the output transformer arc to be included in the feed Rib

The

time constant of the output

transformer will also vary with the de
balance of the tubes, core material,
windings, and the excitation level of
the output stage. All these factors will
cause instability, particularly at the
low -frequency end of the spectrum.
In a well designed negative -feedback
amplifier, it should be possible to increase the feedback at least 6 dB before
the amplifier becomes unstable over a
frequency range one octave below the
lowest

frequency,

and

two

octaves

ahove the highest frequency.
12.164 What type amplifier is rec-

ommended for driving a cutting head,
loudspeaker, light modulator, and similar clerical-One using negative feedFig. 12-162. Negative feedback using a
tertiary or third coil on the output trans-

back in the output stage, because of the
damping offered by its use. (See Question 12.145.) The internal output impe-

former.

dance of the amplifier should be ap-
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proximately one -tenth that of the load
impedance. This would he a damping
factor of 10:1. Damping factors below

23.138.

1.0 are generally hard to obtain, because
of the dc resistance of the output wind -

12.165 Show
methods of
connecting the negatire-feedback Mop

ing. The measurement of internal output impedance is discussed in Question
1

cn

IS

II

Fig. 12.165. Various methods of applying negative leedbock to on amplifier.
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with the voltage at the input circuit

and little attention is given to the idea
that they may oscillate at an inaudible
frequency when a signal is applied to
the input. Although the stability of an
amplifier may appear to be satisfactory
using a resistive termination, when a
reactive load is substituted for the re-

where the feedback loop is connected.

sistive termination the story may be

The simplest way

determine the

quite different. This is particularly true

polarity of the voltage is to assume an

of some types of amplifiers when a

instantaneous positive voltage at the input and then follow the phase reversals

capacitive load, such as an electrostatic
loudspeaker, is connected across the
output. Such devices reflect a high
capacitive reactance to the plates of
the output tubes, equivalent to several
microfarads; the exact amount will depend on the impedance ratio of the
output transformer and the internal
capacitance of the loudspeaker. The
transformation of capacitance is discussed in Question 8.34.
As an example, assume an electrostatic loudspeaker with an internal capacitance of 0.0025 µF is connected
across the output of a push-pull trans-

in on amplifier.-Various methods used
for applying negative feedback to an
amplifier are shown in Fig. 12-165. In so
doing. care must be taken that the voltage fed back from the output to the input is always 180 degrees out of phase

to

through the amplifier to the point from
which the negative -feedback voltage is
to be taken.
12.166 Whot is a balanced negative-leedback amplifier? - An amplifier
employing both negative and positive
feedback as shown in Fig. 12-166. The
advantage of such circuitry is the wide
frequency range possible without the
loss of gain suffered with the conventional negative -feedback circuits. The
amplifier is first designed for use with

conventional negative feedback and
then the positive feedback loop is added

to bring the gain back to its original
value before the negative -feedback loop
was added. Although this type amplifier

former with a ratio of 6600/16 ohms.
This is an impedance ratio of 412:1. The
equivalent reflected capacitance to the
plates

of the output tubes will be in

is called a balanced amplifier it is not
necessary that the two feedback loops
balance each other. The disadvantage
of this circuit is that if the negative
loop should open, the amplifier will go
into violent oscillation.
12.167 How may o negative -feedback amplifier be tested for stability?By connecting a capacitor across the

the order of 1.03 µF. Unless the amplifier is of very stable design, it will

output winding in parallel with a re-

nected in parallel with a resistive termination across the output and the ef-

sistive load and observing with an oscilloscope the effect on a square wave
applied to the input, as described in
Question 23.125.
Negative -feedback amplifiers are gen-

erally thought of as being quite stable
POSITNE FEEDBACK LOOP
C15

oscillate violently. In some instances, if
the capacity of the cable connecting
the loudspeaker is high, it may reflect
enough capacitive reactance to cause
the amplifier to oscillate. When making
tests for stability, capacitors ranging
from 0.0025 to 1.0 µF should he confect observed as described in the foregoing.

Negative -feedback

amplifiers

in

which the feedback voltage is taken
from the top of the output transformer
NEGATIVE

FEEDBACK LOOP
R,,,

INPUT
OUTPUT

Fig. 12-166. A balanced amplifier using both negative and positive feedback.
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primary are, as a rule, quite stable.
Those supplying the feedback voltage
from an output winding are more prone
to oscillation at inaudible frequencies,
because of the phase shift induced by

indicates the necessity for such a wale
bandwidth. The phase -shift characteristics for an amplifier having a frequency response of plus or minus 1 dB,
at 20 Hz to 100,000 Hz, arc shown in

the output windings at the high fre-

Fig. 12-168.
12.169 What is the purpose of con-

quencies.

The stability of a negative -feedback
amplifier may be increased by staggering the cutoff frequency of the various

necting a resistor and capacitor from
plate to plate in a push-pull amplifier

stages to vary the time constant between stages. The calculation of time

put?-To improve the output impedance
characteristics and frequency response

constants is discussed in Question 25.106.

To assure the maximum stability in
an amplifier, the design should be such

that the feedback voltage can be increased at least 6 dB and preferably
10 dB over that normally used in the
circuit over a frequency range of two
to three octaves above and below the

employing beam -power tubes in the out-

when the tubes are terminated in
load

such as

a

a

loudspeaker, cutting

head, light modulator, or similar device
in which the reflected impedance is not
constant.

A network connected in the plate
circuits of a push-pull amplifier using

means that for an amplifier of 20 to

tubes without negative
feedback is shown at part (a) in Fig.
12-169. It will be noted the network

20,000 Hz, the frequency response must
be extended from 10 to 60.000 Hz.
When an amplifier is oscillating at an

consisting of resistor R and capacitor C
is connected in parallel with the reflected impedance to the tubes.

normal operating frequency range. This

inaudible frequency, the high frequencies become hard and rasping and will
quickly cause listener fatigue. If the
amplifier is near the point of oscillation
and is shock -excited by the input signal, it will break into oscillation at sub harmonic frequencies. causing the low
frequencies to be distorted and have a
lack of definition.
What
characteristics of
12.168

are
a

the

phase -shift

high -quality nega-

tive -feedback amplifier?-To obtain a
fiat frequency response in an amplifier
from 20 to 20,000 Hz, with low distortion characteristics and phase -shift, re-

quires that the bandwidth be 7 to 10
times the usable frequency response.
Phase shift becomes apparent and measurahle at values of one -seventh to

one -tenth the frequency where the response falls off 2 dB, with respect to the
reference frequency. Small changes in
the frequency response of only 0.1 dB
can cause phase shift up to 10 degrees,
and a change of 3 dB can cause a shift
of 45 degrees. Therefore, the negative
feedback is reduced in proportion to the
cosine of the phase -shift angles. This

beam -power

The equivalent circuit for the network shown at part (a) is given at part
(b). When the reactance of the transformer primary Z,,,,, and the resistor, R,
are equal, the combined impedance seen
by the plates of the tnbes will equal R...

As the frequency is increased, the reactance of capacitor C decreases; thus,

at the higher frequencies, only the resistor R is left in the circuit. At the
lower frequencies, the reactance of C
is quite high which is equivalent to
removing resistor R from the circuit.
A network more suitable for pushpull amplifier operation is shown at
part (c) in Fig. 12-169. Resistors RI and
R2 are about 1.3 times the recommended
plate -to -plate impedance and are connected in series with capacitors Cl and
C2 to ground. The capacitor is selected

for a value that will result in the same
voltage gain at 3000 Hz as that at 400
Hz. Generally, a capacitor of 0.03 to
0.06 µF will suffice for the average amplifier. If the components of the above
networks are selected properly, a fairly
uniform impedance is reflected to the
plates of the output tubes resulting in

20PHASE SHIFT

- 20

20

so

CO

COO

0,000

00.000

1000, 000

Fig. 1 2-1 6 8. Phase -shift characteris ics for an amplifier with o frequency response

of 20 to 20,000 Hz.
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cause of the reduced signal voltage at
the control grid. In the circuits of Fig.
12-170 are shown an unterminated input, also called an open -circuit input

LOAD

in part (a) and a terminated input in
part (b).

(a) Push-pull amplifier (without negative feedback).

MICROPHONE

(a)

input
voltage

Unterminated

(maximum

.

(b) Equivalent circuit for (a).
'siegePHDNE

-

(b) Terminated input (signal voltage

LOAD

50'76 lower).

Fig. 12-170. Preamplifier input circuits.
(c) Push-pull amplifier with network

To illustrate the difference between
two circuits, assume the input
transformer has an impedance ratio of
30 to 50,000 ohms (1666/1). Using the
nnterminated circuit in part (a), the
primary does not terminate the output
the

returned to ground.

of the microphone because the secondary winding is unloaded. In this in-

OAD
c

(d) Single -ended amplifier.
Fig. 12-169. Using a resistor and capacitor in the plate circuit to improve

stance, it may be said the transformer
is terminated by the microphone on the
primary side. Therefore, the secondary
presents to the control grid of the tube
a 50,000 -ohm impedance and the maximum signal voltage of the secondary is

the output impedance characteristic and

applied to the control grid. (Actually,

frequency response.

the input impedance of the tube terminates the secondary of the transformer;
however, unless the input capacitance
is considerable and the secondary very
high, the effect of the tube capacitance
may be neglected.) For the terminated
secondary in part (b), only half the
signal voltage as applied to the control
grid. This is a 6 -dB reduction of signal
voltage, which also reduces the signal-

a

considerable improvement in

per-

formance.

The same type of network may also
he used in a single -ended amplifier as
shown at part (d) in Fig. 12-169. In this
instance, the resistance is also 1.3 times
the recommended plate -load impedance.

As a rule, the foregoing networks are
not used in amplifiers employing negative feedback, although they have been
used to some extent in the past.
12.170 Is it advisable to terminate

the secondary of an input transformer
in a microphone prcomplifierT-No, be-

to-noise ratio by 6 dB. This may be
explained as follows: Connecting a
50,000 -ohm resistor across the secondary of the input transformer is the same
50,000 -ohm generator
as having a
working into a 50,000 -ohm load. There-

THE AUDIO CYCLOPEDIA

586

fare, the voltage at the secondary of the
transformer is divided, with one-half

impedance transformer computed when
it is used as a bridging transformer?

across the internal impedance of the
generator (50,000 -ohm secondary) and
the other half across the load (50,000 ohm resistor). Because the control grid
is connected to the top of the secondary

and the other end of the secondary is
grounded, the control grid sees only
one-half of the signal voltage-that
across the 50,000 -ohm resistance.

As a rule, microphone input transformers are designed to be operated
open circuit (unterminated) and, because the grid circuit of a vacuum tube
may be considered to be an open circuit, the secondary is said to be un-

terminated or working into an open
circuit.
RES;STOR

6004

AMP

where,

B. is the impedance of the bridging
transformer,

R is the impedance of
bridged.

This equation should not be used for an
impedance ratio less than 10.
12.171 What is the purpose of con.
netting a resistor in series with each

plate of a push-pull parallel amplifier?
-To balance the plate currents and to
prevent parasitic oscillation The value
of these resistors is generally on the

control yrsd of o push-pull omplifierl-

30

.400 ss-

R

BA

305

814;061140
BUS

Fig. 12-171. Line amplifier with a 600 -

ohm output bridged by three 30,000 ohm inputs.

The resistor serves two purposes: (1) if
a sudden overload occurs, grid current
will be caused to flow and the series resistor tends to reduce distortion by
causing the bias on the control grid to
be increased by the flow of grid current
through it, and (2) the resistor also
tends to prevent parasitic oscillation by

acting as a damper in the grid circuit.
The use of grid -limiting resistors is
not entirely confined to use in pushpull amplifiers but they are used in
many vacuum -tube circuits. Generally,
the value of such resistors will vary between 100 and 10,000 ohms. There are
no set rules as to the exact value; however,

What is a bridging input?A device with a high input impedance.
designed for connection across an impedance of low value. Bridging inputs
are used with amplifiers. volume indicator meters, and similar devices that
may be required to bridge another cir12.171

cuit without drawing appreciable power
from the circuit bridged. Standard
bridging impedances used in the broad-

casting and recording industries are:
7500,

10.000,

the circuit

order of 47 ohms.
12.175 What is the purpose of connecting a resistor in series with each

T tRhISCITIMG

UNE

B

dB loss -- 10 Log,. IT

25,000,

and 30,000 ohms.

a

rule of thumb indicates that

tubes with high values of G. will have
a tendency to become unstable, partic-

ularly tubes such as 6L6, 1614,

5881,

6146. 6550 and similar type tubes, unless
grid -stopping resistors are employed

This instability is due to wiring and
socket capacitance, causing the tubes to
oscillate at very high frequencies. Stop-

ping resistors of 500 ohms are used in
screen -grid circuits, and sometimes a
47 -ohm

resistor is connected

in

the

plate circuit, which helps to balance the

A 600 -ohm circuit being bridged by

plate

three 30,000 -ohm inputs is shown in
Fig. 12-171. Bridging transformers are
discussed in Question 8.62.
12.172 How can o lowimpeclonce
input transformer be used as a bridging
coil? --This problem is discussed in

connected at the socket terminal to be
effective. The use of stopping resistors
is illustrated in Fig. 12-130
12.176 What does the term plateto.plate mean?-lt is the total impe-

Question 8.63.
12.173 How is the loss for a low -

currents. The resistor must be

dance seen by the plates of the two
sides of a push-pull amplifier. (Sec
Question 12.110.)
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12.177 How is the damping factor
of on amplifier calculoted?-13y :he use
of the equation given below:

Dr

ferent

Zr

Z.., + R.,

where,
Z,. is the rated load impedance,

Z., the internal output impedance of
the amplifier,
R the dc resistance of the voice coil
as measured by an ohmmeter.

The subject of damping is discussed in
detail in Questions 12.183, 20.103, and
23.138.

12.178

What

is

a

manufacturer which will produce a
given set of results. Amplifiers may be
designed to operate from several dif-

driver stage?-

The amplifier stage preceding the output-the power -amplifier stage
12.179 What does the term "looking into" meant-An expression used to

designate the point from which a circuit is to be considered. Example: The
impedance seen when looking into the
output of an amplifier.
12.180 What is source impedance?
--The impedance of a device or line
that is the source of a signal voltage.
12.181
What is input impedance?The rated input impedance of a device.
12.182 What is internal input impedance?-The actual impedance seen
when looking into the input terminals
of a device. The actual internal impedance may be different from that specified for the source impedance. As an
example, an amplifier with a bridging
input impedance of 10,000 ohms may
be specified to work from a 600 -ohm
source. Or, an amplifier designed to
work from a 250 -ohm source may have
an actual input impedance of 1000 ohms.
12.183 What is internal output impedancol-The actual impedance seen
when looking into the output terminals
of a device. The internal impedance
may be only a fraction of the specified
load impedance. This is particularly
true of negative -feedback amplifiers. A
typical case is an amplifier using negative feedback which is specified to work
into a 16 -ohm load, although the internal output impedance may only be 1.6

values of

source

impedance;

thus, the overall gain will vary with
different values of source impedance.
It is customary for the manufacturer to
specify the gain and other characteristics for a given source and load impedance.

12.186
What is the maximum undistorted power output of an amplifier?

-The maximum power output obtainable with the lowest possible harmonic
distortion.
12.187 Under what conditions is the
maximum power transmitted from a gen-

erator to an external load?-When the
external load is equal to the internal
impedance of the generator. This is
shown graphically in Fig. 12-187.
As the load impedance is increased
from a low value the transmitted power
is increased until a point is reached
where the internal impedance of the
generator and the external impedances
arc the same. At this point, a maximum
transfer of power is effected. The voltage across the load and the generator

will be equal. If the load impedance is
increased to a value greater than the
generator impedance, the power will
drop off as shown by the right-hand
portion of the curve.
Although maximum power is trans-

mitted when the load is equal to the
generator, this does not always hold
true for amplifier design. It is not uncommon to find the internal output impedance (generator) of an amplifier
considerably different from that of the
specified load impedance.
12.188 What should the load impedance be to obtain the maximum undistorted power output from a vacuum

tuba-For triodes, the plate -load impedance should be twice the plate resistance of the tube at the lowest fre-

ohms. (See Question 12.145.)
12.184 What is load impedance?The specified load impedance a device

is designed to work into. Many times
the load impedance is higher than the
internal output impedance. (See Question 12.183.)
12.185 What is nominal impedance?-The impedance specified by the

Fig. 12-187. Variation in power transfer
for different values of load resistance.
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quency to be amplified. For pentodes
and beam -power tubes, the plate -load
impedance is generally in the order of
one -fifth to one -tenth the plate resistance. Under these conditions, the maximum power is obtained with the lowest

harmonic distortion. In the latter instance,
states

the

manufacturer

generally

the load and distortion for

a

given set of conditions in the tube data
sheet.
12.198

The

static values of interelectrode

capacitance may be obtained from the
tube manufacturer's data sheets. If the
plate load consists entirely of resistance,

the input impedance of the tube appears as a capacitance. If the plate load
consists of a reactance, such as an inductance, the input of the tube appears
as a resistance.

A capacitive input tends to reduce
high -frequency responses of the
stage. Pentodes which have smaller input and output capacitance show considerably less Miller effect and are
preferred where the frequency response
the

What type tubes ore gener-

ally selected for a voltage ampfitier? Tubes having a high transcomiuctance
with low internal noise.
12.190 What type tubes are used in
power amplifiers?-Tubes which will
deliver a high signal current rather
than voltage. Typical power tubes are
the 2A3, 6V6, 6L6, 5881, and the KT -66.

All of the above, except the 2A3 are of
the beam -type construction.
12.191
What is the Miller effect?
-It is the effect on the high -frequency
response of a vacuum tube caused by

the internal capacitance existing between the various elements used in its
construction.

Input capacitance exists in all vacuum tubes between the control grid and
the plate, screen grid, and cathode elements. The value of this capacitance

will vary with the internal construction
and the amplification factor. This effect
is known as the "Miller effect.' and was
named for its discoverer.
An interesting fact regarding the
control grid -to -plate capacitance is that

its apparent value is controlled by the
amplification factor of the tube. When
an input signal changes the voltage at
the control grid, the cathode potential
remains stationary and the internal
capacity is charged to a given value.

must cover a wide range. (Sec Question 11.63.)
72.192 At what points are the sig-

nal voltages in a vacuum tube measured?-The input voltage is measured
between the control grid and ground,
and the output signal between the plate
and ground. This statement will only
hold true

for conventional tube cir-

cuits, as there arc instances where the
signal is measured between other points
and elements.
12.193 What does the terns motor.
boating mean and what is its cause?--

Motorbonting is a low -frequency oscillation in an amplifier caused by common coupling between the stages of a

multistage amplifier. The result

is

a

low -frequency sound similar to the
putt -putt of a motorboat: hence. its
name.

Generally, this type of oscillation

is

caused by the lack of adequate decoupling between the amplifier stages, unwanted coupling being provided by the
internal impedance of the power supply. In equipment which has been
known to he functioning properly,

However, the capacitance existing be-

motorboating may be caused by an
open, or a changing in value of a by-

tween the control grid and the plate
elements is not only charged by the

pass capacitor or grid resistor. Decoupling circuits arc discussed in Ques-

control grid signal but also by the plate

tion 12.36.
12.194

variation in voltage which is opposite
in direction to the control grid change
and larger by the voltage gain of the
tube involved. These considerations
lead to an equation for the input
capacitance:
Cle

C/g-11

C.

+ (A + 1)

where,

A is the voltage gain of the tube.

C is the capacitance between the tube
elements.

What is the purpose of sup-

plying direct current to the heater circuit in a preamplifier?-Becnuse a preamplifier is generally operated in a low-

level circuit such as at the output of
a microphone, photocell, or pickup, it
is subject to hum pickup created by the
ac operation of heater circuits. The use
of direct current will eliminate this
difficulty.
As a rule, most professional magnetic
recorders use de on the heaters of the
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in a much lower noise level. A typical
circuit for this use is shown in Fig.

record and playback amplifiers. The dc

voltage may be obtained from small
silicon or selenium rectifiers. This subject is discussed further in Question

12-195.

The dc potential is adjustable and
is made positive by the same amount

21.64.

or a slightly higher amount than the
cathode bias. Potentiometer P is adjusted while observing the noise level

at the output of the amplifier, on a
vacuum -tube voltmeter.
12.196

Describe

on

operational

amplifier, its circuitry, and use.-Fuuctionally speaking, an operational amplifier is a device which by means of
negative feedback (and other elements), is capable of processing a sigFig. 12-195. Cathode -leakage reduction
by the use of a dc bias connected to the

nal voltage with a high degree of accuracy, limited only by the tolerances
of the passive elements nsed in the
amplifier and feedback networks. Electronically, it is a simple high -gain amplifier of high stability with large

center tap of the heater winding.
12.195

What is the purpose of con-

necting the center top of on ac heater
winding to a source of dc potential? To reduce the difference of potential
between the cathode and heater circuits. In this manner, leakage between
these elements is eliminated resulting

amounts

of negative

feedback

con-

nected between the input and output
circuits. The external feedback

ele-

ments may be resistive, reactive, nonlinear, or linear.

1

Fig. 12-196A Circuitry for a monolithic operational amplifier, and its equivalent.
(Courtesy, Motorola Semiconductor Products, Inc.)
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01.4

Fig. 12-19611. Physical dimensions of module

(Courtesy, Motorola Semiconductor
Products, Inc.)

amplifiers are. high -gain, low output
impedance, zero ground potential (with
respect to dc), direct -coupling low dc
drift, with the high -frequency response
rolled -off before phase shift reaches

Operational amplifiers are of such design that an open -loop gain of several
million may be reduced to one -tenth
the gain by the application of negative
feedback. This would be impossible using conventional amplifier circuitry. To
achieve these results, the internal amplifier circuits are direct -coupled, the
gain rolled -off before unity gain occurs,
and before phase shift can cause oscillation. Its frequency characteristics are
determined entirely by the external
feedback loop and other elements. As a
rule, most operational amplifiers are
constructed using integrated circuit solid-state devices, although they may
consist of vacuum tubes; however, tube
amplifiers are not as versatile for this
purpose as those employing transistors.

180 degrees.

The circuitry for a monolithic -type
operational amplifier is given in Fig.
12-196A, with its physical dimensions
given in Fig. I2 -196B. This particular
circuit is designed to be used as a
summing amplifier, integrator, or its
operating characteristics as a function
of the external feedback components.
The open -loop gain is on the order of
60,000 (75.5 dB) with an output voltage
of 13 volts, using a 15 Vdc power
source. The internal output impedance
is approximately 100 ohms.
In Figs. 12-196C to R, are given the
design considerations for differential

(Sec Question 12.144.)
in

Although originally developed for use
computers, operational amplifiers

operational

other types.
Design requirements for operational
RI

amplifiers,

developed

by

B. J. Losmandy of Opamps Laboratories, and will he of considerable interest
to the audio engineer, as they are similar to the design of solid-state devices
used in sound -mixing consoles.
Operational amplifiers may be powered from a conventional single -voltage

find many uses in the electronic field,
and are generally purchased for a particular application. They arc available
as booster amplifiers, phase inverters,
noninverters, voltage regulators, oscillators, nonlinear amplifiers, and many

power supply, or from a bipolar type
RI

- NOTE - ALL AMPLIFIER CIRCUITS ARE
OFTIVATE0 FROM -24VOC APO 211y0C

12-196C. Basic design circuit for invertinggoin amplifier.
Fig

Fig. 12-1960. Basic design circuit for nonin-

Fig. 12-196E. Basic design circuit for on ac

venting -gain amplifier.

amplifier.
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Nr

E.
MAGNET

HEAD

Fig.

1 2-196F. Microphone preamplifier.

Fig.

12-196G

Magnetic -type playback
amplifier.

(Fig. 12-196R). As a rule, a regulated
supply Is not required since the ripple
voltage is a disturbance within the negative -feedback loop, and is reduced by
a factor equal to the open -loop gain
divided by the closed -loop gain. Thus,
if the amplifier has an open -loop gain
of 500, and the gain is reduced to ten,
the ripple voltage is reduced by a factor

Min mathematical relations in the dif-

of 50.

frequency reduces the reactance of Cl

Referring to Fig. 12-196C, a differential dc gain -inverting amplifier, the
closed -loop gain (K) for this circuit is
equal to minus feedback resistor R,

value, divided by the value of input resistor Rl. Resistor R2 is used to balance
the Input current to the positive input.
Its value is the parallel combination of
RI and R,. The frequency response for
this circuit ranges from dc to the upper

limit of the particular amplifier employed. Input voltage F., is equal to the
difference of the positive input voltage

and the negative input voltage, times
the open -loop voltage gain of the amplifier.
A noninverting-gain amplifier is
given in Fig. 12-196D. Here the closed -

loop gain (K) is equal to resistor R,
divided by R1 plus one. The additional
value of one is required because of cer-

ferential -amplifier

circuitry. The

finity at unity gain. Increasing the input
until a point

is

reached where RI

equals 1/,Cl. At this poiut (breakaway
frequency) the gain is reduced to a
value of two, then increases with frequency to full gain (ftr/R1) and is then
maintained over the balance of the
passband. The low -frequency breakaway point 1, = 1/211R1C1. Capacitor Cl

in the input circuit prevents the input
off -set voltage from being multiplied
by the gain of the amplifier (see Question 12.82) since the gain at dc is unity.
This is an advantage, as each stage of a
system connected in this manner will
always have a minimum of de off -set
voltage in the output. Furthermore, this
configuration has no phase reversal of
the input signal. Therefore, when used
in sound mixing circuits, the signals
are not out -of -phase with respect to
each other. (See Question 12.82.)

NAB

R1AA

-Nevs.-113 AK

015.F

0018
Ats"..

220K

Fig

12-196H. Phono playback, RIAA

equalisation.

de

path for the positive input is through
ground; thus, bias current is supplied
to the positive base of the transistor.
The amplifier of Fig. 12-196E is a
typical ac amplifier. At very low frequencies, capacitor CI approaches in-

Fig. 12-1961. Line amplifier.
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2143820
FET

Fig. I 2-1 96J. Compressor amplifier.

Illustrated in Fig. 12-196F, is a microphone preamplifier with approximately 60 -dB (1000) gain, capable of
developing plus 22 dBm into 600 ohms.

Fig. 12-196K. Bandpass amplifier.

plifier, the configuration of Fig. 12-196G
is employed. Here, the magnetic head is

A transformer is used in the input be-

connected between the positive input
and ground, with an RC network consisting of a 100 -ohm resistor and a

tween the output of the microphone and

0.005-µF capacitor in parallel to prevent

the input of the positive amplifier to
step-up the voltage and match impedances. The overall noise is reduced
since the total noise is equal to the in-

self -oscillation. The network will not
affect the frequency response of the
head. It will be observed, the input series resistor RI has been omitted; thus,
a full open -loop gain of 54 dB (500) is

ternal noise of the transformer, plus the

noise of the amplifier divided by the
step-up ratio of the transformer. With
the closed loop adjusted for a gain of
50, the overall gain is 60 dB. For this
particular configuration, this is accomplished by adjusting feedback resistor
R, to 47,000 ohms, and the series input
resistor RI to 1000 ohms. The low -frequency minus 3 -dB point is set by the
combination of the 15-14.F capacitor and

the 1000 -ohm resistor in the input, resulting in a low -frequency cutoff point

of approximately 10 Hz. This circuit
may also be employed as a playback
amplifier

for

a

variable

reluctance

pickup, by connecting the pickup between the positive input and ground.
For use as a magnetic playback am -

realized.

An amplifier equalized for phonograph reproduction (RIAA) is given in
Fig. 12-196H. The low -frequency break-

away point is set by the 40-µF capacitor and 220 -ohm resistor connected in
series with the negative input. For frequencies below 20 Hz, the slope is 6 dB
per octave downward. The feedback resistor network has a breakaway point
of 50 Hz, dropping 6 dB per octave up
to 2000 Hz, then continuing out to about
30,000 Hz, then again dropping off at the

rate of 6 dB per octave. The gain at
30 Hz is 60 dB, and 22 dB at 10,000 Hz.
(See Question 13.95.) This same configuration also may be used for NAB tape
equalization (playback) by changing

Fig. 12-196L. Basic circuit for the design of solid-state graphic equalizer sections.
Only two inputs are shown here.
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-

--a

- 24 VDC

Fig. 12 196M. A 50 -watt operational power amplifier.

the component values in the feedback

on condition, it presents on equivalent

loop given in the same diagram. For

source -to -drain

this configuration, the low -frequency

breakaway point is 20 Hz, and the first
high frequency is 50 Hz, then dropping
6 dB per octave to 500 Hz. From this
point on, the response remains flat out
to 2000 Hz, then again decreasing at a

resistance of about
1000 ohms. Therefore, the overall gain
is high. Increasing the output level and
rectifying the signal through diode
1N4001, it appears as a positive voltage

at the gate of the FET (see Question
11.145). When the output level reaches

rate of 6 dB per octave. The gain at

about 0.8 V, the FET Is then fully off,

30 Hz is 60 dB. (See Question 17.173.)
A line amplifier (Fig. 12-1961) differs
from the foregoing circuits, as it makes
use of both an input and output transformer. The configuration shown has a
gain of 40 d13 (100), with a maximum
output level of plus 22 dBm. Decreasing

and the gain drops to a value of two. At
low levels, the gain is about 10, resulting in a dynamic range of 10:1 (20 dB).
Resistor R4 controls the charging rate
of capacitor C2, thus the attack time.
Variable resistor R2 determines the dis-

the primary impedance of the output

It will be noted the FET is connected

charge time of C2, thus the release time.

transformer from 600 ohms to 150 ohms

inside the negative -feedback loop and

will increase the output level to plus

automatically adjusts the gain of the
amplifier as a function of output level
Quite often a handpass amplifier is

30 dBm. The overall frequency response
is limited by the frequency response of
the transformers.

required. Referring to Fig. 12-196K, this

Compressor amplifiers are an absolute necessity in sound recording. (See
Questions 18.84 to 18.101.) A simple
configuration is given in Fig. 12-196J.
This amplifier has adjustable attack and
release -time controls with a maximum
compression of 20 dB. The circuit
makes use of a p -channel junction
field-effect transistor (FET) connected
across resistor RI. With the output level

may be accomplished by the use of a
notch filter connected in the feedback
loop. The gain is controlled by the
10,000 -ohm variable resistor in the in-

set to minus 20 dBm. the FET in the

12-196L. Here, each input (up to 20,

put also serving as a "Q" control for
the circuit, permitting the bandwidth of

the filter circuit to be varied over a
limited range (see Question 7.12).
The basic configuration for developing graphic equalizers is given in Fig.
BOOST

C 006V
I

-NT2 n RC

12-196N. A 1000 -Hz audio oscillator. Amplitude of oscillation is conFig.

trolled

by

the variable

resistor in the

input circuit.

ri
Fig. 12-1960. High -frequency equalizer.
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BOOST

Fig.

although only two are shown) has for
its feedback elements reactive -tank circuits f, and
or a notch filter. Each
input is resonated at a selected frequency. Potentiometers 113 and R4 are
connected in the output circuits of each
channel and set to their midpoints.
Controls RI and R2 arc adjusted to result in a broad, flat frequency response

after being summed into the mixer amplifier stage. To accentuate or attenuate either one of the selected frequencies (f, or f,) potentiometers R3 and R4
are adjusted for the desired response in
a particular stage. With high -Q LC
resonant circuits, about 20 -dB boost and
20 -dB attenuation may be expected. The

operation of graphic equalizers is discussed in Questions 6.108 to 6.128.

Configuration in Fig. 12-196M is an
operational 50 -watt amplifier, consisting

1 2-1 9 6P.

Low -frequency equal i z er.

orally operated with a closed -loop gain
ranging between 2 and 20. If necessary,
the power output may be increased by
paralleling additional 2N3055 transistors
across the output stages. In this latter
instance, 0.5 -ohm resistors are con-

nected in each emitter element of the
2N3055 transistors.

Fixed frequency oscillators may be
designed using the configuration of Fig.
12-196N, consisting of a 1000 -Hz notch
filter (or any other frequency) connected in the feedback loop. The amplitude of oscillation is controlled by
means of a 10,000 -ohm variable resistor
in the input circuit, and operates similar to the bandpass filter of Fig. 12-196K.

Configurations for high- and low -frequency equalization arc given in Figs.
12-1960 and 12-196P. The high -fre-

of two silicon 2N3055 transistors. The
upper output transistor is driven from a

quency configuration employs a capacitor connected to a potentiometer across
the negative and positive input circuits.

2N2102 transistor connected as an emit-

The gain of the positive amplifier

ter follower, resulting in a Darlington
circuit. The lower transistor is a com-

only two (feedback loop adjusted for a

bination Darlington quasi -complementary configuration. The four base -to emitter junctions of the drivers and

a voltage divider to reduce the gain to

power stages are forward -biased for

with a capacitor between the swinger
and ground. Moving the swinger from
one side to the other provides an adjustable bypass from either one of the
input circuits. The range of attenuation

class -AB

operation

by

zener

diode

1N702. Negative pull -down current is
supplied by the 47,000 -ohm resistor.
The power stages are fed from an operational amplifier, given in Fig. 12-196E.
Stability is assured by rolling -off the
positive and negative input response at
320 kHz, using a 100 -ohm resistor and
a 0.005 -AF capacitor across the two inputs. (See Questions 12.251 to 12.253.)

Power amplifiers as shown are gen-

is

gain of one). The positive input employs

unity. A potentiometer

is

connected

across the positive and negative inputs,

or

equalization

is

20

dB

each,

at

10,000 Hz.

Setting the potentiometer to the negative input, the upper 10.000 -ohm series
resistor to ground is completely bypassed and the gain is maximum. When
the swinger is placed at the positive in-

-

24v0C

5000vr

.
tavDC
Fig.

Mixer -amplifier
combining network).

12.196Q.

(active

Bipolar power supply for
operational amplifiers.

Fig. 12-196R.
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put, the input signal is also bypassed to
ground. Increasing the frequency passes

less signal to the amplifier input, thus
the signal is attenuated. The parallel
combination of the 0.02 -AF capacitor
and the values of resistance employed
determines the frequency of turn -over.
For the values given, the turn -over freqnency is 800 Hz.

For control of low frequencies, the
configuration in Fig. 12-16912 may be
used. Here the circuit is much the
same, except an LC rather than an RC

circuit is used. With the potentiometer
at the negative input, the inductance
would short-circuit this point through
the dc resistance to ground, thus driving the amplifier into saturation. This is
avoided by the connection of a 100-µF
capacitor in series with the inductor.
The LC circuit should be resonated at
the low -frequency end of the system
in which it is employed. Fnr the values
given, the resonant frequency is 50 Hz.
The operation of this circuit is similar
the

to

high -frequency configuration.

The turnover frequency is 1600 Hz.
A mixing circuit, capable of handling
up to 20 inputs, presenting no insertion

to series resistor RI. For mini-

of 111

mum cross -talk conditions, the lowest
source impedance, highest input series
resistor, and highest gain amplifier
shonld be used. Cross talk for the values

given is on the order of 80 dB, when
operating from a source and load impedance of 600 ohms. The gain equals one,

with an output level of plus 22 dBm.
Such circuits are often referred to as
active combining networks. (See Question 5.99.)
Shown in Fig. 12-196S is the internal
circuitry for a Motorola Model MC 1533 integrated circuit operational amplifier. The input stage consists of Darlington differential amplifiers Q1, Q2,
Q3 and Q4 which provide a high input
of

resistance

1

megohm.

Separate

sources of current are used for Ql and
Q2 rather than a single source for the
whole stage. Thus, a constant collector

current is provided, making the Darlington amplifier characteristics independent of beta. Temperature compen-

sation is provided by the feedback circuit from the second stage Q8 and Q9,
through a 28,000 -ohm resistor.
Q10 is a pnp low -gain transistor,

loss, is given in Fig. 12-196Q. Since this

driving emitter follower Q11. Transis-

circuit has uniform frequency characteristics, it may be operated as an amplifier with gain, depending on the ratio

tors QI0 and Q11 shift the quiescent dc

level applied to driver Q12 to almost
zero. Negative feedback taken from the

010 -IC

90_292.2 411

91VOC

GM"
11,-9/502210

0

00
WIT -LAG
9

Dez
92221,12
5

2

0
OUTPUT

ED
(2011204
0

5

KG
F LECKIACA

Fig. 12-1965. Internal circuitry of Motorola Model MCI 533 IC operational amplifier. Negative feedback is applied between terminals 3 and 9.
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output is applied to these stages to reduce the effects of crossover distortion.

SG

Output transistors Q13 and Q14 are connected complementary -symmetry biased

for class -AB operation, and driven by
transistor Q12. Bias voltage is supplied
by the voltage drop across diodes D2
and D3, providing a small quiescent forward current to Q13 and Q14. Temperature compensation is provided by diode
DI.
gain is attained when pin 7

12-197. An rf choke connected in
the cathode circuit of a preamplifier
stage to prevent radio interference.

Q10. The input offset current is adjusted

grids of tubes VI and V2. The output
signal is taken from the plates of V3
and V4. The advantages of the above

This circuit will provide an open loop gain of 60,000 (75.5 dB). Maximum

is tied to
pin 6. With pin 7 open, the gain is reduced approximately 6 dB because of
degeneration in the emitter circuit of

to zero by adjusting the voltage between pin 8 and 6. With a 15 -volt supply, the output signal is 13 volts. Output
impedance is 100 ohms. Common -mode

rejection is 100 dB.
72./97 Now may radio -signal pickup be avoided in a preamplifier stage?
-By connecting a 5 -millihenry radio frequency choke coil in the upper end
of the cathode in the first stage as
shown in Fig. 12-197. The choke coil
must not be bypassed. As the dc resistance of such choke coils is generally
quite low, the bias voltage is not greatly
affected; however, if the dc resistance
does affect the bias voltage the value
of the bias resistor may be decreased
to compensate for the de resistance of
the choke. (See Question 2411.)
12.198

What is a cross -coupled am-

plifier?-A two -stage, push-pull amplifier as shown in Fig. 12-198 used for
driving a push-pull output stage. A
balanced signal is applied to the control

Fig

circuit are low distortion and balanced
output voltages.
12./99 If two amplifiers are connected in tandem, what is the overall
frequency response?-lt is the algebraic
sum of the individual frequency -response characteristics of the two amplifiers. This is true regardless of the
type of coupling or whether the amplifiers are individual units, as might be
found in a recording system.
12.200 If two amplifiers of 20 -dB
gain each arc connected in tandem,
what is the overall gain?-Assuming

all impedance matches are satisfied, the

overall gain is the sum of the individual amplifiers, or 40 dB.
12.201
re
two amplifiers of the
same power output are connected in par-

allel, what is the total power output? -Assuming the amplifiers are similar in
design and the output impedances are

the same, the power output will be
double that of a single amplifier, pro -

TO

FROM
PHASE

PUSH-PULL
STAGE

INVERTER

I.
Fig.

I+

12-198. A cross -coupled amplifier designed to take a balanced signal and
supply a balanced output for driving a push-pull power amplifier.
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are connected in

When power amplifiers are rated in

phase. The output impedance will be

music power output, they are tested and

halved.
12.202 How are the output circuits
of parallel -connected amplifiers phosed?
-Each amplifier is adjusted for the

rated in accordance with the Institute
of High Fidelity (IHF) Standard A-201-

vided the

outputs

same gain by sending a constant -level
signal through both amplifier inputs
simultaneously. The output circuits are
then connected in parallel. If the output
circuits are in phase, the output voltage

will he maximum; if they are out of
phase, the voltage will drop to a low
value. These tests should be conducted

1966, as discussed in Question 23.208.
72.207 How should the internal
noise and hum of an amplifier be stated?

-It should be stated

in

two ways:

with reference to the maximum
power output, and (2) with reference
(1)

to a 1-milliwatt reference level.
The mere statement that the noise
level is so many dB below the maximum power output is often misleading

at a low power output in an untermi-

unless correctly interpreted. If the noise

nated circuit. When the two output circuits are in phase, the output impedance is one-half of the normal output
impedance of one amplifier.
12.203 If two amplifiers of the

level is stated to be 90 dB below 20

some power output are connected in par-

watts (plus 43 dBm), from the stated

allel, how much is the output level increased?-Three dB and may be com-

noise level of 90 dB.
This interpretation is important because the amplifier is not always oper-

puted:
10 LogL.. 2 = 10 x 0.301

= 3.01 dB.

where,

the output impedances are the same.
the outputs are in phase.
12.204 What does the term optiplate load mean?-The ideal

mum

plate -load impedance for a given tube
and set of operating conditions.
72.205 What type resistors are
recommended for high -gain, low-level

amplifier construction? - Noninductive
wirewound types, as they have extremely low internal noise levels. Wire -

wound resistors are recommended for
grid, plate, screen, and cathode use.
Amplifiers using such resistors generally have a much lower internal noise
level. The resistors must be noninduc-

tive if the amplifier is to cover a very
wide band of frequencies. (See Question 5.16.)
12.206

How should the power -out-

put rating of on amplifier be stated?The power output should be stated for
a power at which the harmonic or intermodulation distortion is not objectionable. A typical example would be:
Maximum continuous power output 30
watts; total rms harmonic distortion 0.30
percent at 400 Hz, intermodulation distortion 0.5 percent for peaks less than
60 watts, using 40 and 7000 Hz mixed
four to one; high frequency 12 dB lower
in amplitude than low frequency.

watts output, the actual noise level is,
with reference to 1 milliwatt, a minus
47 dBm. This figure is obtained by subtracting the power output level,

20

ated at its maximum power output. If
the internal noise and hum are high,
in a small room they can become quite
objectionable. For high -quality repro-

duction, the internal noise of an amplifier should be at least 40 dB below
a reference level of 1 milliwatt.
12.208 What causes the internal
noise in an amplifier?-The components

which make up the amplifier such as
the resistors, tubes, capacitors, trans-

formers, gain controls, and ripple voltage front the power supply. Magnetic
coupling through the metal chassis also
can be a cause of hum. (See Question
23.59.)

12.209

What is a class -D amplifier?

-The terra class -D applied to an amplifier was proposed by Crowhurst to
classify a pulsed -type transistor audio
amplifier. The theory behind its design
being that the transistors can be operated close to 100 -percent efficiency by
switching at an ultrasonic frequency.
The effects of switching are filtered out
of the program signal.
72.210 What is magnetic coupling

in an amplifier?-It is hum and noise
induced in the low-level stages caused

by the close proximity of the power
transformer or filter chokes mounted on
the same chassis. Hum and noise may

induced by the wiring and
ground loops. The subject of magnetic
coupling is discussed further in Quesalso be

tion 23.59.
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12.211
What precautions should be
taken when connecting equalization networks in on amplifier stage? Measure-

ments should be made to determine
that the stage in which the equalization
has been connected is not being overloaded when the maximum equalization
is used. It should be remembered that
an equalizer induces a loss. The amplifier must be capable of developing suf-

ficient output to overcome the loss of
the equalizer. If this precaution is not
observed, serious distortion will be the
result. (Sec Question 23.13.)
12.212 What is the purpose of extending the frequency range of on audio

;sillier output stage important?-No, the
efficiency of an output stage is of little
importance compared to the overall
current consumed by the amplifier. The
greatest portion of the power consumed
by an amplifier is used to heat the filaments or heaters of the tubes.
The efficiency of an amplifier stage
may be calculated:
EII

where,

P is the developed power,
E., is the average voltage at the plate,

L. is the average plate current.

amplifier info the inaudible frequency

However, this is not true of transistor

range?-To obtain a frequency response
covering a range of 20 to 20,000 Hz, with
low distortion, flat frequency response,

and low phase shift, requires a very

amplifier output stages, as efficiency is
important particularly if the amplifier
is battery operated.
12.215 What is a starvation am-

wide frequency band for the following

plified-An amplifier employing pen-

reasons: Phase shift becomes apparent
and measurable at values of one -seventh to one -tenth the frequency where
the amplifier response is down 2 dB
with respect to the reference frequency.

tode tubes with the screen voltage set
10 percent below the plate voltage and
the plate -load resistance increased 10
times that normally used for a par-

To obtain the foregoing frequency

plification factor is greatly increased,
although the transconductance is decreased. A stage gain of 2000 or more is

response with less than 1 -percent total
harmonic distortion, the bandwidth

must be 7 to 10 times the usable frequency range. This means that for an
amplifier to reproduce 20 to 20,000 Hz,

the frequency range of the amplifier
must extend from 2 to 200,000 Hz. This
frequency range is not unusual for
modern high -quality amplifiers. (See
Question 12231.) This wide frequency
range also permits high frequency sum
and difference frequencies generated by
the instruments in the original program
material to be reproduced in their normal frequency bands.

A wide frequency range must exist
without any trace of oscillation either
in a static or dynamic condition, as oscillation at the subaudible and inaudible frequencies adds distortion to the
reproduction. Oscillation at the extreme
ends of the frequency response may be

checked by means of a square wave
generator and an oscilloscope as described in Question 23.49.
12.213 If on amplifier is oscillating

at an inaudible frequency, what is the
effect on the reproduction?-Harshness
of the high frequencies and a rasping
type distortion which induces listening
fatigue.
12.214

Is the efficiency of an orn-

ticular tube. In this manner the am-

possible with a circuit of this kind.
12.216 How should the gain of
bridging amplifier be stated? --The actual gain when the amplifier is bridging
a given impedance. As an example;
assume a bridging amplifier is being fed

from a 600 -ohm bridging bus. The input impedance of the amplifier is 30,000
ohms. The bus level is a plus 4 dBm

and the output level of the amplifier is
a plus 22 dBm, what is the gain of the
amplifier?

The gain is obtained by subtracting
the bus level (plus 4 dBrn) from the
output level (plus 22 dBm) or 18 dB
There is a bridging loss of 17 (113 be-

tween the input of the amplifier and
the bridging bus which is the ratio of
600/30,000 and may be calculated:
30,000
600

- 50

10 Log,. 50 = 10 x 1.699
17 dB.

The actual gain of the amplifier when
fed from a 30,000 -ohm source is 35 dB.
The gain is stated as being 18 dB
when operating from a 600 -ohm source
impedance. (See Question 8.62.)
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12.217 Describe the procedure for
designing a small single -ended amplifier

with negative feedback.-Assume it

is

desired to desigu a small single -ended
power amplifier which is capable of
producing 6 5 watts with a maximum of
3 percent total rms harmonic distortion.
The input and output impedances are to
be 600 ohms. The maximum signal -input

level is plus 4 dBm.
The first step is to block diagram the
amplifier as shown in Fig. 12-217A. The
various factors of design will be entered

With a signal of 14 volts without feedback, 56 volts will be necessary with
feedback since to maintaiu the same
signal -to -power output, the signal at
the control grid of the 61.6 must be increased by a factor of 4. This value is
entered at the input of the output stage
ou the block diagram. The next step is
to determine the gain required to drive
the output stage from an input signal
level of plus 4 dBm. The power at the
input in watts is:

in these blocks as the design progresses.

For an amplifier of the foregoing
proportions, a single beam -power tube
such as a 61.6 will be satisfactory. Referring to the operational data for this
tube, operating class -A, 6.5 watts may
be obtained under the following operating conditions:
Plate voltage
Screen grid
Grid bias
Cathode resistance
Peak audio -frequency
voltage
Maximum plate -signal

current

250 volts
250 volts
14 5 volts
170 ohms

P

where,

dB is the input level of plus 4 dBm,
the reference level is 0.001 watt (1
miiliwatt).

The input power may now be calculated:

Antilog 0.4 x 0.001 = 2.51 x 0.001
= 0.00251 watt

To find the voltage required at the
input:

14.0 volts

E= V WZ
= V0.00251 x 600

78 mils

Maximum screen signal current
Load resistance
Total rms harmonic

7.5 mils
2500 ohms

dB
Antilog -10 X ref. level

=f

= 1.23 volts rms
where,

W is the watts as determined from
the foregoing.

distortion at 65
watts output
Maximum power
output

10 percent

Z is the input impedance of the input
transformer (600 ohms).

0.5 watts

It is desirable at this time to convert

It will be noted the distortion is stated
to be 10 percent; this is without negative feedback. By the use of feedback,
the distortion is to be reduced to a

the above voltage to peak volts, since

the signal voltage at the input of the
power stage is in peak volts.
Peak volts = 1.23 x 1.414
-- 1.74 volts

maximum of 3 percent.

The amplifier is first designed withfeedback, and then feedback is
added as explained later in the procedure. If the distortion is 10 percent
without feedback and the final distortion is to be 3 percent, the distortion
reduction factor is 3.33. Allowing a
margin of safety, a factor of 4 will be
used; thus, the gain factor is also 4.
out

The required voltage gain between the

input of the voltage amplifier and the
control grid of the power stage is:
VG I=

56

32.2

The next step is to select an impedance ratio for the input transformer.
- 041812 7688-4

I-

-GAIN 35811-.1
TILL

44 813m
I 23VASIC1-411

174V
74V PEAK
0

70V PEAK
AVAILABLE

56v PEAK
8E01141E0

T2
50N

41

0600 fl OUT
126 4 V RIMS

178 7V PEAK
III

Fig. 12.217A. Block diagram for amplifier design problem.
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For this problem, an impedance ratio of
600/30,000 ohms will be used, although
a ratio of 50,000 to 100,000 ohms is com-

mon. The turns ratio for an impedance
ratio of 600/30,000 ohms is:

Turns ratio = V Z,
= V50
= 7.07

Z, is the impedance ratio.

This means that the signal voltage at
the primary of the input transformer
will be increased by a factor of 7.07.
As this amplifier is to present a 600 ohm impedance to the source, the sec-

ondary is terminated in a 30,000 -ohm
gain control. This reduces the signal
voltage at the secondary to one-half the
voltage obtained without the termination. Thus, the increase in signal voltage
is one-half of 7.07 or 3.5. (See Question
12.170.) From the previous calculation,

it was determined that 32 dB of gain
was required in the first stage. To permit a small margin of safety, the gain
will be taken as 35 dB.
Gain is achieved by the amplification

of the first tube and the step-up ratio
of the input transformer. The tube for
the first stage is now selected for a
voltage gain of ten or more, that will
produce a peak signal voltage of 56 or
greater at its plate. A medium -mu triode, such as the 6C5, resistance -coupled

will produce about 70 volts nns at its
plate. Therefore this tube will be used
for the first stage. Referring to a resist-

ance -coupled data chart for the 6C5,
70 volts nns signal voltage may be obtained under the following conditions:

600/30.000n

11

Peak output volts
Cathode bypass capacitor

70 volts
2.3 p.F

Both the cathode and coupling capacitors will be multiplied by a factor of 4
to extend the low -frequency response
as explained in Questions 12.19 to 1221.
The next portion of the problem will be

where,

Plate supply voltage
Plate load resistance
Following grid
resistance
Cathode resistor
Coupling capacitor

Voltage gain

300 volts
50.000 ohms
100,000 ohms
2600 ohms
0.04 µP.'

0

devoted to the design of the negative feedback loop. Negative feedback will
be taken from the plate of the 6L6 to
its control grid through resistor R, and
capacitor Ce. (Fig. 12-217B).
To calculate the feedback circuit, the

gain of the power stage must be determined. As the stage develops 65
watts into a load impedance of 2500
ohms, the signal voltage at the plate is;

E= V WZ
= V6.5 \ 2500

= fiti2,7)
where.

= 126.4 rms

E is the signal voltage developed at
the plate,
W is the power developed by the
tube,
Z is the load impedance.

To convert the rms plate voltage to
peak voltage it is multiplied by 1.414.
resulting in a peak voltage of

178.7

volts. The voltage gain is the peak out-

put voltage divided by the peak input
voltage (14) which is 12.76. Beta may
now by calculated.
(1 - AP) = 4.00

-A$=3.00
3.00

- 17.76
= 0.235

The equivalent resistance from the con-

trol grid of the 6L6 to ground is the
resistance across which the feedback
voltage is delivered and consists of the
grid resistor R.. the plate -load resistor
?SOO /6041,

6C5

Fig. 12-217B. Power amplifier and driver stage for design problem.
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R., and the plate resistance r,. of the
preceding tube, all in parallel. The
values of these components are:
R.

100,000 ohms

R,

50,000 ohms

r,

10,000 ohms

Ti

tearyE
Fig. 1 2-21 8. The effect of decreasing the
value of the feedback capacitor in a

negative -feedback amplifier,

The equivalent resistance

R.., of the
above is 7700 ohms.
The feedback resistor R.,. may be
calculated:

- R, + R.,

=

fi

frequency to he passed by the amplifier

However, if desired, the value of the
capacitor in the feedback loop may be
changed to obtain a rising characteristic
at the lower frequencies.
Assuming the value of the capaci-

0.235 - 77°°
= 32,750 - 7700

tance in the original design was selected
for a flat frequency response. reducing
the value of the capacitor results in less
feedback at the lower frequencies;

= 25,050

therefore, the gain of the amplifier at

is the equivalent resistance,
Rnr is the feedback resistance.

ing in a rising low -frequency characteristic. The effect of varying the value

7700

where,

The feedback loop extends from the

the lower frequencies is greater, result-

of capacitance in a feedback loop for a
given set of conditions is shown in Fig.

Plate to the control grid of the output
tube. The resistor Re,. establishes the

12-218.

correct feedback voltage at the control

necting small capacitors from the grid
or plate circuit to ground in a push-pull
amplifier stage?-To prevent the generation of parasitic oscillations. If the amplifier stage employs a push-pull driver
transformer, small capacitors may be
connected across each half of the sec-

grid. The capacitor Cis included to
isolate the plate voltage from the grid
circuit. This capacitor must have a reactance at least one -tenth the value of
the total resistance in the feedback loop
at the lowest frequency to be amplified.
The total resistance R.., is 7700 ohms

and R, 25,050 ohms making a total of
32,750 ohms. Therefore, the reactance of
should be approximately 3300 ohms
at the lowest operating frequency

which, for this problem, is assumed to
be 40 Hz. This will result in a capacitance of 2.0 'IF.
The cathode resistor is 170 ohms and
bypassed with a 40- to 50-µF electrolytic
capacitor. The total plate current drawn

12.219

What is the purpose of con-

ondary. or from the control grid

to

ground. Both of these methods will affect the high -frequency response However,

if the amplifier is used only for

paging or other services not requiring a
wide frequency response, either method
will he satisfactory. In either case, only
enough capacity is used to prevent
oscillation.

by the amplifier will be the maximum
plate and screen currents of the output

tube, plus the current drawn by the
first stage.
12.218 If the size of the capacitor
in the feedback loop in the previous
question

is

0

altered, what effect will it

hove on the frequency response?-Normalty, the reactive element in a feed-

back loop is of such value it has little
or no effect on the frequency response
of the amplifier. This is accomplished
by using a value of capacitance which
has negligible reactance at the lowest

Fig.

1 2-2 1 9.

Methods

el

connecting

small capacitors in a push-pull amplifier
to prevent parasitic oscillations.
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Capacitors connected in the plate circuits may be somewhat larger in value
than those used in the control -grid cir-

cuit because of the lower impedance
of the circuit. At times, only a single
capacitor connected from plate -to -plate
will be necessary to prevent oscillation.
Parasitic oscillation is often caused
by unbalances in the output transformer windings due to a greater
amount of capacity existing between

equalization?-Because the harmonic
frequencies are accentuated and even
small percentages of distortion may become objectionable. This type distortion
is

independent of any distortion in-

duced by the equalized stage.

If the high frequencies are attenu-

A well -designed amplifier should not
require compensation to prevent parasitic oscillation; however, because of
manufacturing tolerances, this may be
necessary at times. Typical methods of
installing capacitors for the prevention

ated, the distortion is reduced. A good
rule to remember is if the frequency
response is to be extended, distortion
must be reduced to a negligible amount.
12.222 How does the efficiency of
an output transformer affect the power
output of an amplifier?-At low -output
powers the efficiency of the output
transformer can be ignored; however,
at powers of 10 watts and greater, the
insertion loss of the transformer may
become the limiting factor in the design
of an amplifier. As an example, assume
an output transformer of conventional
design induces a power loss of 025 dB.
For 20 watts of output power, the

of parasitic oscillations are shown in

power loss between the primary and

Fig. 12-219.

secondary amounts to approximately

windings in one-half of the primary to
ground. The connection of a single
capacitor from one of the plates to
ground to compensate for transformer
unbalance will prevent oscillation. The
proper plate must be found by trial.

The values for the grid circuit vary
from .00001 to .0005 µF. The value used,

for the plate circuit is generally about
.001 µF. Usually a .001 µF -capacitor is
used if a single capacitor is connected
from plate -to -plate. For a single capacitor from one plate to ground, use only
as large a value as needed to prevent
oscillation. The voltage ratings for the
plate capacitors must be such they will
stand the full de plate voltage, and the
peak signal voltage. Generally, 1000 -

volt mica capacitors are used for this
purpose.
12.220

How

should

beans -power

tubes be operated for the lowest harmonic distortion without negative feedback? - Beam -power tubes without
negative feedback generally have from
7 to 13 percent total rms harmonic distortion, the greater part of the distortion heing third harmonic. If the output
load varies, as would be the condition
when terminated by a loudspeaker, a
capacitor and series resistor may be
connected from plate to ground as described

in

Question

12.169,

to

help

maintain a more constant load to the

1

watt.

If this same insertion loss occurred
in an amplifier developing 100 watts of
power, the loss between the primary
and secondary would amount to about
5 watts of power. Therefore, it is extremely important that an output transformer used in an amplifier developing
any amount of power have a low insertion loss or an efficiency as high as pos-

sible. This means that the transformer
must have low leakage reactance.
Interstage transformers, as a rule,
have about 1 -dB insertion loss but, as
these transformers are used in low-level
circuits, it is of no particular consequence and the loss may be overcome

by increasing the gain in the voltage
amplifier stages 1 dB. The efficiency of
an output transformer may be calculated:

Ett = pr:_ x 100
where,
P,.,1

is the power at the primary,

P... is the power at the secondary,

operating with its normal load impedance.

A further reduction of harmonic distortion is obtained by operating the
tube into a plate impedance one -fifth,
or less, the plate resistance of the tube.
12.221 Why is the harmonic distor-

Several new designs in output transformers have appeared in the last few
years, in which the power loss is quite
low. One of these designs is the McIntosh described in Question 12.231. The
measurement of transformer loss is dis-

tion increased when using high -frequency

cussed in Question 23.71.

tubes.
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calculated in two different ways-power

by making the capacitor quite large, say
150 to 1000 µF.
Low -frequency response is also af-

or decibels. For the loss of power in

fected by the value of the coupling

watts, the equation is:

capacitor and the grid resistor used to
couple the following stage or located
at the input of the wideband stage. The

12.223
a

How is the insertion loss of

transformer calculated?-lt may be

Watts =

,P

time constant of this combination is also

of importance. If the time constant is
made long to pass very low frequen-

For the loss in decibels:

dB = 10 Log. where,

Pi is the power at the primary.
P,

is the power at the secondary,
when operating into its normal load

impedance.

/2.224 Con the frequency response
of an amplifier be judged by its response

to a square wore?-Yes. It may be said
that if a square wave is applied to the
input of an amplifier and not distorted
by passage through the amplifier, the
frequency

response

is

uniform from

f/10 to 10 f, where f is the fundamental
frequency.

The square -wave generator is set to
different fundamental frequencies and
the shape of the square wave observed
on an oscilloscope connected across the

output of the amplifier. The frequency
response of the oscilloscope must be
such that it does not distort the square

cies, serious phase shift is caused which

results in distortion of the lower frequencies. Phase shift at the lower frequencies may be avoided by using a
direct -coupled circuit as described in
Question 12.39.
The bypassing of the screen dropping
resistor is also quite important, as it
also affects the low -frequency response.

To assure that the power supply impedance is low, a large capacitor should
be connected across the de output.. As
some of these capacitors would become
rather impractical because of the large
value required, it is more satisfactory
to compensate the amplifier at the low
frequencies.
High -frequency loss is due to the

Miller effect, internal capacities of the
tube, and the distributed capacities of
the circuit which are difficult to overcome; therefore, compensation is also
used for extending the high -frequency

wave.

response. (See Question 12.191.)

This can be checked by comparing
the image at the output of the amplifier
with that at the output of the square -

Whenever compensation circuits are
used, a loss of gain takes place, which
may be compensated for by the use of
tubes of high transconductance, such as

wave generator. Square -wave testing is
discussed in Question 23.154.
12.225 How ore wideband vacuum tube amplifiers compensated for frequency response?-As a rule, audio
equipment requires a frequency response between 20 and 20,000 Hz. However, many devices used for testing au-

dio -frequency equipment such as an
oscilloscope, distortion -measuring sets,
and vacuum -tube voltmeters require an
extremely wide frequency response,
ranging from 10 hertz to 1 megahertz in
width. The conventional resistance -cou-

pled amplifier will not amplify all frequencies equally over this wide band
without special frequency compensating
circuits
The loss of low frequencies is due
principally to the impedance of the bypass capacitor C. in the cathode circuit
rising as the frequency is decreased.
This may be overcome to some extent

the 6AC7.

An RC coupled stage with both a
low -frequency and a high -frequency
compensating circuit is shown in Fig.
12-225. Compensation is obtained by
designing the time constants of the low frequency compensating circuit to equal
the time constant of the cathode circuit
elements R. and C.. The compensating
circuit consists of capacitor C. and resistor R, which increases the plate loading at the low frequencies and compensates for the phase shift which is caused
by coupling capacitor C and grid resistor R..
To properly compensate the circuit,
resistor R. must have a value greater
than the cathode resistor R. by an

amount equal to the voltage gain of
the amplifier stage. Capacitor C. in the

cathode circuit must also be greater
than C. by the same amount, to obtain
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equal time constants in two parts of
the circuit. Therefore:
FL

where,

fier. -The dynamic characteristics
two

tubes connected to operate

of
in

class -A push-pull are shown in Fig.
12-226. The characteristic curve has
been constructed from the individual
dynamic characteristics of each tube.
The characteristics of the individual

X C. = R, X CI

R, is greater than R. by the voltage
gain of the stage.

To illustrate the design procedure, as-

tubes may be identified as V1 and V2.

the amplifier stage has a gain of
18 at the midfrequcncies, the cathode
resistor is 150 ohms, bypassed by a
sume

250-µF capacitor. The value of R.

I

vi

is

BIAS

then:
18 x 150 = 2700 ohms

'

DYNAPAC

CHARACTERISTIC

C.250
=

OUTPUT

(PLATE

= 13.9 µF.

SIGNAL
CURRENT)

ICI

At the low frequencies, the plate load
consists of the plate -load resistor R,
and R. in series, and at the higher frequencies principally
At frequencies
of 50 to 10 Hz, the compensating capacitor C. will have a reactance of approximately 230 and 1200 ohms, respectively.

adjusted by applying a square

Fig. 12-226. Dynamic characteristics of
two tubes operating class -A, push-pull.

wave signal to the input while ohsorving the output waveform on an oscillo-

The plot of the two tubes is the same

In

practice, the compensating resistor

R.

is

because they are caused to operate 180
degrees out of phase. When operating
as a single tube, class -A, little distortion exists because the grid signal operates in the most linear portion of the
dynamic characteristic. In push-pull
operation, the distortion is even less because of the increased linearity.
By projecting the signal at the control grid to the push-pull characteristic,
the output waveform is obtained. As a

scope.
The

high -frequency compensating
circuit consists of a 70 to 250 millihenry
slug -tuned peaking coil connected in
the plate circuit. The frequency re-

sponse at the high frequencies is adjusted in a similar manner to that used
for the low -frequency circuit. When
both circuits are properly adjusted. the
waveform at the output of the amplifier
should be the same as the waveform at
the input. The compensating circuits,
because of their design, are independent of each other.

a greater grid voltage swing is
possible in push-pull because the dynamic characteristics arc linear over a

rule,

12.226 Describe the dynamic characteristics of a class -A push-pull ampli-

greater voltage range. Thus,
power output is obtained.

more

C

Fig. 12.225. A wideband RC amplifier compensated to cover a frequency band from
10 Hz to
MHz.
1
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Efficiencies up to 30 percent are com-

class -AB,. It will be noted the dynamic

mon with push-pull amplifiers where,
with one tube only, 20 percent is average. Operating two tubes in class -AB
can result in efficiencies up to 55 per-

curve for the class -B, amplifier (Fig.
12-2288) has a bend at the crossover
point which induces harmonic distortion. Class -B amplifiers require very

cent.
12.227

stable power supplies with good voltage
regulation because the tubes in their
quiescent state draw very little current;

pull amplifiers?-The dynamic characteristics arc similar in appearance to

however, when a signal voltage is applied to the control grids, the plate current rises quite rapidly to a rather
large value.

What are the dynamic characteristics of a class -AL and -AB. push-

that of the class -B. (Fig. 12-228A). The
actual characteristic is a function of the
bias voltage. As a rule, the output stage
of a transistor amplifier is operated
class -B, or class -B,.
12.228 Describe the dynamic characteristics of a class -B push-pull amplifier.-Although vacuum -tube amplifiers
operating class -B and its subscripts are
not as a rule used for driving recording
equipment, extensive use is made of
transistors operating in this mode.
However, precautions must be taken to
reduce crossover or notch distortion to
a negligible amount. Amplifiers operat-

It is again emphasized that in the use
of class -B amplifiers, crossover or notch
distortion must be reduced to a negligible value for high quality recording
and reprodnction.
1P2

OUT PUT SIGNAL
PL ATE CURRENT )

ing class -B arc always designed for
push-pull operation, as discussed in
Question 12.67.

Two types of class -B amplifiers are
in general usage, class -B, and class -B.:.

In the class -B,, grid current is not per-

mitted to flow, while in the class -B,
grid current is permitted to flow for a
fraction of the input signal cycle; therefore, the harmonic distortion is higher
than for the class -B, amplifier.
The dynamic characteristics of a
typical class -B, push-pull amplifier are
shown in Fig. 12-228A. A higher value
of bias voltage is used than for the
1152

INPUT
SIGN AL

Fig. 12-228B. Dynamic characteristics of
a push-pull amplifier operating Gloss -B..
Tubes are biased to plate -current cutoff.
12.229

How is fixed bias obtained?

-Fig. 12-229A shows a fixed -bias circuit using a resistor RI in the common
negative return of a full -wave rectifier
circuit normally used for supplying
plate current. Because the total plate

current drawn by the amplifier flows
through resistor RI, a voltage drop is
created which is used for a bias voltage.
OUTPUT

SIGNAL

(PLATE CURRENT I

Only a small amount of filtering is required which may be obtained with a
100.000 -ohm resistor (R2) and a 10 -AF
electrolytic capacitor. The fixed -bias
may also be obtained by means of a rectifier connected to one-half of the high -

voltage winding of the power transINPUT
SIGNAL

Fig.

of

a

1 2-228A. Dynamic characteristics
push - pull amplifier operating
class -8,

former in Fig. 12-229B. Filtering is
obtained by means of resistor (R) and
a 20 -AF capacitor C. The circuit in Fig.
12-229C is similar, except the ac voltage
is obtained from a separate winding on
the power transformer.
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Fig. 12-229A. A fixed -bias circuit using a resistor in the negative return of a full wave rectifier circuit.
12.230 Define the terms crossover
and notch distortion.-When operating

Values of 1 -percent or less THD are
not difficult to obtain in a transistor am-

vacuum -tube amplifiers class -B or any
of its subscripts, the bias voltage is adjusted for a condition of near plate -current cutoff. This type of operation is the
cause of considerable distortion termed
crossover or notch distortion, and occurs
each time the signal passes through the
zero plate -current point. This distortion
is aggravated also by the imperfect
coupling existing between the primary
and secondary windings of the output

plifier for power outputs of 50 to 100
watts. What is important is the distortion at power output levels of 1 watt or

transformer.
Crossover distortion can be corrected

to a great extent by the application of a
small amount of bias voltage applied in
the cathode circuit of the individual
tubes. For a 6L,6 tube, this amounts to

about 0.6 to 1.5 volts, and can be obtained by the use of a resistor of 5 to
10 ohms in each cathode circuit. After
reducing the distortion in this manner,
the remaining distortion can be further
reduced by the use of a generous
amount of negative feedback. As a rule,
special class -B interstage transformers
are employed to drive the output stage,

with a low -impedance secondary because of grid -current flow.

Fig. 12-229B. A fixed -bias circuit using
a half -wave rectifier.

less. Distortion at these levels can be up
to five times greater than at full power

output because of crossover or notch
distortion. Distortion at the lower levels
is usually generated in the output stage
because of class -B operation. Therefore,
it is highly important that several measurements be made at low power output
to check for this type of distortion. The
making of such measurements is discussed in Question 23208.

Since an output transformer is seldom used with transistors, its contribution to the overall distortion is eliminated, and only the notch distortion has
to be considered. The efficiency of a
class -B push-pull stage ranges from 60
to 70 percent. (Sec Questions 11.143 and
23.210.)

12.231 Describe the McIntosh amplifier circuit. --The McIntosh circuit is
a

highly efficient

beam -power tube

push-pull amplifier circuit, using a special output transformer, developed and

patented by Frank H. McIntosh. The

Fig. 12-229C. A fixed -bias circuit using
a half -wave rectifier with a sepornte
winding on the power transformer.

607

AUDIO AMPLIFIERS

output stage attains its high efficiency

through a combination of the output
transformer and
mately class -AB,.

working

The transformer has four

approxi-

one for the cathode and one for the

of

plate. The primary and cathode windings are Li/liar wound; that is to say,
the two windings are made by winding

sets

windings, one connected in the cathode,

one in the plate circuit, and two output
windings, one of which is used for supplying a negative feedback voltage. A
schematic diagram of the McIntosh
MC -40 power amplifier is shown in Fig.
12-231A.

::111
rp

The output transformer of Fig.
12-231B provides two load impedances,

the wires side -by -side, providing for all
practical purposes unity coupling; thus,
the leakage is greater than 80,000:1,
which reduces the leakage inductance
(lack of coupling) to a negligible
amount. After the coils are wound,
°
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Fig. 12-231A. Schematic diogram for McIntosh MC40 power omplifier.
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accomplished by winding groups of primary layers, then secondary layers, until the whole transformer is completed.
Referring again to Fig. 12-231B, the
small 5 -ohm winding supplies a negative -feedback voltage, while the fourth
winding is employed for coupling to the
external -load circuit. Taps are provided
at 4, 8, and 16 ohms. A 600 -ohm output

en

4113
o
U
.r

12-231 B. Impedance relations for
McIntosh unity -coupled bifilar-wound
Fig.

Output transformer.

is also provided by the winding in the
cathode circuit. Because of a small

amount of dc current flow between the
cathode and the center -tap gronnd connection, this winding cannot be used

grain -oriented steel "C" type cores are

with grounded circuits. Only a sym-

inserted in the coils, resulting in

metrical or balanced -to -ground circuit
may be used. (See Question 8.25.) The
small voltage drop across this winding
has the effect of reducing the notch or
crossover distortion mentioned earlier.

a

shell -type construction as seen in Fig.
12-231C. (See Fig. 8-105.) The two cores
weigh approximately five and onehalf pounds each. The power bandwidth
is thus increased to over 100,000 Hz.
In operating tubes push-pull class -A,
class -B., and class -B distortion is gener-

It will be observed in Fig. 2-231A
that the screen grids are connected to
the top end of each half of the primary

ated, termed notch or crossover distor-

winding, but the plate of a given tube is

tion. (See Question 12.230.) This distor-

fed from the opposite end of the pri-

tion is particularly bad in the class -B
modes. Notch distortion is generated at
the instant the current is cut off during
the idle period, and again when current
starts to flow. This is caused by the imperfect coupling in the conventionally
wound transformer. The use of a bifilar
winding provides an extremely tight

mary winding. Thus, the signal voltage
at the cathode and the screen grid for a
given tube is the same. Connected as
shown, the screen grids are bypassed to
the cathode providing ideal conditions

coupling between windings, removing a

condition which aggravates notch distortion. Furthermore, the tubes are connected as partial cathode followers, half
of the circuit being in the cathode and
half in the plate circuit of each tube.
This provides a local feedback loop
which reduces distortion and generator
impedance, and eliminates the need for
balancing the circuits. The primary and
secondary windings of the coils are interleaved no less than five times, to improve

the

coupling.

Interleaving

for beam -power tube operation. The
impedance

relationship existing

be-

tween the several windings is shown in
Fig. 12-231B. It will be noted the impe-

dance of the primary from plate -to plate is 1000 ohms, which is quite low
compared to the conventional push-pull
amplifier where the plate -to -plate impedance may range from 4000 to 10.000
ohms. The impedance from cathode -to cathode is also 1000 ohms. Because the

signal voltage at the cathodes is quite
high, the circuit requires tubes in the
output stage that will withstand a high

is

12-231 C. Interior construction of
McIntosh output transformer. The coils
are wound on grain -oriented steel
Fig.

Cores.

Fig.

12-231D. McIntosh MC40 power
amplifier.
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12-231E. Schematic cliogrorn for McIntosh MC275 stereophonic amplifiers.

heater -to -cathode potential. The GLGG

ing of one-half of a 12AX7 tube, fol-

beam -power tube meets these require-

lowed by n "long-tailed" phase inverter
comprised of a I2AU7 tube. This stage
is followed by a second push-pull stage,
12BH7 tube which drives a third pushpull stage, a 12AX7 tube connected as a

ments.

Referring again to Fig. 12-231A and
tube VIA the input signal is applied to
a single -ended amplifier stage, consist-
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cathode follower The cathodes of this
stage are direct -coupled to the control
grids of the 6L6G beam -power tubes in
the output stage.
Negative -feedback voltage is taken
from a 5 -ohm winding and carried back
to the cathode circuit of the first stage.
The 6L6G tubes in the output stage are
operated with fixed bias supplied by a
series half -bridge employing two silicon
diode rectifiers, and two capacitors.
(See Question 21.98.) Small radio -frequency chokes of approximately 2 rnicroheuries are connected in the plate of

each output tube to prevent parasitic
oscillation. An input control and attenuator complete the circuit. The rated
continuous power output is 40 watts,
with less than 0.5 -percent harmonic

Fiq. 12-231F. McIntosh MC275 stereophonic power amplifiers. Each channel
develops 75 worts of power.

Lain the proper phase relationship with
the higher harmonics, thus permitting
the maximum use of the feedback volt-

distortion at 20 to 20,000 Hz, and in the
midlrequencies a 0.10 -percent distor-

age loop to cancel distortion and improve the linearity. Small changes in

tion. Intermodulation distortion is less
than 0.5 percent for any combination of

the frequency response such as 0.10 dB

frequencies between 20 and 20.000 Hz,
if the instantaneous peak power is less
than 80 watts. Hum and noise is 90 dB

and a change of 3 dB will cause a phase
shift of 45 degrees. Therefore, the effect

below the output of 40 watts (plus 46
dEm). The internal output impedance
is less than 10 percent of the load impe-

dance. If the amplifier is to he used

will cause a phase shift of 10 degrees,

of the feedback is reduced in proportion to the cosine of the phase shift
angles. As a rule, phase shift becomes
apparent and measurable at one -seventh to one-teuth the frequency where

with a 70.7 -volt distribution system, the
load is taken from taps A and B on the
600 -ohm winding in the cathode circuit
of the output tubes. Phase shift is less
than 8 degrees at 20 to 20,000 Hz. The
completed amplifier appears in Fig.

a 2 -dB change in the frequency re-

12-231D.

watt version, the McIntosh MC275, is
shown in Fig. 12-231E. Except for the
values of certain components, and the

To provide large amounts of power
with good frequency response requires
that an amplifier have a wide frequency

range. To provide low distortion with
a large amount of power requires a
uniform frequency response with small
amounts of phase shift. This design assures that the feedback voltage at fun-

damental high frequencies will main-

sponse takes place. This indicates quite

clearly that a bandwidth 7 to 10 times
the highest frequency to be reproduced
is necessary.

The schematic diagram for a dual 75 -

output tubes being changed to KT -88 or
6550 tubes, the theory and operation of
the circuit is the same as for the MC40.

An additional winding appears on the
output transformer, which is fed from
the plates of the driver stage V4, and
is trifilar wound, improving the power

Fig. 12.231G. McIntosh Model C24 solid-state stereophonic preamplifier.
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bandwidth. The output power rating for
this amplifier is 75 watts continuously

for each channel, or 150 watts monophonic. The frequency response, harmonic and intermodulation distortion,
and phase -shift are the same as for the
MC40. The complete amplifier is pictured in Fig. 12-231F. Either of the de-

crease to 0.30 percent at 10 -volts output.
The hum and noise is 78 dB below 2.5 volts output.
12.232 Describe a Williamson circMt using ultralinear operation.-In Fig.

12-232A is shown a schematic diagram
for the well-known Williamson power
amplifier using ultralinear operation.

scribed amplifiers are designed to oper-

Starting at the left, the signal from a

type preamplifier or

preamplifier is applied to the input control grid of tube VI, through a network
consisting of a 15,000 -ohm resistor,

ate with any

stereo center.
In Fig. 12-231G is shown a solid-state
preamplifier (stereo center) Model
C24, especially designed to operate

with the previously described amplifiers. In the schematic diagram of Fig.
12-231H, the preamplifier employs a
total of 18 silicon planar transistors,

0.10-aF capacitor, grid resistor, and a
15,000 -ohm grid -limiting resistor. The
15,000 -ohm series resistor in the input
increases the input impedance of the
amplifier. The 0.10-0.F capacitor prevents any de component in the signal

eight in each side, with one in a third
L + It channel (for driving an additional amplifier and loudspeaker) and
one in the voltage regulator circuit in

from the preamplifier from affecting the
control -grid circuit of the power amplifier, as would be the case if the pream-

the power supply. The preamplifier section of the phono pickup and magnetic

capacitor. The 15,000 -ohm grid -limiting
resistor in the control grid prevents

tape head employs three of the eight

overloading of input stage if too great
an input signal voltage is applied from
the preamplifier (as would be the case
if the signal were taken from the plate
circuit of the output tube in a pream-

Standard RIAA or LP
equalization may be selected by a slide
switch. This is followed by a mode selector switch, loudness control, channel balance, the first section of the
volume control, and an emitter -foltransistors.

lower transistor driving a Baxandalltype tone -control circuit. (Sec Question
6.86.) This is followed by two more am-

plifier stages, rumble and noise filter.
and an output stage using two transistors. The second section of the volume
control is next, followed by a voltage
divider network feeding the I.. R
third channel.
The power supply consists of two silicon diodes in a hill -wave rectifier cir-

cuit. The output voltage is regulated to
75

volts and further regulated by a

zener diode to 10 volts. A second zener
diode is connected in the emitter of the

voltage -regulating transistor. An unusual feature of this unit is that the output circuits of the power amplifiers are
returned to this unit before going to the
loudspeaker voice coils. This permits
the user to reverse the phasing of one
speaker if required, and feed a pair of
stereo headphones from a network connected between the left and right channels. The frequency response of the
complete unit in the flat position is
within 0.5 dB, from 20 to 20,000 Hz. The

output is rated 2.5 volts for less than
0.10 -percent distortion, with a slight in-

plifier did not include a dc isolating

plifier).

The output of V1 Is direct -coupled
to the control grid of V2, a phase split ter employing equal values of load re-

sistance in both the plate and cathode
circuits. Because of the large value of
resistance in the cathode circuit of V2,
an 88 -volt positive potential is developed at the cathode. The control grid of

this tube, being connected to the plate
of VI, is also 88 volts positive. This
means the control grid is operating at
a zero potential. By direct -coupling to
the input of the phase -inverter tube V2,
phase shift at the lower frequencies due
to the presence of a coupling capacitor
is avoided.
The signal at the cathode of V2 is in

phase with the signal at the control
grid, while the plate signal swings in
the opposite direction. These two signals are of equal amplitude but 180 degrees out of phase. This balanced signal

is applied to the control grids of the
driver stage V3 and V4, through coupling capacitors of 0.10 µF each. Two
signals of equal amplitude and 180 degrees out of phase are again available
at the output of V3 and V4 and are applied to the control grids of the 5881 or
6L6G push-pull output tubes through
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between the two amplifier stages and
thus reducing the tendency to oscillate
at the low frequencies. The signal Is

1.0-µF coupling capacitors. The use of
large coupling capacitors increases the
low -frequency response, besides providing a 10:1 ratio of time constants

finally amplified by the output tubes
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and

applied to

the output

load

output tubes must be balanced as
closely as possible. To achieve this bal-

by

means of the output transformer T1.

ance, a network consisting of potentiometer P1 and several fixed resistors

Negative -feedback voltage is taken

from the output winding of Ti and carried back to the cathode of the first
stage VIA, through a 4700 -ohm series
resistor shunted by a 240-pF capacitor,

is

connected in the control -grid recircuit of the push-pull input

turn

circuit. A pin jack is connected to the
upper end of each cathode element. To

which increases the high -frequency response above 50,000 Hz and assures a
180 -degree phase shift at the higher
frequencies around 100,000 Hz.

balance the plate currents. a dc voltmeter is connected across the pin jacks

To obtain the lowest distortion with

this circuit, the plate currents of the

and the potentiometer PI adjusted for
a minimum or zero indication on the
voltmeter. The accuracy of the volt-

lerp

w.

"

(Dies

vv- *
Fig. 12-232A. Schematic diagram of a 25 -watt power amplifier using the Williamson circuit for ultrolincor operation.
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Fig.

12-232B Schematic diagram for Williamson 25 -watt ultrolinear amplifier
power supply.

output tubes is taken at point B and
for the preamplifier at point A. To ob-

meter does not enter into the adjustment, as it is used only as a null indicator. When a balance is achieved, the
voltage drop across each cathode resistor is the same: therefore, the plate
current in each tube is the same. The
potentiometer P1 minimizes the unbalanced dc in the primary of the output transformer, reducing the core
saturation. Thus, the low -frequency response is increased and the distortion
below 50 Hz reduced. (See Question

tain a high value of filter capacitance in

the filter circuits and still have a large
margin of safety relative to the operating voltage, electrolytic capacitors of
40 irF are connected in series at the input and output of the filter choke, with
resistors of 100,000 ohms connected
across each capacitor, to assure an even
voltage distribution across each capaci-

tor. The 8 -pin plug at the right of the
diagram is for providing power to the

23.45.)

A limiting circuit, consisting of a re-

preamplifier.
Fig. 12-232C is a plot of power output

sistor and capacitor connected in series
and its parallel with the secondary of
the output transformer T1, prevents
damage to high -frequency speaker
units caused by transient disturbances

versus intermodulation distortion. The
frequency response for 5 and 25 watts
is given in Fig. 12-232D, with the
phase -shift characteristics given in Fig.
12-232E. Hum and noise is 99 dB below

The values of resistance and capacitance will not affect the frequency response in the normal frequency spec-

the output level of 25 watts (plus 44

dBm), or 45 dB with

trum.

reference

to

1-milhwatt.

Although the power supply for the

How is the bandwidth of on

12.233

amplifier designated?-lt is stated as
the difference between the half -power
point at the upper and lower frequen-

above combination is shown in a separate diagram. Fig. 12-232B is actually a

part of the power amplifier assembly,
and consists of a power transformer,

cies, or the frequency of 3 dB loss with
respect to the flat portion of the pass band as shown in Fig. 12-233.

two diode rectifiers, and an LC and RC

filter section. The high voltage for the
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Fig. 12-232C. Power output versus intermodulation distortion.
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reached, the core material cannot produce any more lines of force because
of saturation. Under these conditions
strong harmonics are produced, the order being dependent on the amplifier

00

ads

Fig. 12-233. Bandwidth of a transformer.

design.
What is the purpose of connecting a small capacitor in parallel with
the resistor in a negative -feedback loop.
is employed as a phase -shifting
12.234

How is the input level of an

12.239

amplifier calculated to drive it to lull

output?-Assume an amplifier is stated
to have 64 dB gain and to be capable of

-It

device to assure the signal being 180
degrees out of phase at the midrange

developing a plus 43 dBm at the output,

frequencies. Phase shift at the high fre-

drive it to plus 43 t1BM7

quencies

is

what level at the input is required to

maintained by the stray

dB,,, = (dB,....1 - dB,.,)

capacitance due to components and internal wiring.

= (64 - 43)
21 or - 21 dBm...

What precautions should be
observed when mounting coupling ca12.235

in a wide range omplilier?They should be mounted up and away
from the metal chassis to prevent the
distributed capacity from affecting the
high frequencies. Metal bathtub type
capacitors should be avoided for inter -

Thus a signal level of minus 21 dBm at

stage coupling.

impedance ratio

What is the purpose of paralleling an electrolytic capacitor with a
paper or mica capacitor?-To nullify the

generator and the load?-The gain in

pacitors

the input will drive the amplifier to a
plus

43

dBm.
What is

12.240

the

equation for

calculating the voltage gain in decibels

when an ideal transformer of a given

12.236

is

inserted between a

decibels may be computed:
dB

: 20 Log,.,

inductive effect of electrolytic capacitors, thus providing better bypassing at
the higher frequencies Generally, about

or

= 20 Log,.. T.,

0.10 to 0.025 AF will suffice for frequencies up to 50,000 Hz.

or

= 10 Log,. Z,,

where,
7.,

12.237 How does a horn potentiometer across a heater winding reduce the
hum frequencies in the output? When

is the impedance ratio of the
transformer,

T. is the turns
former.

the pot is in balance, equal voltages but

ratio of the trans-

opposite in sine are fed to the control
grid by induction from the healer circuit cancelling out the induced hum

72.241
If the output stage of a
voltage amplifier employs a screen -grid
tube and must be tronsformer-coupled at

frequencies.

the

output, what type transformer is
recommended? -11 the tube is a 6.17 or
similar type, an output transformer
with a 30,000 -ohm impedance primary

What is the principal cause
of distortion in on output transformer?
12.238

-When the maximum operati g flux is
1.100

50
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....-..-
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Fig. 12-232E. Phase shift of thn. power ampli ler in Fig. 12 232A.
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Fig. 1 2-24 2. Variable damping circuits.

may be used, with a secondary impedance to suit the requirements. The

damping

load supplies the terminating impedance.
12.242 What is variable damping

12.243 Show the circuit for a class AB, push-pull amplifier using fixed bias.
-Such a circuit is shown in Fig. 12-243

and how is it used?-Variable damp:rig

for an amplifier capable of producing

is used in the output circuit of an amplifier for the purpose of matching the
loudspeaker impedance to that of the
amplifier. The damping factor of the
amplifier is varied by means of a con-

30 watts of audio frequency power. The
output stage is driven from a cathode coupled phase inverter. It will be noted
the negative bias is obtained from a
small half -wave rectifier and is applied

trol which permits the use of either

to the cathode return of the inverter

negative voltage or current feedback.
Three typical variable damping control
circuits are shown in Fig. 12-242. It is
claimed by the designers of these circuits that the various effects noted in
loudspeakers

because

of

impedance

variations are eliminated by the use of
variable

damping.

Also,

that

when

properly adjusted, the amplifiers will
present the correct impedance match to
the loudspeaker voice coil at all times.

Variable damping circuits have been
the subject of much discussion but have
not yet been accepted as the remedy for
the mismatch between the amplifier
output and the loudspeaker. Measurements of amplifiers using variable

are

discussed

in

Question

23.139.

stage. The amplifier, although it
considerable

harmonic

distortion,

has
is

quite suitable for public address work.
12.244 How are harmonics generated in a nonlinear amplifier?-Harmonic distortion in an audio amplifier
may be caused by several factors, such
as

the

tubes not

operating

on

the

straight portion of their characteristic
curve, operating Us an overloaded con-

dition caused by applying too great a
value of signal voltage to the input re-

sulting in a flow of grid current, im
proper operating voltages, or poor regulation in the power supply.
Amplitude distortion is caused by the
nonlinear action of the tubes. If a pure
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SO
VAC

Fig. 12-243.

A cathode -follower phase -inverter and push-pull amplifier operating
class -AB: using fixed bias.

sine wave (a single frequency which
contains no harmonics) is applied to the

input of a vacuum tube which is supplied with the correct operating voltages and the amplitude of the sine wave

distortion, the plot of the grid -voltage
plate -current characteristics of a general purpose triode biased for class -A
operation is shown in Fig. 12-244A. The
tube selected for this illustration re-

is such that it does not overload the
input, a pure sine wave may he expected at the output or plate circuit.
The only departure from the original
waveform at the input will be the in-

quires a normal bias voltage of minus
6 volts. This point is indicated on the
plate curve as the normal operating

crease of amplitude and a phase rever-

tions,

sal of 180 degrees.

control grid, a sine wave is reproduced

To illustrate the cause of nonlinear

point.

Operating under the foregoing condi-

if a sine wave is applied to the

in the plate circuit. However, this will

+
OUTPUT

OPERATING

PUNT

NCPWAL

-

OPERAT PIG
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OUTPUT
UWE FORM

4«4
ir-2--TA e

246e a
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OOLPACPI Es
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12-244A.
Plate current for a
medium triode that is biased for class -A

Fig.

operation.

SIGNAL
vOLTALE

Output waveform distortion caused by overblasing.

Fig. 12-2248.
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12-244C. Output waveform distortion caused by underbiosing.

only hold true if the applied signal
voltage does not exceed the normal
operating boundaries. These boundaries

are the points on the straight portion
of the curve starting at minus 12 volts
bias and continuing up to the zero hias
point. If the signal voltage does not exceed these limits, a sine wave will be
reproduced in the plate circuit; hence,

no distortion of the input signal will
Occur.

Now consider an amplifier in which
the bias voltage is

incorrect, or too

large, as shown in Fig. I2 -244B. Here
the negative bias voltage has been increased until the operating point (value
of plate current) has been shifted down-

ward towards the toe or bend in the
plate current curve, or to the minus
12 -volt point. Under these conditions,
if a sine wave is applied to the control
grid there will be a greater flow of plate
current for the positive half of the grid

FLOW

0

Fig. 12-244D. Distortion in a correctly
biased tube caused by the application
of too large a signal voltage at the con
trol grid.

12-244C, the operating point will be
shifted upward. Now when the control
grid swings positive, the amplitude of
the positive half of the plate -current
waveform will be less than the negative

half because of being driven into the
saturation region of the plate -current
characteristic. When the control grid
is driven above the zero point, it will
draw grid current because the grid is
now positive with respect to the cathode. This flow of grid current causes a
voltage drop across the load in the grid
circuit, and as this voltage is in opposition to the signal voltage, the amplitude
of the positive peak of the signal voltage is reduced. This region is indicated
by the dotted line in the positive half of

the signal voltage at the control grid.
Conditions as described in the foregoing

output

cause strong second harmonics to be
generated within the tube, distorting
the output waveform in the plate circuit. Thus it is apparent the control grid bias voltage and the amplitude of

If the bias voltage is reduced to a

the applied signal play an important
part in controlling the distortion in a

swing than for the negative half, resulting

in

an

unsymmetrical

waveform in the plate circuit.
value of minus 2 volts, us shown in Fig.

1 2-244E. A fundomental frequency
F,, and its second and third harmonics
Fig.

F and F.

vacuum tube.
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Fig. 12-244F. Adding the fundamental frequency F. and the second harmonic F
Fig. 12-244E produces a new frequency -designated resultant.

The effect of overdriving the control
grid by applying too great a signal voltage is shown in Fig. 12-244D. In this
illustration the tube is again biased to
operate at its normal operating point
using a minus 6 volts at the control grid.
For the sake of illustration, the signal voltage has been increased to a

of

are generally of higher amplitude and
fall in the audible band.
To further illustrate the generation
of harmonics within an amplifier, in Fig.
12-244E are shown three superimposed
sine waves F. is a fundamental frequency, F: the second harmonic, and F,
the third harmonic. Adding the second

point where it drives the control grid
into the positive region or saturation

algebraically {Fig. 12-244F) results in

and cutoff, the negative toe of the plate

a new frequency indicated as the re-

current curve. Driving the grid so far
negative practically cuts off the plate
current on the negative swings of the

sultant. This new frequency is the same

control grid. This action flattens off the
negative peak, while the positive peak
is driven into saturation and flattened
off. (Saturation is a point where the
plate current is increased to such pro-

portions that no further output is obtained.) The slightest flattening or distortion of either the negative or positive
peak will cause distortion of the output
waveform producing both even and odd
order harmonics.
Harmonics generated in a vacuum

harmonic and fundamental frequency

as the fundamental except the amplitude of the negative peak has been increased, while the amplitude of the
positive peak has been reduced. Under
these conditions the second harmonic
will predominate, and is similar to a
condition where the bias is too low.
The fundamental frequency and the
second harmonic in a different phase
relationship are shown in Fig. 12-244G.

For this condition, the positive or resultant peak has a greater amplitude
than that of Fig. 12-244F. It is of interest to note that for the condition in Fig.

tube because of overloading is the re-

12-244G the second harmonic is gener-

sult of inherent characteristics of the
tube. First the plate resistance is not
always uniform and secondly, the so-

ated as if too great a grid bias voltage
has been used, and is similar to the

called straight portion of the plate current curve is not really straight. but
has some curvature. The most objec-

In Figs. I2 -244F and G a horizontal
line has been added to indicate the

tionable

harmonics

are

the

second,

third, fifth, and seventh because they

conditions in Fig. 12-244B.

shifted operating point. This line represents a de component caused by self rectification within the tube. Self-recti-

Si's TED
OPERATING

POINT _ 0

0

ML

°PEW 'N
POW,

Fig. 12.244G. Resultant waveform when the operating point has been shifted due
to self -rectification.
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fication shifts the operating point on the

order harmonics are generated, while

plate curve of the tube, moving either

conditions to which the tube is being

pentodes generate third -order harmonics. Even -order harmonics may he eliminated or reduced to a negligible value

subjected at the moment.

by the use of push-pull circuits. Odd -

upward or downward depending on the

The operating point has shifted up12-244G,

order harmonics generated by pentodes
may be reduced by the use of push-pull
circuits and the selection of the proper
load impedance.

causing the introduction of second harmonics. When large values of second
harmonics are present, there is an increase in plate current for an increase

will reduce the odd harmonics to a negligible value. As a rule a pentode is
operated into a load impedance '4th to

ward due to the increase of the positive
half -cycles and the decrease of the
negative half -cycles in

Fig.

of signal voltage. In Fig. 12-244F the
reverse has taken place.
When the distortion consists of a flat-

tening of only one peak in the output
waveform, the principal distortion is
second harmonic. This is accompanied
with a change in the average plate current and is called self -rectification.
Whenever both peaks are flattened.
third harmonics predominate and if the
distortion is considerable, a fourth harmonic will be generated, particularly

if the control grid is driven positive.
When the control grid is driven positive, grid current will flow and a voltage drop is caused by the flow of current through the input load impedance.
which may be a transformer or resistor
in the grid circuit. This voltage drop
flattens off the peaks of the input signal
which is in turn reflected in the output
waveform, along with the distortion
caused by driving the tube into saturation.
When the voltage drop caused by the

flow of grid current is 20 percent of the
peak signal voltage, a second harmonic
of 5 percent will be generated. As a rule
when second harmonics are generated,
tbird harmonic distortion is also generated at an amplitude approximately the
same as second harmonic.
It is important in the design of
class -B amplifiers (in which grid cur-

rent flows an appreciable part of the
input cycle), that the input load resist-

The addition of negative feedback

lath the plate resistance of the tube.
As the value of the load impedance is
rather critical for a given harmonic
distortion, the manufacturer's recommendations relative to load impedance
and operating voltages should he closely
adhered to.
12.245 What ore the basic reasons
for the difference in sound reproduction
between transistor and vacuum -tube arn-

plifiersl-The difference in sound reproduction of a transistor amplifier and
a vacuum -tube amplifier of comparable
power and frequency characteristics has
long been a subject of contention be-

tween advocates of the two types of
amplifiers.

As most transistor power amplifiers
employ class -B operation in a pushpull power -output stage, the greater
part of the distortion is generated
within this stage. The disadvantage of
using class -A output stages with transistors (single -ended or push-pull) is
that collector current flows continu-

ously. As a result, transistor dissipation
is highest when no signal is present.
Dissipation can he greatly reduced by
the use of class -B push-pull operation.
When two transistors arc connected
class -B push-pull, one transistor amplifies

half of the signal and the other

transistor amplifies the other half.
These half -signals are combined in the

output circuit

to

restore the original

ance be small and that the voltage drop

waveform.
Ideally, transistors used in class -B

caused by the load impedance in the

operation should be biased to collector

grid circuit be small, as the voltage

cutoff so that no power is dissipated
under zero -signal conditions. At low

drop caused by the flow of grid current
increases the bias voltage at the control grid, making it more negative than
normal. This is why an input transformer designed to drive a class -B
stage always has a low resistance secondary.
When a triode is overloaded, second -

inputs, however, the resulting
signal would be distorted, because of
the low forward -current transfer ratio
of the transistor at very law currents.
This distortion is termed crossover or

signal

notch distortion, as discussed in Question 12230.
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In early designs of transistor ampli-

Vcc

fiers this type distortion was overlooked because the amplifiers were

tested at their maximum power output.
similar to vacuum -tube amplifiers; thus,
crossover distortion was missed. Crossover distortion has a faculty of generating high -order odd harmonics, which
are more annoying than second or third
harmonics. Such reproduction leads to
listening fatigue.
Another very important point is that
transistors change their characteristics
with temperature (contrary to the general belief); therefore, temperature compensating circuits may have to be
included and means taken to keep the
amplifier at a reasonable operating
temperature. Amplifiers are also affected by line voltage changes as discussed in Question 23.210. Several other
factors also enter, such as the time -con-

stant of the coupling circuits, and the
bandwidth of the transistors which has
a very definite effect on the feedback
loop and can also induce distortion.
Many other factors enter into the design, which are more or less in common
with vacuum -tube amplifiers.

One of the features of a transistor

OUTPUT

Fig.

12-246. Bias -voltage network for
design problem.

12.246 Describe the procedure for
designing a transistor bias network.-

Assume a bias voltage network for a
transistor is to be designed, using the
network configuration in Fig. 12-246,
for a low-level application operating at
near -room temperature. The collector to -emitter voltage V.., collector supply

voltage V.., and emitter current I. are
selected by the designer, using values
taken from the manufacturer's data
sheet for small -signal parameters. The

base current I. equals I./hr- Ir.; the
voltage at point V. then equals (1. x
R6) + Vs. (dc). The base to emitter
voltage V. is approximately 0.2 volt for

amplifier is that it will deliver more
power into a reactive load than appears,
using a resistive termination, because
it is a current amplifier. Therefore, the
harder it is driven, the more current it
delivers (assuming the load impedance
is of low impedance). This is one of the
reasons wby transistors in the output
stage can be easily damaged.
Transistors adapt themselves easily
to direct coupling, thus eliminating
components and phase shift. By the use

germanium and 0.7 volt for silicon. The

of opposite type transistors (pnp and
npn), phase inverters are eliminated.

or

voltage drop across R6 should be at
least five times greater than V,... The
current through R3 is chosen to be at
least five times I.. Resistor R3 is then
V./L, and R3 may be computed:
R3

The load resistance Ri. may be computed:

V.. - leTR6

Vec

V.. -

R6

Also, because of the low impedance of
transistors, stray capacitance is reduced
and therefore phase shift at the higher
frequencies is reduced. These helpful
factors permit the use of more negative
feedback, increasing the stability and

Several other methods for developing

lowering the distortion and noise. To
summarize, the difference in transistor
sound has in the past been principally
because of certain types of distortion

feedback hove on transistor circuitry? -Negative feedback is discussed in some
length in this section, as applied to vacuum -tube circuitry. Negative feedback

being overlooked, and other design
problems. Transistor amplifiers, al-

may also be used with transistors for
equalization and to reduce distortion

though basically similar to vacuum tube amplifiers, require special treatment in design concept and in testing

and noise. The feedback voltage can be
made proportional to the output current
r voltage, and may be applied to either

procedures.

voltage for transistors are discussed in Question 11.133. Voltage stabilization using thermistors is discussed
in Question 11.157
bias

12.247

ire

What effect does negative

input voltage or current. If the
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feedback voltage is proportional to the
output current, the output impedauce
will he increased If the feedback voltage is proportional to the output voltage, the output impedance will be decreased.

negative -feedback

A

signal

applied to the input current decreases
the input impedance, while a negative
voltage applied to the input voltage increases the input impedance. If the
feedback voltage is positive, opposite
effects take place. As a rule, most of the

information relative to negative feedback for vacuum tubes is applicable to
transistor circuitry, when care is taken
to observe the proper signal polarities.

Fig. 1 2-2 48A. Model AT240 solid-state
plug-in preamplifier manufactured by
McCurdy Radio Industries :Canada/.

12.248 Describe a solid-state plugin microphone preamplifier.-The Model
AT240 microphone solid-state preamplifier, manufactured by McCurdy
Radio Industries, Ltd. (Canada) is typical of high -quality amplifiers designed
for recording and broadcast use. The
amplifier employs silicon transistors.
and because of its low noise characteristics and wide input dynamic range. it

system. The mechanical assembly consists of glass -epoxy card design, using

gold-plated printed circuitry. Because
of its small physical size, 12 amplifiers
may be plugged into a mounting tray of
standard rack dimensions. Its outward
appearance is shown in Fig. 12-248A.

Referring to the schematic diagram
in Fig. 12-248B, the input is coupled

will permit input levels of minus 60

through matching transformer T1 to the
base of the common -emitter amplifier

dBm to minus 20 dBm to be used with
very low distortion. The input impedance is quite high to prevent loading the

Ql. This transistor provides a large
portion of the amplifier gain, while

microphone circuit, and its output im-

presenting

a
sufficiently high input
impedance to avoid loading the source
impedance. The output of Q1 is direct coupled to Q2, which operates in

pedance is low to provide maximum isolation against cross talk, when it is used

in a mixer console or similar complex
RS
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Fig.

12-248B. Schematic diagram for McCurdy Radio Industries Ltd. (Canada)
Model AT240 plug-in solid-state microphone preamplifier.
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Fig. 12-248C. Distortion characteristics for McCurdy Radio Industries Ltd (Canada)
AT240 solid-state microphone preamplifier.

an emitter -follower configuration and
feeds the output amplifier. The gain control circuit comprising potentiom-

Maximum output

eter R4 provides a limited gain ad-

times the source impedance. Internal

justment of approximately plus or minus
1 dB, by varying the negative feedback
to the base of Q1 via T1. The signal developed at Q2 emitter is coupled
through C4 to the base of Q3. Transistor
Q3 functions as a phase splitter. since
signals of opposite polarities appear at
its collector and emitter. The outputs of
Q3 are direct -coupled to the base of Q4
and Q5 respectively. Transistors Q4 and
Q5 form a single -ended push-pull output stage. with the signal at the emitter

output impedance is 25 ohms. The distortion characteristics are given in Fig.

of Q4 in phase with that appearing at
the collector of Q5. These signals are

is plus 20 dBm.
Source impedance is 37.5 and 150 ohms.
Input impedance is greater than ten

12-248C.

12.249 Describe a solid-state mixer
(booster) plug-in amplifier. In Fig.
12-249A is shown the schematic dia-

gram for the Model AT241 McCurdy
A.
RS

(36v00

220
C3

35V
R3 .15/(

24117u

02

2N3392
CI

01

added in the common output circuit and

the resultant signal is coupled to the
load resistance through C6. Transistors
Q3, Q4, and Q5 operate class -A, with
the de operating point set by resistors
R11 and RS. Resistor 1111 also provides

negative feedback from the output to
the base of Q3 to reduce distortion and
stabilize the gain. Additional feedback
is provided by the unhypassed emitter
resistors R2, R7, RIO, and R13. Transistors requiring heat sinks are shown in
dotted lines.
Specifications are: Cain LS 40 dB
plus -minus 1 dB: with frequency response from 20 to 20,000 Hz, plus -minus

2 100
15V

C4

1-.4.4.---11-0 6
R2

51a
100

C2

R4

4700T

300

S5V

Rs
RI
S 3K
156

I54
ALL CAPACITOR VALUES eN PF
UNLESS OTHERWISE SPECIFIED
ALL RESISTORS 1/2 VI, 5% VALUES
IN OHMS UNLESS OTHERWISE
SPECIFIED

0.5 dB Input noise unweighted 10 to

Fig.

100.000 Hz, minus 124 dBm, or minus
127 dBm, 10 to 20,000 Hz (bandwidth
specified at the minus 3 -dB point).

Model AT241 plug-in solid-state miser

12-249A. Schematic diagram for
McCurdy Radio Industries Ltd. f.Conada)

amplifier.
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Fig. 12-2498. Distortion characteristics for McCurdy Radio Industries Ltd (Canada)
AT24 I solid-state mixer or booster amplifier.

Industries Ltd. (Canada) silicon transistor mixer or booster amplifier. Normally a mixer or booster amplifier is
used after the mixer network to compensate for network -insertion loss. The

amplifier is similar in mechanical construction to the AT240 amplifier, described in Question 12-248.

Referring to the schematic diagram.
transistors Q1 and Q2 form a direct coupled pair, with QI operating as a
common -emitter amplifier, and Q2 operating as an emitter -follower. The input signal is coupled through Cl to the
base of Q1, where it is amplified and
direct -coupled to the base of Q2. Transistor Q2 provides the necessary power
gain and its low output impedance provides optimum isolation when working
into a 600 -ohm load.
Resistors RI and R2 supply voltage

feedback to the base of Q1 to set the
impedance of this stage at 600 ohms.
Unbypassed emitter resistors R4 and Rft

at Q1 supply negative feedback to reduce distortion and stabilize the gain,
with R5 providing for a small gain adjustment. Transformer TI is normally
connected in the output, however, its
position may be reversed and used as
an input transformer by re -strapping.
Specifications are: Gain 35 dB, plus minus 1 dB. Frequency response 20 to
20,000 Hz, plus -minus 0.25 dB. Input
noise unweighted, minus 120 dBm to
100,000 Hz
(bandwidth specified at
minus 3 -dB points). Harmonic distortion is less than 0.2 percent at zero dBm.

output 20 to 20,000 Hz. Maximum output is plus 10 dBxn. Source impedance
is GOO ohms. Internal input impedance
is plus -minus 10 percent of source impedance. Internal output impedance is
50 ohms; with transformer connected
for 600 -ohm load, it is 150 ohms. Load
impedance is 600 ohms. Distortion characteristics appear in Fig. 12-249B.
12.250 Describe a transistor monitor amplifier operating class-A.-Many

times a small monitor amplifier is required, having an output between 1 and
10 watts. A monitor amplifier operating
within this range, using transistors and
operating class -A, is shown in Fig
12-250A. This amplifier manufactured
by Langevin, may be used as either a
program or monitor amplifier. Provision
is made for reducing the power output
to 1 watt, by removing a single strap
connection. The Model AM17, to be described, is unusual in its design as most
transistor amplifiers arc operated as
class -AB or class -B.

Starting at the input, the secondary
of the input transformer is split and a
balancing control RIO is inserted for adjusting the balance of the output stage.
which is measured by connecting a
voltmeter between the emitters of
transistors Q9 and Q10. Transistors Q1

to Q6 are voltage amplifiers, with the
outputs of Q5 and Q6 coupled to Q7 and

Q8, through diodes DI and D2. The
purpose of these diodes is to prevent
the output stage from drawing excessive current. With the output stage hal-
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anced, there is no appreciable current
change in Q9 and Ql0 with a change of

also remove video vertical -sync pulses
when used around video equipment.

signal level, which is normal for a
proper class -A amplifier stage. (See

With the amplifier strapped for 1 watt operation, plus 30 dBm, the cur-

Question 12.226.) Choke LI and capaci-

rent demand is about 1 ampere, and for

tor C7 comprise an interference filter
which attenuates any rf interference

8 watts (plus 39 dBm), it is 2 amperes.
The lower power connection is used

that may be picked up on the incoming
dc power -supply connections. It will

when it is operated as a program ampli-

fier. All transistors are silicon. The freOM 0d xr
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Fig. 12-250A. Langerin Model AM17 transistor power am pl i I ie r.
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12-2308. Longevin Model AM17
transistor class -A power amplifier.

Fig.

quency response is plus -minus 0.5 dB,
20 to 20,000 Hz, with a gain of 57 dB.
Harmonic distortion is 1 percent at plus
24-dBm output. Equivalent noise is
minus 115 dBm. The appearance of the
complete device is pictured in Fig.
12-250B. A separate power supply is required. Four of the units shown may be
plugged into a supporting tray
12.251
Describe the basic principles
of a tronsistor complementary -symmetry
amplifier operating class-B.-Due to the
nature of the pnp and opts transistors,
they may be connected to have all the

benefits of the conventional push-pull
amplifier circuit, without the need of a
phase -inverter stage, driving transformer, or output transformer. The

basic circuit for this type amplifier is
shown in Fig. 12-251k Input -coupling
capacitor C charges through one transistor during the positive half -cycle of
the input signal, and discharges through
the other transistor during the negative

as

aorr
12-2518. Simplified circuit of a
transistor complementary-symmr try amplifier.
Fig.

plied to capacitor C, transistor Q1

is

forward biased and it conducts With a
positive -going signal, Q2 is caused to
conduct. As one transistor is conducting.
the other is nonconducting. The result-

ing action in the output circuit may be
better understood by referring to Fig.
12-251B. The external emitter -collector

circuit of transistor Q1 is represented
by variable resistor RI and that of Q2
by resistor R2.
With no input signal and the amplifier biased for class -B operation (zero
emitter -base bias), the variable arms of
the resistors can be considered to be in
the off position. As the arm of R2 moves
toward point 3, current passes through

the series circuit consisting of battery

half -cycle of the input signal. This action eliminates the need for discharge
diodes with capacitance coupling, as

Vrcr, resistors ft, and R2. The amount of
current flow depends on the magnitude
of the incoming signal, the variable arm

required in conventional transistor
class -B push-pull amplifiers.
The circuit of Fig. 12-251A shows
two transistors connected in a complementary -symmetry circuit. Transistor
Q1 is an npn type and Q2 is a pnp type.
If a negative -going input signal is ap-

moving towards point 3 for increasing
forward bias, and toward point 4 for
decreasing the bias. Current flowing in
the direction of the arrows produces
voltages with the indicated polarities.
When the input signal goes negative
Q1 couducts and Q2 becomes nonconductive. The same action is repeated as

for resistor RI. Current flows through
Wei, resistor RI, and load resistor R,.
in the direction shown by the solid line
arrow and produces a voltage across R,.
with the indicated polarities.
12.252 Describe a complementary symmetry transistor amplifier operating
class -A. --To operate a complementary -

Fig. 12-251A. Basic circuit for a complementary -symmetry

transistor

ampli-

fier operating with ge re bias.

symmetry amplifier class -A, a forward
bias voltage is applied to both transistors, so the collector current is not cut
off at any time. Referring to Fig.
12-251B, under class -A operation the
variable resistors will not be in the off
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position at any time. The dc bias current in the output Rows out of the negative battery terminal lircer, into the
positive terminal of battery Vt'll
through resistors RI arid R2, and into
the positive terminal of battery
No
current flows through the load resistor
R. Under these conditions the output
circuit may be considered to be that of
a balanced bridge, consisting of resistors RI, R2 and batteries Vcc, and V...r.
With a positive -going input signal,

transistor Q2 conducts more, and Q1
conducts less.
In the simplified

circuit of Fig.
12-25IB the arm of resistor 81 moves
toward point 1, and that of resistor R2

moves toward point 3. This results in an
unbalanced bridge condition and elec-

trons flow through resistor R,. in the
direction of the dashed -line arrows,
producing the indicated polarities With
a negative -going input signal, transistor
Q1 conducts more and Q2 conducts less.

The variable arm of RI moves to point
2, and that of R2 moves toward point 4.

Again the bridge

is unbalanced, and
electrons flow through R,, in the direction of the solid -line arrows, producing

voltage with the indicated polarities.
For either class -A or -B operation there

is no direct current flow through load
resistor Ri.; therefore,

a

loudspeaker

voice -coil winding may be directly connected in place of load resistor R.
12.253 Describe a direct -coupled
complementary -symmetry amplifier.-A

common -emitter complementary symmetry circuit is shown in Fig. 12-253A.
In

this circuit, transistors Q3 and Q4

are driven directly by another common -emitter complementary -symmetry
stage, QI and Q2. The signal for Q1 and
Q2 is taken from a single -ended stage.
When the input goes positive, Q1 con -

oi

Fig. I2 -253B. Common-coll

coupled

direct complementary -symmetry am-

plifier.
ducts and Q2 is nonconductive because
of the 180 -degree phase reversal in the
common -emitter configuration, the collector of Q1 goes negative which causes

Q3 to conduct, and Q3 collector goes
positive With a negative input signal,
Q2 conducts and its collector goes positive, which causes Q4 to conduct and
its collector to go negative. Transistors

QI and Q3 arc nonconductive during
this period. Battery VKI.1 supplies the
required biasing for Q1 and Q3, and
battery Via, biases Q2 and Q4. The
emitter -base junction of Q3 is in series

of QI
and battery Vn,. As a result the emitter of Q3 is positive with respect to its
hese (forward bias) and the collector of
Q1 is positive with respect to its emit-

ter as is required for electron flow. A
similar arrangement exists for Q2. Q4,
and battery
A common -collector configuration is
shown in Fig. 12-2538. As for a single
transistor, maximum voltage, current,
and power gain are obtained with the
common -emitter connection; however,
its input resistance is low. The common -collector configuration will provide higher input resistance with less
current, voltage. and power gain.
12.254 What is a compound -connected transistor amplifier? By the use
of a compound configuration, the dropoff of collector current or the reduction
in audio feedback at higher emitter

currents can be made negligible. Fig.
12-254A shows a variation of collector

currents versus emitter current for a

I2 -253A. Common -emitter direct coupled complementary -symmetry amplifier.
Fig.

single transistor, and two transistors in
a compound configuration. Compound connected transistors can be single ended, push-pull, or in a complementary -symmetry configuration; the latter
circuit appears in Fig. 12-254B. This
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ues of negative feedback, with the least
number of active components, as compared to the symmetry approach. In addition, the circuit is thermally stable
relative to the bias for the output transistors. The use of a driver transformer
presents no particular problems, as the
design is quite simple.

1000
COMPOUND

CONNECTED

800
E

600

5
aoo

The output circuit

is

of standard

half -bridge configuration, which drives
the load directly from a balanced plus -

-/6.1

minus power supply. Because of the
400

200

600

600

EMITTER CurtAtter(m4)

000

Fig. 12-254A. Variation of collector current with emitter current for o single
transistor and for compound -connected
transistors.

circuit is somewhat similar to that of
Fig. 12-253A. Transistor Q1 is replaced

by the compound connection of Q1A
and QiB. The gain for such a configura-

tion is greater than that of the complementary -symmetry configuration. Such
circuits are used
output stages.

in

power -amplifier

12.255 Describe on 80 -watt transistor power amplifier, using a half -bridge

basic design fur a
half -bridge push-pull power amplifier
given in (a) of Fig. 12-255 is capable
output stage.-The

of developing 80 watts of andio power,
with less than 2.0 -percent total harmonic distortion (THD) up to full output. The general form is that of a two stage transformer -coupled half -bridge
push-pull output circuit, direct -coupled
to an 8 -ohm load. This arrangement
allows considerable design latitude in
achieving high sensitivity and high val-

balanced power supply, there is only a
negligible dc component across the load,
caused by bias -voltage tolerances. This
dc component and the ac ripple accompanying it are easily nulled out by
small bias pots, if desired. The bias net-

work itself is a stable voltage divider

which presents a fixed voltage to the
base of each power transistor to allow
an idling current determined by the inherent transconductance characteristics
of the device. The 0.47 -ohm emitter
resistor provides a small amount of degeneration, enhances the stiff bias volt-

age to present a thermally stable circuit, and offers a small amount of local

ac feedback. The output circuit employs the driver -transformer secondary

dc resistance as a part of the bias network, since it can be held to tighter
tolerance than a separate resistor. This
arrangement minimizes the total drive

voltage required from the transformer
secondary so that the emitter diode
of the power transistor is avalanched
only a minute amount.
Shunt -bias networks are only practicable when the output transistors are
driven from the low -impedance source

(as reflected through the transformer)
to minimize the effects of the shunt
negative -voltage feedback loop, which
degrades the input impedance and increases the required driving power. Ex-

tensive tests have indicated this type
voltage drive optimizes the basic linearity throughout the whole bandwidth
and extends the frequency range of the

output circuit. The low source impedance provides a constant voltage to

the output transistors, as their input
impedance changes with load and frequency. This permits a low distortion

gain through the exceptionally linear
transconductance characteristic.
12-254B.
transistors in
Fig.

a

Compound - connected
complementary -sym-

metry configuration.

The driver section consists of two
common -emitter stages, direct -coupled
and feedback -biased for maximum sta-
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Schematic circuits for 100 -watt half -bridge transistor power amplifier.
Courtesy, Delco Radio Division
/

bility. The dc feedback bias is derived

A 6:1 turns ratio was chosen, for the

from the emitter of Q2 and applied
back to the input of Ql. This provides

driver transformer (Goslin Corp. TAD
3257) so that a large drive voltage
swing from a low current signal device
would drive the DTG 110A's (Delco)
output transistors to full output. The

good thermal stability and compensates
for dc parameter variations between the
two transistors. About 16 dB of ac nega-

tive feedback is derived from the collector of Q2 to reduce the output impedance of the driver stage, thereby

GED28A13 transistor is quite satisfactory for this purpose when mounted on

providing a low -impedance (voltage)
source to drive the output stage.
The driver transformer is of split primary design, using grain -oriented

lated

steel core material. The split -primary
is bifilar wound and permits a high degree of coefficiency between the primary and secondary, resulting in a flat
frequency response throughout the au-

dio spectrum, and rolling -off in a frequency range most beneficial to the
total gain -phase behavior of the composite amplifier. This favors maximum
driver efficiency. (See Question 8.109.)

a I"

xrx

aluminum plate insu-

from the chassis. The circuit
shown provides exceptional sensitivity

:or the rated output of 80 watts, with
34 dB of total negative feedback. This is
achieved by staggering the frequency -

response characteristics of the silicon
planar transistors Q1 and Q2, the low
impedance of the driver transformer,
and
tors.

the DTG 110A output transis-

The power supply is capacitor filtered, which provides sufficient regula-

tion for full continuous output of two
80 -watt amplifiers. A simple feedback
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regulator Q5 and Q6 provides the driver

The low output of the driver stage

bias supply with very low ripple content for optimum noise and power -

stabilizes the power stage and provides
the drive signal. Near the zero crossing,

supply feedback rejection.

when the power transistors are below
the threshold of conduction, the output

The amplifier will deliver up to 80
watts to an 8 -ohm load from an input
signal of 0.10 volt from an input impedance of 10,000 ohms, or driven from a
1 -volt source with a 100,000 -ohm input
impedance. Bandwidth is plus or minus
1 dB, 20 to 20,000 Hz at 1 to 20 watts
output. Total harmonic distortion is less

than 2 percent at 1 kHz up to full output. Intermodulation distortion is less
than 2 percent up to full output, using
60 and 6000 Hz in a 4:1 ratio. Signal-tonoise ratio (thermal) is 80 dB below
rated output. Internal output impedance
is 0.5 ohm and rise time is 10 microsec-

onds to full output.
The output transistors must be
mounted on heat sinks with at least 165
square inches of surface, with mica
washers using silicon oil, or mounted
directly on the heat sinks, then insulat-

ing the heat sink from the chassis for
greater dissipation of heat. When making square -wave tests, the waveform at
the output can be improved (if necessary) by trimming the 390- and 820-pF
capacitors. The output may he reduced
to 50 watts by reducing the operating
voltage to 35 volts, rather than the 50
volts called for. This will require
changing the values of the 750 -ohm resistors in the output stage to 550 ohms
each.

72.256 Describe a 200 -watt stereophonic transistor amplifier, using the

Sharma circuit. -The attainment of high
power output in transistor amplifiers is
rather difficult and has been the subject
of much research. An interesting circuit
has

been

Sharma,

developed by Madan M.
of Mattes Electronics Inc.,

using a double class -B or totem -pole
configuration (Fig. 12256A). It has been found that the presence of bias voltage in the output stage
output -stage

does not entirely eliminate notch distortion common to class -B amplifiers.
and imposes limitations on the driver
Therefore, the power -output
stage of the Sharma circuit does not use
bias voltage. Referring to Fig. 12-256B.
stage.

the basic circuit, the output stage employs

simulated

negative -impedance

characteristics driven by a low -power,

low -distortion driver amplifier, which
is basic in design.

load is

driven entirely by the driver

stage. When the signal rises, the parallel
combination of the load impedance and

the negative output impedance of the
power stage appears across the output
of the driver as a very high impedance.
The driver stage drives the load when
the signal is low, but drives a high impedance when the signal level is high.

In either condition, the driver stage is
required to supply only a small amount
of power.
To achieve maximum power output,
this circuit was modified (Fig. 12-256C)
to use two latching diodes, DI and D2,
and resistors RI and R2. The combination is called a latching circuit and

disconnects the power stage from the
output of the driver stage when the instantaneous voltage across the output
terminals is greater in magnitude than
the driver power -supply voltage. This
action isolates the two amplifiers when
isolation is required, yet permits the
system to operate as a basic circuit during the balance of the time. At low levels, the drive is connected to the output

terminals through latching diodes DI
and D2,

permitting de feedback to

stabilize the de output at the output
terminals. High-level signals are transformer -coupled. offering the best impedance match between the driver and
the output transistors. Using separate
power supplies, the power stage may be
operated at any voltage.
The driver stage also supplies power.

The proportion of power delivered by
the two amplifier stages depends on the
signal level. The two amplifiers continue
to drive the load collectively until a sig-

nal level

is

reached when the power

amplifier supplies the power. At this
the driver stage supplies no
power but acts as a control signal. At.

point,
the

higher levels,

when

the

power

transistors are supplying all the output
power, they tend to drive themselves
through the driver transformer. Since
the driver stage presents a low output
impedance (lower than the impedance
of the power stage), the excess current
which would have caused oscillation returns to ground through the driver
stage. When the output is larger than
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1 2-256A. Schematic diagram for Mattes Electronics, Inc.

the supply voltage of the driver, the
latching diode stops conduction. This
isolates

the two amplifiers. Now the

signal flow is maintained through the
driver transformer only, and the amplifier operates like any transformer -coupled amplifier. Because of the negative
feedback, transients between the dif-

ferent modes are smoothed out and
linearity established throughout.
The complete circuit with its voltage

amplifier stages is shown in the overall
schematic diagram in Fig. 12-256A. It
will be observed a driver amplifier lim-

iter has also been included. The two
amplifiers arc each capable of developing 100 watts of continuous power into
a load of either 4 or 8 ohms. For a load
of 16 ohms, the maximum power output
drops to 60 watts per channel. The in-

termodulation distortion, working into
4 or 8 ohms is 0.07 percent, using the
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200 -watt stereophonic transistor amplifier using the Sharma circuit.
SMPTE test method as set forth in Sec-

tion 23. The harmonic distortion is 0.5
percent maximum at 100 watts. Frequency response is plus -minus 0.5 dB.
15 to 30,000 Hz. Damping factor is 259
with an effective internal output impedance of 094 ohm. Hum and noise are
90 dB below the rated output, or 1 millivolt. One of the important features of

the Sharma circuit is that the output
terminals may be operated with a direct

short circuit without damaging the output transistors. Also, because of the design capacitive loads of 0.5 microfarad

may be driven; however, maximum
power output cannot be achieved.
To summarize, at very low signal
levels, the power transistors are below
the threshold of conduction, the driving
power being supplied by the driver
stage. As the signal level is increased,
the power transistors begin to conduct
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components from the signal, that are
not entirely eliminated by the feedback
circuit due to transient -time effects
present in all power transistors. The
cutoff frequency is high enough to not
affect the response of the amplifier as a
whole. Suggested specifications for the
driver transformer are given in Ques-

and supply power to the external load
circuit.
The output stage has an efficiency of
78 percent, the theoretical maximum for
a class -13 amplifier. The driver transformer has a turns ratio of 3:1, using
pentofilnr windings of low de resistance
The output transistors are rated 15 amperes collector current. if a lower rating
is used, it is possible for them to be
damaged, if the output terminals should
become short-circuited. Balanced component values are not necessary, standard 10 -percent resistors are quite satisfactory.

tion 8.109.

Connected across the output of each
power transistor stage is a protective

circuit consisting of 5 transistors and
5 diodes. It is a fact, but not generalized,

that the internal Input impedance of a
loudspeaker system at the very low frequencies may present a dead short circuit to the output power transistors.
If they are not adequately protected instaut failure is the result.
With the protective circuitry shown
at the lower right of Fig. 12-256A, the
output transistors of each channel are

45V
OUTPUT
STAGE

TR 3.1
MEG

protected

against

changes

in

phase

angle (caused by the speaker charac-

teristics), and against a short circuit
across the output. If the built-in limits

DRIVE AMP

set by the manufacturer are exceeded
even by a partial short circuit, the amplifier will cease operating instantly,
then sample the load impedance every
second for a few milliseconds duration

-45v
Basic circuit of Sharma
Fig. 12-256B.
circuit used in the Mattes Electronics,
Inc. stereophonic solid-state amplifier.

to determine if the amplifier load impedance has returned to normal.
It will be noted that the actuating
signal is taken from across a 0.15 -ohm
resistor connected in series with the

Because of the 100 -watt output capa-

output line, at points A and B in the
left channel and C and D in the right

bilities of the amplifier, a test switch
has been incorporated to decrease the
power output to about 12 watts when
setting up for testing. The 10 -micro henry chokes and the capacitors in the
output circuit constitute a low-pass filter which removes very high frequency

channel. The outputs of the protective
circuits are returned to the driver stage
at points X and Y. Thus for a malfunction in the output circuit, the driver
circuits instantly become inoperative,

15

-5

O

0
R2

45
OUTPUT STAGE

TR31

are
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DRIVER AMP

02

.101
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Col
1111

a
-45
Fig. I2 -256C.

Modification to basic circuit of

Fig. 12.2566

used in the Mattes

Electronics, Inc. stereophonic solid-state amplifier.
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Fig. 12-257A. 1S -watt Williamson ultrolinear amplifier used in FET conversion.
and damage to the output transistors is
prevented. The operation of the sensing
control circuit produces a characteristic
sound in the speaker system, warning

only for voltage -amplifier stapes. Considerable work in this direction has

the listener of difficulties in the output
circuit When trouble has been cleared,
the amplifier returns to normal opera-

placed, and only a slight modification
to the power supply circuitry was made

tion. (See Question 20.138.1
72.257 Can a field-itflect transistor
IFET) be directly substituted for vacuum

tubes in on arnplitierl-Yes, under certain conditions and if they are used

been done by Rheinfelder. All tubes,
except the power output stage were reto reduce the voltage. The output stage
of a typical 15 -watt Williamson ultra linear

amplifier is shown in Fig.
with its conversion in the

12-257A,

voltage stages to FET's shown in Fig.
12-257B. After conversion, measure 160

Lott

220K

CALI to
0

vin

t

(Loa

Fig. 12-257B IS -watt Williamson ultrolinear amplifier voltage stage and phasesplitter after conversion to FET's.
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merits indicated the same overall gain,
improved frequency response, lower
hum and noise for over a 10 -percent
increase in power output for 1 -percent
distortion. The rectifier tube in the

power supply was replaced with two
diode rectifiers, and the voltage was

-0 120V

0
NPUT

dropped by the use of a 150,000 -ohm resistor in the high -voltage lead to the
voltage amplifier stages, rather than the

22,000 -ohm resistor in the original circuit. The FET's were soldered directly
to the tube sockets The original values
of the components in the negative -feedback .loop were retained. (See Questions 12.128 and 12.232.)
12.258 Describe a source follower,
using a field-effect transistor (fET).-

A source follower is quite similar in
nature to the cathode -follower circuit
used with vacuum tubes. In the circuit
of Fig. 12-258A, the output voltage is
taken from the source element and follows the input (gate) due to the action
of the negative series -voltage feedback,
because the output voltage is applied

in series with the input signal voltage.
Therefore, the gain is:

A' - (1+A A)
where,

A is the gain before feedback,

A' is the gain with feedback.

The input impedance (R',.) with feedback is derived:
1

- A'

where,
RI, is the input impedance without
feedback,

A' is the voltage gain of the source
follower.

The output impedance may be approximated:
R. -=;

where,

n 120V

0'

12-258A. Field-effect transistor
(FET) source follower. Signal polarities
arc given to indicate the phase reversals
between input and output signals.
Fig.

cal to a conventional
stage; however, the

source amplifier
distortion below

overload is considerably better because

of the negative feedback. The source
follower finds its greatest use where an
extremely high input impedance is required, with a low output impedance.
It should be operated into a load impedance of 100,000 ohms minimum, and

from a source impedance higher than
the input resistance, before the feedback was applied (10 megohms).
Optimum performance is obtained
with the source element set to 65 percent of the voltage applied to the drain,
which may be obtained for the circuit
shown, using the specified FET, with a
3000 -ohm resistor in the source circuit.

This resistor may he left bypassed as
little effect is noted with it unbypassed.
The frequency response of the follower
circuit shown is down 3 dB at 290 kHz,

using a source resistance of 100,000
ohms, and with a total capacitance of
5.3 pF at the input, including the socket.
The optimum gate voltage for a
source follower is close to one-half the
supply voltage, the same as for the con-

ventional source amplifier. A direct -

1

G.

G. equals the effective circuit trans conductance.

A typical example: A gain of (A)
equal to 70 results in a net gain of 0.985,
with feedback, and an impedance multiplying factor of 666 (666 megohms with
a gate impedance of 10 megohms). Under these conditions, the output impedance is 1000 ohms, depending on the

type FET employed. The output capabilities for a source follower are identi-

Fig. 12-2588. Direct -coupled field-effect
transistors (FET) signal polarities arc

given to show the phase reversals between the input and output signals.
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Fig.
12-259A. Phase-splitter circuit
using a single FET (after Rheinfelder).

Fig.

12-259B.

D'rect-coupled

splitter using two FET's (after

phase
Rhein -

*elder).

coupled source follower is shown in
Fig. 12-258B. The characteristics for
several different values and source resistance are given below.
Drain
resist-

Source
resist -

ance

once

Gain

width

100K
220K
470K

6.8K
15K
39K

35.6 dB
39.0 dB
41.2 dB

30 kHz
23 kHz
15 kHz

3 -dB
band -

The above values are for a Dickson
DNL 3.9A FET. (Sec Question 11 145 )
/2.259 Describe a phase-splitter circuit using a field-effect transistor WET).
--The FET phase splitter performs the
same function as its vacuum -tube

counterpart. The circuit shown in Fig.
12-259A is an adaptation of the source
follower shown in Fig. 12-258A. Resis-

tors of 47K in both the drain and the
source were found to be quite satisfactory, regardless of the supply voltage.
As the signal is split at the output, only
half the input voltage is available at

each output; however, the feedback is
nearly as effective in reducing distortion as in the source follower. Greater
output may be obtained by increasing
the supply voltage until the breakdown
is reached. In this manner, sufficient
signal -output voltage may be obtained
to drive a pair of EL 34 tubes in pushpull to 100 -watts output, with only 23.4
volts for each grid. An FET operating

with 160 volts can easily supply this
voltage with less than 1 -percent distortion.

A direct -coupled phase splitter is
shown in Fig. 12-259B, and a source coupled phase inverter is shown in Fig.
12-259C. Signal polarities have been in-

show how phase -splitting
and inversion is obtained. Referring to
Fig. 12-259B, in this circuit the biasing
is adjusted in favor of the phase split ter. As a rule, optimum performance is
achieved with the drain -to -source voltage at 45 percent of the supply voltage;
the gate voltage should run about plus
33 volts dc. The optimum drain voltage
dicated to

o 120V

Nov -

L

Fig. 12-259C. Source phase inverter using two FET's (after Rheinfelder).
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for the first stage is plus 55 volts dc.
Therefore, improved performance may

be obtained by lowering the supply
voltage at the first stage by the inser-

tion of resistor R3 and capacitor Cl.
These components also aid in decoupling the two stages. Lowest distortion
is obtained when resistor RI equals
2100 ohms unbypassed, and R2 is 100,000

ohms The distortion for these values is
097 percent, with an output signal voltage of 15 volts each side, and a gain of
20 dB It should be realized that the
distortion figures for this and other cir-

sistance effect. This resistor is generally
referred to as an emitter resistance, and
for the average small transistor equals
about 200 ohms.
12.261
Describe the construction of
on integrated circuit element. - Inte-

grated circuitry is a technology developed over the past decade by several
companies whereby a single tiny module can contain several transistors, di-

ohms, and the supply voltage at 200

odes, and passive elements on a single
substrate. The most striking property is
their microscopic size. A single module
may contain up to 10 to 20 transistors
and 40 to 60 resistors on n single piece
of silicon Vsn to 6.0 -inch square. Arrays
of resistors and capacitors are created
in the form of thin -films.
The fundamental requirement of an
integrated circuit is that its components

volts, the signal voltage on each side for
I -percent distortion is 23 volts. Increas-

be processed simultaneously. By the
use of sophisticated thin-film tech-

ing the input sufficiently to obtain 30
volts at the output results in a distor-

niques, active as well as passive components are formed. However, most
integrated circuits are not based on
thin-film techniques. Silicon planar
techniques similar to the manufacture
of transistors are used.
A typical integrated circuit is shown
in Fig. 12-261A. The circuit for a typical

cuits are those without the benefit of
negative feedback, which would he nor-

mally used in a high -quality amplifier.
Changing the value of RI to 7500 ohms.
R2 to 220,000 ohms, and with R3 at zero

tion of 3.4 percent, with a gain of 43 dB_
If negative -feedback is used, it is ap-

plied to the top of RI, which is not bypassed

(See Question 11.145.)

element

is

Employing

SWAMPING
RESISTOR

Fig. 12-260. Configuration of a swamping

resistor connected

in

the emitter

circuit of o transistor.
12.260

Describe a swamping roses-

tor.-Thus term is used with resistors
employed for several different purposes.
One of the most common uses of such
resistors is its connection in the emitter
circuit of a transistor (Fig. 12-260). The

base -emitter junction generally has a
negative temperature coefficient; that is,

the resistance decreases with the increase of temperature, permitting leakage currents to increase. Typically, the
will rise about 2.5 millivolts per
degree centigrade. forward biasing the
transistor, with the possibility of causing thermal runaway If the swamping
is large in comparison to the
emitter -base junction resistance, it will
effectively swamp out the negative -re-

resistor

given in Fig. 12-261B.
conventional construction

methods, this circuitry would require
very many external connections. As
shown here, the external connections
are reduced to 10. In addition to the
tremendous reduction in size, the operating characteristics are greatly improved.

The basic procedure for the manufacture of an integrated circuit is given
in Figs. 12-26IC to I. The process is
started by diffusing two n -type crystals
in a single uniform crystal of p -type
characteristics (Fig 12-261C) from a
uniform p -type crystal (Fig. 12-261D).
using the masking properties of silicon
and photochemical techniques with the
control of time and temperature. In this
manner isolated nodes are achieved.
Diodes arc thus formed by the p -type
substrate and n -type nodes. Transistors

are formed by the addition of p -type
and n -type regions (Fig. 12-261E). The
silicon wafer is then coated with an insulating oxide layer, and the oxide
opened to permit the metalization and
interconnections (Fig. 12-261F).
Resistors are formed by omitting the

n -type emitter diffusion and two con-
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Fig. 12-261A. A typical hybrid IC circuit, used as on fm sound system module.
(Courtesy, Texas Instruments, Inc.)

tacts are made to a p -type region (Fig.
12-261G). For capacitors, the oxide is
used for the dielectric (Fig. 12-26111).
A typical combination of three different

value of the semiconductor resistor depends on its geometry. Large values of
resistance
arc
long
and
narrow
whereas small values are short and

elements is shown on a single wafer

Squat.

(Fig. 12-2611).

The value of a capacitor is equal to
the product of its area, the ratio of the
dielectric constant of the diffused material, and the thickness of the oxide.
Iu practice, the area is kept constant
and the capacitance varied directly with

By employing the above mentioned
techniques for the formation of an integrated circuit, the circuit elements
thus formed are similar to discrete elements.

However, integrated

resistors

are quite different from those of dis-

the area.

normally
manufactured to a standard form factor,

semiconductor

crete design,

as

these

An important factor in the design of

are

with the value of resistance obtained
by a variation in the resistive material.
In the design of integrated circuits the

OUTPUT

is

operating

ratios of the photolithographic masks

0.

I -F

vcc :18v

resistors

temperature, making it rather difficult to
achieve a close tolerance. Therefore, the

DETECTOR
INPUT
INPUT

AUDIO

INPUT

0
HIGH-LEVEL
AUDIO
OUTPUT

F

INPUT

LOW-LEVEL
AUDIO
OUTPUT

1011111111:
GROUND

GROUND

I -F OUTPUT

FM DETECTOR

AUDIO

AMPLIFIER

HC 1001 C IR CU IT SCHE MAT IC

Fig. 12-2618. Interior circuit of IC module shown in Fig. 12-261A.
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[

SINGEUNFACROR

LNii
12-261D. Starting
material for an integrated circuit, using a
silicon wafer.

12-261C. Diffusion

Fig.

Fig.

of n -type areas in order
to

provide

used

isolated circuit nodes.

in the manufacture are closely

controlled.
Where several transistors

are

I

Fig. 12-261E. P -type and
n -type regions to form
transistors.

voltage being from a de source. Magnetic amplifiers can be designed to de-

liver almost any amount of power in

in -

eluded on the same chip, they have a
number of operating advantages over

the 6t1 to 400 Hz range.

Magnetic amplifiers can also be designed to operate at radio frequencies;
however, their frequency range is lim-

that of the discrete unit design. Because

of their proximity, they receive almost

ited by the transformers and rectifier

identical
processing,
are
closely
matched and because of the close spac-

elements.

ing, suffer from minimum temperature
differences. Thus a close match is pos-

LOAD

sible over a wide range of operating
temperatures. In addition, many more
transistors can he included in a given
area with their circuit elements than
could be with
design.
12.262

the

DC

CONT

AC

(a) Ac output, dc control voltage.

discrete element

LOAD

Describe a magnetic ampli-

fier and its purpose.-Magnetic amplifiers arc used in servomechanisms for
the control of electromechanical devices. They are also known as direct current transformers, current transformers, saturable reactors, and amplistats. Such amplifiers consist of one or
more saturable reactors, the controlling
C

8

E

(b) Rectified ac output controlled by dc.
Fig.

12-262. Magnetic amplifiers.

Time -constants play a large part in
the design of magnetic amplifiers. To

N

reduce the time -constant to a minimum,

large amounts of both negative and

C

0

positive feedback arc employed. To increase the gain several stages may be

cascaded, the total gain being that of
12-261I. Completed integrated
chip, containing a transistor, resistor,
and capacitor.

the individual stages. In such systems a
gain of one million is not uncommon;
however, a low time -constant can only

Fig.

C

B

R

E

N'

B

C

E

J
p

Fig. 12-261F. Metalized
Contacts for transistors.

p

12-261G. Contact
connection to p -type re-

Fig. 12-261H. Diode used
as a dielectric to form

to form integrated

an integrated capacitor.

Fig.

gion

resistor.
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be achieved with low gain Typical circuits arc shown in Fig. 12-262.
/2.263 Describe a three -terminal
amplilier.-It is a European expression
stereophonic

amplifier
where two amplifiers are combined on
to

denote

a

may include an additional output circuit for driving a center or remote
speaker derived from the left and right
channels.

Referring to the block diagram in

a common chassis. As there are two
plus -minus terminals and the ground

Fig. 12-265A, the signal will be traced
for the left channel. The right channel
is the same in all respects. except for

common to both, it is termed a three -

one slight modification. Assume the sig-

terminal amplifier (Fig 12-263).
12.264 What is a fluid amplifiert-

nal is from pickup unit A, which is fed

Fluidic amplifier systems are composed
of devices employing aerodynamic and
mechanical principles, and are designed
to operate similar to an electronic amplifier. Such devices may be constructed
to produce the action of a gate, resistor,
flip-flop, binary counter, and many
other devices similar to their electronic

the desired input signal and equalization (magnetic or ceramic pickup, response fiat for microphone and radio)
and applies it to preamplifier C, then

counterparts. They require no moving
parts, and have very low wear factor,
and are not affected by nuclear radiation.

The fluid use for their operation is
air maintained at a constant pressure.
The amplifier devices consist of channels and passages. The advantages of

such devices are they are free from
vibration and have been operated up to
15,000 G's with few adverse effects.
72.265 Give a bled( diagram for a
typical stereophonic control center.Stereophonic control centers consist of
a group of control circuits and pream-

plifiers for the reproduction of phonograph records, microphones, magnetic tape reproducers, radio, and any other
source of electrical pickup. Stereo centers do not contain power amplifiers for

driving loudspeakers; these are separate units. Stereophonic -amplifier assemblies containing power amplifiers
are called integrated stereo amplifier
systems. In some instances the center
cvmssis

1

to selector switch B. This switch selects

to switch D. This switch permits the
user to select the proper circuitry for
balancing the left and right channels,
reproduction for either stereo or monophonic records, and the reversing of the
right and left sides.
The signal is next applied to a rumble filter E for reducing turntable rumble (or rumble recorded In the record),
then to high- and low -frequency equalizers F and G (tone controls). This signal then passes to a scratch filter H for
reducing surface nose. This is followed
by an overall gain control I (volume

control), in combination with a switch
for converting the volume control to a
loudness control. In this latter position,
the frequency response is equalized to
compensate for the human ear characteristic, when reproducing at low levels
(see Question 5.65). The signal is now
sent through amplifier J and on to the
output terminals, an external power
amplifier, and loudspeaker.
The right channel is the same except
for the additional amplifier stage L..
This stage operates in combination with
switch IC, a phase -reversal switch, for
reversing the phase of the signal fed to
the right power amplifier. This may be
necessary when reproducing stereophonic records that were recorded before the phasing standard for recording
stereo records was initiated.
Connected across the left and right
output circuits is potentiometer 0 and
amplifier stage N for deriving a center
or remote -amplifier signal. Potentiometer G is for achieving a balance between the two sides for the hest stereophonic reproduction, and is adjusted
using a monophonic or special balancing record.

It will be observed that switches B
Fig. 12-263. Three -terminal amplifier.

and D are two -section ganged switches
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with identical circuitry In both chan-

is maintained as the volume control is
Also, precautions must be

nels. The overall gain control I is also
a two -gang component. The two sec-

adjusted.

tions of the control must track within
1 dB over their entire range to assure

power amplifiers and loudspeakers are
in phase. This latter subject is discussed
in Section 20.

that the balance between the two sides

taken that initially the left and right

Fig. 12-265A. Block diagram for a typical stereophonic control center.
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1 2-2 6 5 8. Stereophonic control center Quod 22, manufactured by Acoustical
Manufacturing Co., Ltd. (England)

The block diagram does not represent

cutoff frequencies of 5, 7, and 10,000 Hz,

any particular manufactured unit. The
circuits shown are only to illustrate the
controls and components found in an
average stereo center and may vary
considerably from that shown. In addition, a circuit is generally provided for
driving a magnetic tape recorder, and

which may be switched in half -octave
steps. This permits the high end to be
adjnsted for surface noise of the best

for monitoring the program material
being recorded.
Pictured in Fig. 12-265B is a stereo-

phonic control center manufactured by
Acoustical Mfg. Co. (England). At the
left is the master volume control, with a
stereo balance control in the slot below
the knob. Along the bottom is a group

of push-button switches for selecting
the type of reproduction with the desired input and the correct equalization.
Above the push buttons arc four knobs
The first two are the conventional
treble and bass controls. The remaining
two are controls not found on all stereo

centers. The right control of this pair
is an m -derived low-pass filter with

reproduction within the scope of the
program material. The remaining knob
is for adjusting the effectiveness of the
filter. There is a choice of four playback
characteristics, obtained by pressing a
combination of buttons in accordance
with a chart supplied by the manufacturer.
At the rear are provided facilities for
connecting the sources of signal inputs,
tape recording, and outputs for power
amplifiers and miscellaneous facilities.
The overall frequency response of the
unit is 20 to 20,000 Hz; distortion is 0.10
percent at 1.4 volts output; noise is
minns 70 dB below 1.4 volts; crosstalk
is 40 dB, 20 to 20,000 Hz.

Shown in Fig. 12-265C is an integrated solid-state stereophonic amplifier assembly, manufactured by Sherwood Electronic Laboratories, Inc. In

Fig. 1 2-26 5C. Integrated stereophonic amplifier assembly Model 5-9000A mono -

tortured by Sherwood Electronic Laboratories, Inc.
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this assembly are included two solidstate power amplifiers capable of developing 120 watts of continuous sine wave
power, and 160 watts of music power,
both at 8 -ohms output impedance. The

front panel controls include an input
switch,

selector

stereo -monophonic

switch, bass and treble controls, and
loudness and balance controls. In this
unit, the base and treble controls arc
common to both channels, which is
quite satisfactory if the speakers are
matched. At the lower portion of the
panel are a group of switches for monitoring, high- and low-pass filters, loudness control, and speaker on -off switch.
Also included is a headphone jack
which cuts off the speakers when it is
used.

The specifications for this unit are:
harmonic distortion at sine -wave rated
output 0.25 percent, below 10 watts 0.05
percent; intermodulation distortion at
rated output 0.25 percent, below 10
watts, 0.10 percent; damping factor is
40; hum and noise is 70 dB below rated
output, using a weighted response
curve. Power bandwidth for 0.5 -percent
THD is 12 to 25,000 Hz.
The solid-state components consist of

23 silicon transistors and 4 silicon diodes.

(See Question

12.231

and

Fig.

12.266

Describe

the basic

design

principles al a Darlington circuit pair.The Darlington circuit (Fig. 12-266A)
a
direct -coupled transistor pair,
whereby an emitter -follower Q1 is
Used as the load for a previous emitter -

is

follower. The gain of this circuit is approximately unity, with a current gain
equal to the product of the beta's of the
transistors involved. The two transistors
may be viewed as a single unit. The resistor in the emitter of Ql is also across
the emitter -base circuit of Q2. The voltage drop across RI is equal to its own

voltage drop, plus that of R2 in

the

emitter of Q2.
A second version of a Darlington pair
is given in Fig. 12-266B. Here a diode
Dl having the some voltage characteristics as the base -emitter junction of Q?
is connected. Assuming that the voltage
across the diode and resistor R2 are the
same, the currents through both resis-

tors are the same. Such circuits are
often used in integrated circuitry (IC),
where a high input resistance is required. The input resistance is the input resistance of Q2 multiplied by the
beta of Ql. In some instances, resistor
RI (Fig. 12-266A) is omitted.
A Darlington pair (General Electric
DI6P4 I/C) connected for use with a

12-231H.)
0I

±0

o

02

0 *V cc

vcc

INPUT

C 0-

0
nz

RI

CUTPUT

0 -V cc

Fig. 12-266k Basic circuitry for o Darlington pair tronsistnr preamplifier.

OUTPUT

0 Vcc

Fig. 12-266B Basic circuitry for another
version of a Darlington pair transistor
preamplifier.
ATT

??..,

22V

Fig. 12-266C. Ceramic -pickup preamplifier using a General Electric Dl6P4 integrated circuit.
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ceramic phonograph pickup is given in
Fig. 12-266C. In this circuit, the input

resistance is on the order of 2.7 megohms at 50 Hz. The frequency response
is 40 to 12,000 Hz within ±2 dB, with a
THD of 0.2 percent, I to 15kHz. Inter modulation distortion is approximately

1.5 percent, using 60 and 6000 Hz in a
4:1 ratio for a 1.9 -volt output. This level
is 10 dB below clipping. The unweighted
noise level is 80 dB, referred to 1.9 volts.
An input signal level of 250 millivolts is

required to produce an output of 1.9
volts.
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Section 13

Disc Recording
The invention of the cylindrical phonograph and record by Thomas A. Edison in
1877 resulted in a method of recording sound using a constant groove -velocity
vertical sound track, without tangent error. However, because of the nature of the
record, each had to be a master; therefore, large production became rather a
problem.

Emil Berliner, with his invention of the laterally recorded flat disc record, sacrificed the feature of constant groove -velocity recording; thus, tangent error and a
loss of high -frequency response resulted as the smaller diameters were approached.

However, the disc record was more practical and economical and could be easily
reproduced in great quantities by stamping from a metal master. Because of these
features, the disc record became the standard for the phonograph industry.
Eldridge Johnson, a machinist with Berliner, contributed many improvements to
the original reproducing machine of Berliner.
Since the introduction of electrical recording in 1927, the search has been endless
for a better recording media, mechanical drives, speed stability, less tangent error,
recording heads, pickups, reproducing machines, and materials for pressing the
final disc.
Although Blumlein, in 1931, first proposed the 45/45 -degree stereophonic method
of recording, it has only been in recent years confirmed as standard by the recording industry.

Stereophonic and microgroove recording demonstrate the mutability of the
overall disc record industry, all the way from foil to vinyl. Coarse pitch to microgroove, pickup arms weighing from pounds to grams, and frequency ranges extending beyond audibility are all part of the progress of the industry.
Various types of disc recording and the techniques are discussed in this section,
with descriptions of recording lathes and their associated equipment.
What is en electrical transcrip-

13.1

mounts supported by a steel cabinet A.
Turntable II weighs 65 pounds, with
three stroboscopic rings on its outer rim
for three speeds which are illuminated

tion?-A disc recording used in radio
broadcasting

for the transmission of

program material, recorded on 10- or

96 to 150 lines per inch. Many of the

by a neon light. The turntable is isolated from the drive system below by
means of an oil -filled coupling, thus
preventing rumble and flutter being
transmitted from the drive to the turntable. The turntahle is driven by a film

transcriptions heard today are actually

of oil between two concentric cylinders

magnetic tape.

at C. The lathe bed D is of the slide

12 -inch discs, using microgroove techniques.

Before the advent of micro-

groove recording, transcriptions were
recorded in 16 -inch disc records, using
either lateral or vertical recording at

lathe.-A commercial recording lathe,
manufactured by Neumann of West

type, with two ball -bearings riding on
top the bed to relieve strain placed on
the sled E by the weight of the cutter

is pictured in Fig. 13-2A,
with its principal components indicated.
Basically the recorder consists of a
heavy steel base, mounted nn shock

suspension and cutting head F.
Directly below the lathe bed is a calibrated scale on which are mounted the
starting cams and end -groove stop.

13.2

Describe

a

disc

recording

Germany,
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A
Fig

I

G

F

D

C

t

K

13-2A Neumann master disc recording lathe Model AM -32b with automatic
pitch and depth control. ICourtesv, Gotham Audio Corp.)

Three cams for 7 -inch, 10 -inch, and 12 -

inch discs are provided. An adjustable
end -groove stop for the three standard
RIAA groove diameters cause the cutting head either to lift immediately

means of holding down blank discs
from 10- to 1714 -inches in diameter on
the turntable, with a disabling valve to
shut off the vacuum holes when they
are not in use.

(with eccentric grooves) or with an

Cutting -head connections are brought

adjustable delay to provide for a locked
groove. A lead screw engaging lever G

to the rectangular box H on the trans-

is interlocked in such a way that the
cutter will lift at any time it is not being driven by the lead screw, with a
braking assembly to prevent the lead
screw from coasting when the end is

permit the exchange of cutting heads
without disturbing the alignment. The
connector plugs (for stereo) consist of

reached A vacuum system provides a

heating coil. A release solenoid lifts the

port

sled E by means of

a

plug

6 pins which carry the audio signal,
feedback loop, and dc for the stylus

Vie."6/1111111111111°
NoL _

.effiliam!L!*-

to

-411111111111111111111111011

Fig. 13-2B. Microphoto of groove action, showing the variation in pitch and depth.
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H

Fig.

13-2C. Scully Recording Instruments Corp. master disc recording lathe with
automatic pitch and depth control.

cutting head whenever the stop button
I is depressed, when the sled hits the
end

groove -stop,

or when the

lead

screw is disengaged. A dash pot on the
front of the cutting -head suspension

mechanism is equipped with a perforated piston, with an adjustable shield
over the perforations, to allow a wide
latitude of adjustment. A tilting mechanism is connected to a moving -coil system which, together with the depth -of -

cut control, provides electronic -depth
variation, thus eliminating the advance

variable -pitch motor is connected by
means of a belt, and through an oil filled flexible coupling to the lead
screw. A copper disc on the shaft of this
motor runs over the pole of an electromagnet, in which a direct current flows,

producing a braking action, which stahilizes motor revolutions. A second
motor, identical to the belt -connected
motor, connected to an overdrive in the
gear train, serves for the speed-up of
pitch for lead-in and lead -out spiraling.

ball generally used.
The depth -of -cut control supplies direct current to a moving -coil system in
the cutting -head suspension mecha-

The turntable motor is of the synchronous type. The motor consists of
a gearlike armature about 10 inches in
diameter, rotating inside a similar inside gear. By means of a winding, a

nism, thus relieving the cutting -head
pressure on the disc. This operation is
controlled by a potentiometer, which is

the armature to rotate. The wow and
flutter of this particular machine is

while observing the cut
through a microscope J. A second con-

adjusted

trol presets the increased depth used
with the lead-in, lead -out, and spiraling grooves. The variable -pitch control
K is a separate piece of equipment situated at the right end of the lathe. The
pitch -control mechanism is self -driven
and coupled to the lead screw by a
four-way shock -isolated coupling. The

rotating magnetic field is set up, causing

0.0.35 total rms.

For automatic pitch control, three
control amplifiers are necessary, and
are mounted in the lower portion of the
cabinet. A preview head is mounted on
the magnetic -tape playback transfer
machine to provide the control amplifiers with advance knowledge of the

modulation to be fed to the cutting
head. The output of the control ampli-
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fiers associated with the preview head
is fed to the control amplifiers. For
monophonic recording, the depth of cut
is held corutant, while the pitch is varied as a function of the preview information. In stereophonic recording, the
pitch control is actuated by the sum of
the left and right channel signal, while
the depth of cut is varied according to
the difference signal obtained from a
stereophonic preview head. It is the
function of the pitch -control amplifier
to translate the preview signal through
an equaliaer into variations of braking

current, which in turn are applied to
the pitch -control motor to vary its

speed and, with it, the lines per inch of
recording.

The depth -control amplifier is identical to the pitch -control

amplifier;

however, its output to the solenoid in
the cutting -head suspension produces
a varying relief of cutting -head pressure, acting against a counterbalancing
spring on the cutting -head mounting
mechanism. A microphotograph of a
group of recorded grooves, showing the

action of the variable pitch and depth
control appears in Fig. 13-2B. In the
recording of both lateral and vertical
modulation (stereo), increased depth
requires increased pitch, so any deep-

ening of the groove caused by the
depth -control amplifier must be trans-

lated into increased pitch. This is accomplished by an integrating amplifier,
which adds to the pitch -control current
whenever increased depth is required.
It is claimed that such a system, when
properly adjusted, can add up to 6 minutes of recording time on
record.

a

I2 -inch

The microscope is 156 power with
concentric illumination, brightly lighting the groove and leaving the land between the grooves dark, and is moved
across the turntable by means of a rack
and pinion gear. The microscope support arm also acts as the vacuum conductor for the vacuum -chuck turntable.
The microscope graticulc is calibrated
to read in 0.001 -inch graduations. The
chip collector is contained in the lower
portion of the cabinet. A pickup arm is
generally monnted at the left for play-

back purposes, and may be used for
simultaneous monitoring of the playback signal, while also monitoring the
signal from the negative -feedback loop
to the cutting head. A half -speed con-

verter permits the turntable to be rotated at
rpm, and half -speed for 45
or 78 rpm for experimental work or for
cutting frequency discs.

Fig. 13-2D. Scully Machine Co. recording lathe.
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A second recording lathe, manufactured by the Scully Recording Instru-

amount of decrease in the number of

ment Corp., appears in Fig. 13-2C. Like
the Neumann lathe, it also has variable

A return control adjusts a time -delay
network in the output of a signal -con-

pitch and depth control and many of

trol amplifier. Delay in returning the
feed from coarse to fine permits the

the features previously described. At A
and B is the microscope and its light, C
the turntable, D a vacuum -suction pipe
for removing the chip from the disc. E
the cutting head, F depth -control adjustment, H cutting -head dash pot, I
plug connection for the cutting head, K
sled, L leveling screws. M push-button
control panel, 0 carriage hand knob, P
recorder base, Q feed -nut adjustment,
R carriage -limit stop, and S line -per inch indicator scale The motor with its
gear box and mechanical filter are
mounted below the table.
In Fig. 13-2D

is shown an overall

view of a similar recorder with a monophonic cutting head. The letter symbols
correspond to the previous view. By

means of the control T, the lines per
inch may be varied over a range from
70 to 400 lines per inch. At U is a lead screw hand wheel. Automatic control of
pitch and depth are accomplished in a
manner somewhat similar to the Neu-

mann lathe. Anticipation amplification
is approximately 20 -dB greater in the
50 to 60 -hertz range, returning to normal frequency response around 750 Hz.

A gain control adjusts the amplitude of
the original signal from the control
head on the magnetic -tape reproducer.

An excursion control determines the

lines per inch for a particular recording.

continuance of sufficiently coarse lines
to prevent post -groove over -cuts.
13.3 Define the term lateral recordMg.-Lateral disc recording was invented in 1888 by Berliner and Johnson
for engraving a sound track on a disc

record. A styles mounted in a cutting
head (recording head) is actuated by
the sound modulatious and moves at
right angles to the direction of travel of
the recording blank. In lateral record-

ing, the dept of cut and groove width
are nearly constant Both monophonic
and stereophonic sound may be recorded by this method.
13.4 What is vertical recardineVertical recording is the principle used
by Thomas A. Edison in his original
cylinder recorder pictured in Fig. 13-4.
The sound waves arc picked up by a

metal horn and directed to a
metal diaphragm to which is attached
a stylus. Pressure changes in the horn,
small

caused by the sound waves, moved the

diaphragm causing the sylus to indent
a sound track in a vertical direction on
the surface of a revolving tin -foil cylinder. The sound track recorded on the
tin -foil cylinder was reproduced by the
same stylus riding in the indented
sound track. The movement of the sty -

Fig. 13.4. Thomas A. Edison with his original tin -foil phonograph. Taken in Washington, D.C., April 1 8th, 1887, where he demonstrated the machine before the
National Academy of Science. .Courtesy, Smithsonian Institute
1
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lus caused the diaphragm to which it
was attached to vibrate, disturbing the

air column in the horn. Thus, sounds
were generated which were similar to

the pickup on the record has been reduced from 27 grams for older type recordings to 0.5 to 3 grams. This lower

playback weight results in longer life

the waveforms inscribed on the tin -foil
cylinder.
In a modern vertical -recording head,
the actuating mechanism is designed to
eliminate any lateral motion. Thus, distortion caused by the combination of a

of the record, lower distortion, and better tracking, and removes the pressure
from the side walls of the groove. Because of the light pressure, it is important that the playback turntable he

lateral and a vertical motion is elimi-

across the record if jarred.

nated. The sound track made by a vertical recording head varies in both
depth and width. Because the variation
in width of the groove is small, a

The reproducing stylus for microgroove recordings has a tip radius of

level; otherwise, the pickup will skate

1 mil (or less) and the included angle is
45 degrees. (Sec Question 15.5.)

greater number of lines per inch may
be recorded in a given space.

At one time, vertical recording was
considered to be superior to lateral recording; however, with the development of microgroove lateral recording,
vertical recording is now considered to
be obsolete.

In the original Edison cylinder recorder shown, the record revolved at
a constant speed; therefore, the machine
recorded with a constant -groove velocity. In the present day recorders, the

angular velocity of the turntable is constant and the groove velocity decreases
the smaller diameters are
proached. (See Question 13 22 )

as

13.S

ap-

What is hill and dote record-

ing?-It is another name for vertical
recording.
13.6 Whot is a leng-playing record?

-A disc record having a playing time
longer than 5 minutes, 10 to 12 inches

in diameter and turning at

3.31:4 rpm,

recorded with approximately 150 to 300
lines per inch.
13.7 Define a microgroove recording.- --A microgroove recording has from
200 to 300 or more lines per inch, with
a groove width in the pressing suitable
for reproduction, using a stylus having

an included angle of 40 to 55 degrees
and a tip radius of 0.001 inch.
For stereophonic recording the lines
are the same, hut the groove width in
the pressing must be such that it may
be reproduced using a stylus of 45 to
55 -degrees with a tip radius of 0.5 to
0.7 mil. Styli dimensions are discussed

13.9

rpm and 16 -inch coarse -pitch transcriptions running at 33Vi rpm arc still
in limited use; however, these two
latter speeds are no longer considered
standard. A speed of 16"-ci rpm is also
used for special recording purposes, hut
it also is not considered standard.
13.10 What medium is used for re.
cording disc records?-Originally soft

wax was employed, but in the early
1930's this was replaced with the modern acetate disc, which has also undergone several changes in its material
composition since its introduction.
13.11 What materials other than
acetate ore used for recording on disc

records?-For purposes where quality
of recording is not of prime importance,
materials other than acetate are aluminum, paper, and many different types of
plastics.
13.12

What are the advantages of

microgroove recording? --longer playing
time with low surface noise, wider frequency range, lower distortion and

greater dynamic range. The weight of

What is a pregrooved recorda prepared

ing blank?-A disc with

groove in which the recording stylus
rides. This type of blank was nsed in
early -day home recording equipment
to eliminate the costly lead screw and
half -nut.
13.13 Whot is a recording lathe? -It is another name for a disc recording
machine. (See Question 13.2.)
13.11 What is a direct -drive disc

recorder?-One in which the power is
transmitted to the turntable from the
motor by means of gears. ,See Question
3.71.)

m Section 15.
13.8

What are standard turntable

speeds?-Standard speeds are 33VI and
45 rpm. It is recognized that both 78 26

13.15

What

is

a rim -driven turn-

table?-One in which the motive power
transmitted to the turntable by a
puck on the znotor shaft in contact with
either the inside or outside edge of the
turntable. When driven on the outside
is
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(a) Outside.
Fig. 1 3-1 5. Rim -driven turntables.

placed on the

eter. The steady increase of speed is

outer edge of the turntable which
makes contact with a metal puck on the

tem contacting the underside of the

edge,

a rubber tire

is

motor shaft. These two methods arc
used more than any other type of drive
system. Typical rim drives are shown

accomplished by a planetary drive sys-

turntable. The design of this machine
permits a greater number of lines per
inch to be recorded, thereby increasing

in Fig. 13-15.
13.16 What is on idler? ---A wheel

the playing time. Twenty-seven minutes may be recorded at 300 lines per

placed in the mechanical transmission

inch on an 8 -inch disc.

system between the driving member
and the turntable in recorder or re-

The principal drawback to this type
recording is that the playback machine
must be of the same design as the re-

is

producing machine.
13.17

Does

an

idler between the

motor and the driving puck have any
effect on the speed?-No. It only serves
as a means of transmitting the power

from the driving source to the turntable. The turntable size and the diam-

eter of the driving puck on the motor
determine the

speed.

(See Question

3.71.)

13.18

What is a puck?-A circular

piece of metal or fiber used to transmit

power from the driving source to the
driven member.
13.19 What

is

linear

speed?-A

constant velocity in a given direction.
13.20 What is a constant angular
velocity device?-A device driven at a

corder in order to obtain exactly the
same increase of speed as when recorded. Generally, such machines are
used with embossing -type recording
heads using a constant -amplitude recording characteristic as described in
Question 145. It has often been stated
that the combination of constant -groove
velocity recording and constant -amplitude recording is the classical system
of recording.
Constant -groove velocity recorders

use an embossing -type stylus with a
1 -mil tip radius. The groove velocity is
generally around 2 inches per second.
at 300 lines per inch. This slow velocity
is used only for dialogue recording and

constant speed in rpm.
13.21
What is a weight -driven recorder?-Because of the lack of constant
speed drives, early recorders were

will give 93 minutes of recording time
on an 8 -inch disc. For music recording
the groove velocity is increased to 10
ips. The frequency range is approxi-

driven by means of a weight mechanism similar to that of a clock. The re-

mately 80 to 5500 -Hz. (See Questions

corder was set on a tripod about six feet
above the floor. Heavy weights, wound
up by means of a windlass, supplied the

motive power which was controlled by
a centrifugal governer.
13.22 What is a constant -groove
velocity recorded-A disc recording
machine so designed that as the recording progresses across the surface of the

record toward the smaller diameters.
the turntable speed is increased In this

manner, the groove velocity

is

held

constant throughout the whole recording and is the same for any given diarn-

13.204 to 13 206).
13.23 Describe

a

monogroove

re-

cording.-In an early attempt to record
stereophonic sound in a single record
groove, the groove earned both lateral
and vertical modulation and employed
a cutting head based on the design
shown in Fig. 13-23. With the development of the 45/45 -degree cutting head

and pickup by Charles C. Davis

of

Westrex Corp., almost all stereo recordng system have adopted this latter
system. Stereophonic cutting heads
are discussed in Questons 13.217 and
14.2.
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described in Question 1324, the lead
screw is rotated by a separate motor

St YlUS

Fig. 13-23. Magnetic structure for a
rnonogroove pickup or recording head.
Sound waives are recorded in both the
lateral and vertical directions simul-

taneously.
13.24

What is a variable -pitch re-

cordert-A disc recorder designed in
such a manner that the lines per inch
may by varied as the recording progresses. When the program material is
of low amplitude, the speed of the cut-

and the lines per inch are increased or
decreased by controlling the speed of
the driving motor.
13.28 In what direction are disc recordings recorded?-From the outside in
and rotated in a clockwise direction as
viewed from the side being reproduced.
In the early days of making broadcast
transcriptions (before diameter equalization), if the program material consisted of several records, they were recorded to start outside -in on the first
record, with the next record recorded
inside -out to compensate for the loss of
high frequencies at the smaller diameters. This procedure was followed to

last record, and the listener was
often unaware of the loss of high frethe

quencies as the program changed to the

down,

next record; however, the increase in

thereby increasing the number of lines
cut per inch. For high amplitudes, the
carriage is speeded up to reduce the
number of lines per inch. In this mari-

high -frequency response was quite noticeable as the larger diameters of the
second record were approached.
13.29 What does the term coarse -

ner, greater amplitudes may be re-

pitch recording ascent-To distinguish
recordings using less lines than that
used for microgroove recording, they

ting -head

carriage is

slowed

corded and a longer recording time
secured.

In the early days of motion picture
recording when disc records were used,
a 10 -minute, 16 -inch disc was reduced

to a 12 -inch disc in this manner. This
type recording is also called margin
recording and many present day high quality, long-playing records are made
using margin recording with a hot stylus, resulting in superior recordings.
13.25 What is a lead screw? --A
threaded shaft used to move the cuttiug-head carriage across the face of
the recording blank on a disc or cylindrical recorder. (See Question 132.)
/3.26 What is cutting rate?- The
number of lines per inch the lead screw
moves the cutting head carriage across
the face of the recording blank. Before

the advent of microgroove recording,
the lines per inch for coarse -pitch recording were 96, 104, 112, 128, 136 or
greater, increasing in multiples of eight
lines per inch. For microgroove recording, 200 to 400 lines per inch are used,
265 lines being average.
/3.27 How are the linos per inch
changed in a recorder?-In nonprofessional recorders, the lines per inch are
fixed. In professional equipment, the
lead screw is changed or the gears that
drive it. In a variable -pitch machine as

are referred to as coarse -pitch recordings. The lines for coarse -pitch recording vary between 96 and 150 lines, while
those of a microgroove recording range

from 200 to 300 lines per inch or more,
the average being about 265 lanes. Variable -pitch techniques may be applied to
either type recording.
13.30 What is the angle of the recording sty/us relative to the surface of
the

recording disct-This subject has

been uuder discussion for considerable
time and to date no standard has been
set for the angle of the recording stylus.
The Westrex 3C and 313 cutting heads
are operated at an angle of 23 degrees;
however, different recording activities
may set them to a different angle. Ex-

perimental work by Bauer indicates
that increasing the angle of the cutting
head beyond 23 degrees will reduce the
discrepancy between the recorded
groove and that of the pressing, and result in a recorded groove of 15 degrees.
The principal cause of the discrepancy
in the groove is the spring -back of the
lacquer, and the recording stylus.

In the normal recording of records
the groove walls form an augle of 90
degrees, which is particularly important in recording stereophonic records

655

DISC RECORDING

jewel in the stylus shank. Any shifting
of the jewel tip because of the bonding
will cause resonance and also affect the
vertical angle. The jewel and stylus

shank must act as an integral part.
When reproducing a record cut at a
23 -degree angle (or greater), the re-

producer stylus angle is set to an angle
of 15 degrees to reduce the distortion
Fig. 13-30A.
suspension in

of the stylus
45'45 -degree stereophonic cutting head, the stylus inscribes
Because

a

an arc in the vertical mode because of

the tilt from vertical.
using the

45,45 -degree

system.

For

records cut before the advent of stereo,
lateral records were cut using an 87 -de-

gree included angle stylus, on the assumption

that

after

processing the

groove grew to 90 degrees. This was
controlled in the finished product by

caused by the difference in the angle
of the recorded groove. It has been
agreed by the RIAA, NAB, and the
manufacturers of sound -reproducing
equipment in both the United States

and most of Europe that the angle for
the reproducing stylus is to be 15 degrees. At the present time, this leaves
the record manufacturer with the problem of establishing the correct angle for

the recording stylus to produce a 15 degree groove in the finished product.
Certain recording activities using
coarse -pitch and microgroove tech-

the recording engineers, experienced

niques still use the 3 -degree to 5 -degree drag angle, discussed in Question

with lacquer -disc recording.

13-32. (See Questions 16.58 and 16.59.)

Because of the nature of the stylus
suspension in a stereophonic cutting
head, the stylus describes an arc in the

13.31 How Is a recording stylus
aligned laterallyT - By observing the

vertical mode, and because of this motion the cutting face is tilted back from
the vertical (Fig. 13-30A). This results
in an increase of the included angle of
the groove (Fig. 13-30B). In view of
this fact, and that the reproducing stylus rides an the wall of the groove and

reflection of the recording stylus on the
surface of the recording blank as shown
in Fig. 13-31. When the reflected image
is in perfect alignment with the actual
stylus shank, the alignment is correct.
(See Question 23.78.)

not the bottom, the waveform is distorted and increases with an increase in

the recorded level. For the Westrex
stereo system, the recording angle is
specified to be 23 degrees; however,
several activities have studied the angle
problem and recommended that the angle of the recording stylus be changed.

CUTTING
HEAD

RECORDING

BLANK
1

REFLECTED
IMAGE

final angle,

Fig. 13-31. Vertical alignment of stylus

since factors other than stylus angle inject themselves into the study. Among
these factors are: fit of the recording

by observing its reflection on the surface
of the disc.

stylus in the recording head, stylus

13.32 What is the drag angle of a
recording stylusT-In coarse -pitch re-

It

is hard to predict the

shank material, and the bonding of the
cx RANGE 0

ANGLE

S

slight angle relative to the surface of

`s
Fig. 13-308

Increase in the groove inbecause of the tilting
action of the recording stylus.

cluded

cording used before the advent of FMcrogrove recording and hot -stylus techniques, the recording stylus was given a

onglo

the recording disc (Fig. 13-32). The recording head was tilted backward about
3 degrees to 5 degrees against the motion of the disc. This was to prevent the
stylus from digging into the recording

blank aluminum base, as might occur
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The measurement is conducted using
a stroboscope disc illuminated by either
a 50- or 60 -Hz lamp operating from the
normal power source. For 331,1 rpm, the
stroboscope is to have 2L6 bars or spots
in 360 degrees; for 45 rpm, 160 bars or
spots are required. For a recorder, not
more than 7 bars or spots may pass a
given reference point (either direction)
in one minute.
/ 3.3 6
What is the standard for wow

Fig. 13.32.Drag angle of early recorder
cutting heads. The stylus angle is deter-

and flutter in a reproducer turntableThe average deviation from the mean

mined by observing the image of the
stylus on the surface of the disc.

speed

of the reproducing turntable
when reproducing shall not exceed 0.1
percent of the mean speed. The term
"average" is defined to mean the average of the measuring device rather than
the period of time over which the measurement is made.
The measurement is conducted using
a stroboscope disc
illuminated by a
lamp operated form the normal 50- or
60 -Hz power source. For 33tfi rpm, the
stroboscope disc is to have 216 bars or

if the stylus had been set vertical. For
stereophonic

microgroove

recording

using a hot stylus, the stylus is set to
about 23 degrees perpendicular to the
surface of the disc surface. The stylus
in the reproducing pickup is set with a
drag -angle of 15 degrees. (See Question
1330.)
13.33

What is fl ttttt T-A waver in
the reproduction of a tone or group of
tones, caused by the irregularities in
the speed of a turntable which results
in frequency modulation of the tones.
(See Fig. 13-33.) High rates of flutter
are on the order of 10 Hz. Low rates of
flutter occur one per revolution and are
often referred to as once-arounds, or
wow, because of the frequency characteristic. Typical resulting flutter waveforms arc shown in Fig. 23-149.
13.34 How is flutter measuredlWith a flutter bridge as described in

spots in 360 degrees; and for 45 rpm, 160

bars or spots. For a reproducing turntable, not more than 21 bars are to pass

a given reference point in one minute,
for either direction.
13.37

Describe a magnetically sup-

ported turntable.-The turntable about
to be described is manufactured by
Stanton Magnetics Inc., and is unusual
in its design because the turntable is
supported entirely by magnetic repulsion at the main bearing (Fig. 13-37A).
The

repulsion

or suspension system

Question 22.41.
What is the standard for wow
13.35

consists of two flat circular magnets
which arc charged so that their force -

and flutter in a recorder turntable? -The
average deviation measured over a
range of 0.5 to 200 H; from the mean
speed of the turntable while recording,

fields are in the vertical plane. One

magnet is placed around the bearing
well and the other on the under side of
the turntable, surrounding the shaft.
The magnetic force -field provides an
air suspension; in other words, the

shall not exceed 0.04 percent of the

mean speed. The average deviation is

measured, using a meter having the
same dynamic characteristics of a stan-

dard VU meter. The term "average" is
defined

to mean the average of the

The turntable is driven
through a soft idler wheel, which in
turn is driven by a capstan on the

measuring device rather than the period of time over which the measure-

guidance.

ment is made.

(a)

Undistorted
wave.

sine

(b)

turntable rides on air. Therefore, the
turntable has no mechanical contact
with the rest of the structure, the turntable shaft is only used for rotational

High - frequency

(e) Wow (once around)

flutter.

Fig. 13.33. The effects of irregular speed on a waveform.
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PLATEN

MAGNETS

BUILT-IN GRAM GAUGE

BEARING

CARTRIDGE
COUNTERWEIGHT

IOC.IM

E r-11:
MOTOR RIGIDLY
MOUNTED TO BASE

UNIFIED PLATTER AND
ARM SUSPENSION
SEPARATE

RUBBER BALLS

MAGNETIC ARM
MOUNTING BOARD

a

Fig. 13-37A. Cross-sectional view of Stanton Magnetics Inc. Model 8008 mognetitally suspended turntable.

motor shaft. This structure aids materially in the reduction of transmission of

cies. A piano will take on the quality
of a harp. Flutter is, in reality, fre-

mechanical vibration to the turntable.
The motor is a four -pole synchronous
type, with sufficient power to quickly
bring the platen up to speed.

quency modulation of the program material because of the irregular turntable

The pickup arm is mounted on a separate structure, isolated by rubber
balls, which affords acoustic isolation

between the turntable and the pickup
arm. The pickup arm is supported on a
single pivot bearing for both vertical
and lateral motion. The motor board
section supporting the pickup arm is
held in place magnetically and aligned
with guide pins. This permits easy removal of

the arm for experimental

work. The arm resonance is below 10
Hz; flutter is less than 0.15 percent;
rumble is minus 43 dB below the standard reference of '7 centimeters per sec-

ond. A view of the complete turntable
is shown in Fig. 13-37B.
13.38 What is the effect of flutter
on recorded program material?-The
music and voices will waver, becoming
more noticeable at the higher frequen-

speed.

13.39 What causes flutter in a disc
recorder?-Some of the causes of flutter
in a disc recorder arc: slippery driving
pucks, binding in the drive system, off center hole in the disc, cutting -head

carriage bind on the guide bars, chip
brush dragging, and high spots in the
drive gears.
13.40

Define

the

term

"once-

around."-It is a variation in the sound
that occurs once per revolution of the
turntable. (See Question 13.33.)
13.41
What causes a pattern

or

spokes in a disc record?-Vibration in
the recorder or excessive alternating current hum in the amplifier. The pattern

resembles

wheel

spokes

when

observed under a light. During reproduction, patterns cause a low -frequency
rumble and high background noise.
13.42

What is a mom pattern?-A

shadow pattern on a disc record caused

Fig. 13-37B. Stanton Magnetics, Inc. Model 800B turntable using magnetic repulsion to support the platen.
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by vibration. It is so named because of
its resemblance to moire cloth.
13.43

What is the cause of rumble

in a recordingl-Rumble is generally a
low -frequency sound caused either by
the reproducing turntable drive mechanism, or it was recorded in the original
master recording. Low -frequency noise
and rumble is sometimes induced in the
recording lathe by earth noises, drive
gears, and the cutting -head carriage
rails. (See Question 23.76.)
13.44 How does turntable rumble

affect the reproduction of stereophonic
records? --Turntable rumble has a pronounced effect since most of the rumble
is in the vertical plane. Turntables employed for the reproduction of stereophonic recordings must have a low
rumble factor, at least 10, and prefer-

ably 20 dB below that of a turntable
used to reproduce laterally -cut records.

What is a drive hole?-An
offset hole in a recording blank for set13.45

ting over a pin in the recorder turntable to prevent slippage.
73.46
What is a recording medium?
-Any material used for the purpose of
recording a sound track. Common materials are: photographic film, acetate
discs, magnetic tape, and plastics.
13.47 What does the term groove

velocity mean?-The amount of disc
surface passing under the stylus tip in
one second. For constant -angular recording, the groove velocity is continually changing with the diameter of the
record groove, decreasing as the center
or smaller diameters are approached.
For constant -groove velocity recording,
the groove velocity is the same at any

point on the

disc, regardless of the

diameter. (See Question 13.22.)
13.48 What ore the overage groove
velocities for different recording speeds?
-See Fig. 13-48.
73.49 Describe the effect of a hot
and cold stylus on the frequency response of a microgroove recording.-The
results from a study by Jackson of this
effect are tabulated below. With a ref -

Recording -speed
rpm
331!i
45

78.26

erence level of 5 centimeters per second, unfiltered output measurements
were taken of the signal frequencies
from 30 Hz to 15,000 Hz, using both a
hot and cold stylus. The tests were conducted by turning the stylus heater
current on and off, and each frequency
recorded from an 8 -inch diameter to 7.5
inches on the same disc. There was no
noticeable difference from 30 Hz to 1000
Hz. The first noticeable change occured

at 2000 Hz, with larger differences occuring as the frequency was increased
up to 15,000 Hz. The hot -stylus recording measured an increased output over
the cold stylus as tabulated below.
2000 Hz + 0.2 dB
4000 Hz + 0.2 dB
6000 Hz + 0.5 dB
8000 Hz + 0.6 dB

10,000 Hz + 1.3 dB
12,000 Hz + 1.6 dB
15,000 Hz + 2.0 dB

Signals of 50,000, 100,000, 10,000 and
15,000 Hz were recorded, each on a sep-

arate disc at various diameters, using
both a hot and a cold stylus. The results of these tests are given in the chart

in Fig. 13-49. It will be noted, even at
50,000 Hz and at diameters of 4 inches,

that there is a slight increase in the
output. As in the preceding measurements, the output level was either the
same or slightly higher. However, an
exception to this last statement occurred only at 4 -inch diameter, where
50,000 Hz, 100,000 Hz and 15,000 Hz read

plus with a cold stylus, while 10,000 Hz

read plus with a hot stylus. All these
measurements were repeatable.
The tests tabulated were made using

a Westrcx Corp. 3C stereophonic recording head, a Cappscoop 90 -degree
prewircd stylus, and a Scully recording
lathe. The discs were manufactured by
the Audiotape Corp.
13.50 What effect does changing
the diameter and groove velocity hare
on a 78.26 rpm record? -Very little, the
losses at the smaller diameters are negligible compared to the same frequency
at a diameter of 11.5 inches. (See Question 13.49.)

Recording -blank
diameter
16 -inch coarse pitch
12 -inch microgroove
7 -inch microgroove
12 -inch coarse pitch

Groove velocity
inches per second
to 25
8.5 to 20
9 to 19
16
to 48
10

Fig. 13-48. Average groove velocities for recording speeds.
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Diameter
11.5
8
6
4

50,000 Hz

inch
inch
inch
inch

100,000 Hz

Same hot and cold
Same hot and cold
Same hot and cold
+ 02 dB cold

Same hot and cold
Same hot and cold
Same hot and cold
+ 0.1 dB cold

10,000 Hz

15,000 Hz

+ 0.2 dB cold
+ 1.0 dB hot
+ 2.5 dB hot
+ 4.7 dB hot

11.5 inch
8 inch
6 inch
4
inch

+ 0.9 dB hot
+ 1.8 ciB hot
+ 2.0 dB hot
+ 2.3 dB cold

Fig. 13-49 Effects of hot and cold stylus on frequency response.

/3.5/ What are the diameter losses
for 45 -rpm recordings?-See Question
13.49.

13.52 What is the formula for calculating linear velocity?

Velocity = A x f
where,
A
(lambda) is the wavelength
inches,

in

How are lacquer discs manta-

facturedl-Basically, the disc consists of

an aluminum base, which after visual
inspection for defects and flatness, is
cleansed and washed in a detergent solution. The disc is then passed through
the coating machine, using a modified
curtain -coating

method.

A carefully

controlled film of lacquer is laid on the
disc surface as it passes through the
curtain. The disc is then dried by passing through a heated tunnel, followed
by a cure for a specified period of time.
The process is then repeated on the
second face, followed by a controlled
temperature cure. Finally, quality grading is done through 100 -percent visual
inspection of both sides. They are then
packaged for shipment. Throughout the
manufacturing process, white -room
conditions must prevail.

The final quality of the disc is dependent on the extreme flatness of the
aluminum substrate. The manufacturer
must be concerned with minute pits or
pimples on

the

13.54

What is an instantaneous re-

cording?-A recording made on an acetate disc. See Question 13.53.

f is the frequency in hertz.
13.53

coating viscosity, and the temperature
to within 2 degrees Fahrenheit, with the
pressure of the lacquer entering the
coating head absolutely constant.

aluminum surface,

which result in defects of equal degree
in the lacquer coating regardless of the
thickness. In addition, during the coat-

ing process, the temperature and humidity must be closely controlled and
the air supply filtered to remove 99 percent of particles of 0.30 microns or
larger. The viscosity of the lacquer

must be kept within 5 percent of the

13.55

Define

the

term,

"coarse -

recording." - Recordings made
using 96 to 120 lines per inch are termed
coarse -pitch, contrasted to microgroove
recordings made using 250 to 400 lines
per inch. To differentiate between these
two recording techniques, dimension

pitch

and equipment used in the first category arc termed coarse -pitch and will
be referred to as such throughout this
work.
13.56 What is the cosmetic effect
in a lacquer disc? The aluminum used

for making recording discs is stretched

to obtain as near as flat a surface as
possible, which causes a cosmetic effect.
Since the lacquer is not completely

opaque, certain cosmetic effects on the
surface of the aluminum disc manifest
themselves by two flashes per second

as the disc revolves. To the recordist
unaware of this effect, the disc may be
rejected as unsuitable for recording.

Discs of this nature are quite satisfactory for recording if they meet the
other requirements for a good recording
disc.
13.57

What ore the recommended

disc sizes for recording masters? - See
Fig. 13-57. At least one unmodidated

groove is to be recorded at both the
start and end of the recorded area. The

diameter of the innermost modulated
groove is to be not less than 41.4 inches
for 331.1 -rpm discs and not less than
for 45 -rpm discs. The center hole must
be concentric with the recorded groove

spiral within 0.005 inch and has been
standardized as follows:
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Finished Disc
(pressing or instantaneous)

Islorronni

12 inches
10 inches
7 inches

1154

1,12 inches

117/11: inches maximum

%2 inches

93iii inches maximum
6r! is inches maximum

1A2 inches

13.57. Recommended disc sizes for master recordings.

Fig

A disc with a once -around, warp,

a:1?fr rpm 0.286 inch + 0.001, - 0.002 inch
diameter
45 rpm

Outer Modulated Groove
Diameter (outside start)

bump, or unevenness produces a swinging -type noise, and the signal-to-noise

ratio under these conditions may measure as given in Fig. 3-60B.
The measurements were made using

1.504 inches L..- 0.002 -inches di-

ameter

The warp of the disc, when measured
using a surface indicator, is to be not
greater than 14c Inch and within any

a constant velocity of 5.5 cm/sec at 1000
Hz, using a Westrex 3C recording head,
a Cappscoop prewired stylus, Scully re-

45 -degree segment not greater than 1/12

cording lathe, and Audiotape Corp. recording disc. The signal-to-noise mea-

inch. Following the innermost recording
groove, a leadout spiral and a concen-

surements as given in Figs. 13-GOA and

tric locking groove arc provided.

B apply to both 45 and 78.26 -rpm recording, assuming a hot stylus is used.

What is the cause of surface
noise using cold -stylus recording techniques?-The causes of surface noise in
cold -stylus recording arc many and
varied. Among them are dull recording
73.58

(See Question 13.49.)
13.61
Is it permissible to play back
a master to be processed?-No. Masters
are never played back for fear of dam-

aging the sound track. As a riale, two
discs arc cut simultaneously, a master
and a playback for checking quality
and cues. The master is checked by

stylus, improper alignment, hard recording blank, and many of the effects
noted in Questions 13.65 to 13.68. Surface noise may also be induced in the
reproduction because of vertical pressure of the pickup, improper tracking
angle, pickup stylus at an improper angle with respect to the disc surface, and

visual inspection only.
13.62 How does the hardness of on
acetate disc effect the frequency response?-For cold -stylus techniques,
the high -frequency response is increased at the expense of background
noise. Generally speaking, all discs regardless of manufacture have the same
frequency characteristics at the larger
diameters. However, this is not true for
smaller diameters, as high frequencies
fall off at different rates, depending on
the degree of hardness.

pinch effect.
13.59 What causes noisy pressings?
-Generally speaking, a pressing can be

no quieter than the original recording;
however, finger prints on the master
and poor compounds used for pressing
can cause a considerable amount of
surface noise.
13.60 How does the signal to noise
vary for hot- and cold -stylus recording?

In addition, the situation is further
complicated by the diminishing groove
velocity at the smaller diameters. This

-Studies made by Jackson show the
signal-to-noise ratios for a master disc
in Fig. 13-60A. Older type discs will
measure between 2 and 4 dB less signal-

may be partially compensated for by

to-noise ratio.

stylus. (See Questions 13.111 and 13.153.)

Diameter
Hot stylus
Cold stylus

12 -inch

-68.5 dB
-.67.0 d13
Fig. 1 3-6 OA.

Diameter
Hot stylus
Fig.

10 -inch

the use of a diameter equalizer or a hot

8 -inch

6 -inch
-G9.5 dB

5 -inch

4 -inch

-70 dB
-57 dB

-70 dB
-53 dB

-69 dB -69.5 dB
63 dB
-66 dB
-60 dB
Signal-to-noise ratios for a master disc.

12 -inches

10 -inches

8 -inches

6 -inches

4 -inches

-66/58 dB

--66/58 dB

-66/60 dB

-67 dB

-67 dB

1 3-60B. Signal-to-noise ratios for a deformed master disc.
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13.63 Is there an appreciable difference between recording discs of dif-

ferent manufacture)-There is very little difference among those of good
manufacture. Experience indicates the
frequency response of a particular disc
is the combination of cutting -head frequency response, length of the record-

ing stylus, diameter of the recording
area, the electronics of the recording
system, and if the recording is made
using a cold or hot stylus. Using hot stylus recording techniques, the resistance of the disc to the stylus is practi-

cally nonexistent with regard to frequency response. (See Question 13.49.)
13.64 What is white noise?-When
the noise spectrum is uniform over a
wide frequency band, it is referred to

as white noise because it is analogous
to white light. (See Question 1.140.)
13.65

What

is

orange

peel?-A

term applied to the surface of a recording blank which looks similar to orange

peel. Such surfaces have high background noise.
13.66

What is a buzr?-A rasping

noise heard in the background of a
record and is generally caused by hum
or noise in the system.
13.67 What is chatter?-A rattle in
the reproduction caused by improper

may be dull or out of alignment. Also,
the disc may be old and dry. This effect
is related to cold -stylus recording.
13.74 What causes a gray cut?-A
cold stylus that is dull or a disc that is
dry and hard.
13.75 What is the depth of cut?The distance from the surface of the
recording blank to the bottom of the

groove. (Sec Question 13.150.)
13.76 What is a spiral out)-A
groove at the inside end of a recording
for the purpose of tripping an automatic
record changer.
13.77 What is a locked groove?A spiral groove at the inside end of a

recording, closed by a concentric groove,

for the purpose of tripping an automatic record reproducing machine. The
locked groove provides a groove for the
pickup stylus to ride in until the mechanism trips.
13.78 What is twinning?- When
two grooves overlap or touch as a result of overmodulation. Twinning is also
caused by improper groove -to -land

ratios or a defective lead screw. (Sec
Question 13.25.)
13.79 What is

land?-Thc space

between adjacent recording grooves.
13.80 What causes an echo effect

in a blank groove?-A sound from an

seating of the reproducing stylus in the
sound track.

adjacent groove caused by overmodula-

What is a chip?-The material removed from a record during the

damaged, it is deformed by the excessive modulation in the adjacent groove.
11 the relationship is just right, with
respect to the original modulation, what
appears to be an echo is heard.

13.68

recording process.
13.69 What

is

on

unmodulated

groove?-A groove cut in a record
without modulation. Such grooves are
used at the start and ending of a recording and also to measure the signalto-noise ratio.
13.70 What is an undulation?-A
rising or falling appearance of the
groove.
What is a dry cut?-A had
13.71

disc record. The chip is
kinky and brittle because of a dull or
improperly aligned recording stylus. It
groove in

a

may also be caused by recording blanks
which have become hardened with age.
This effect is noticed when using cold stylus recording techniques.
13.72 What
is
a
cutererl- A
breaking through the wall of one groove

into the wall of the next groove. It

is

caused by overmodulation.
13.73 What causes a stylus to
whistle when recording?-The stylus

lion. Although the groove wall is not

13.81

What is skating?-A condi-

tion existing when a reproducing stylus
is pinched out of the groove and moves

rapidly across the face of the record.
Skating is also cansed by the reproducing turntable not being level. It is
particularly important, for microgroove
reproduction, that the turntable be level
in all directions.
13.82 What are horns in a sound
track?-Raised edges on the sides of
the groove (Fig. 13-82), caused by the

Fig.

13-82. Cross-sectional view of

a

sound track in a disc record showing the
small horns raised at the uoper edges by
the recording stylus, caused by cold flow
in the recording medium.
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cutting stylus. The horns are small in
size and very delicate; therefore, they

plifier and indicating meter shall have
uniform frequency response, within

are easily damaged by rubbing the sur-

plus -minus 1 dB between 10 and 250 Hz,

face of the record. The use of the hot

with the 500 -Hz response 3 dB below

stylus technique (see Question 13.153)
eliminates this difficulty.

the 100 -Hz response, and an attenuation

13.83

What is an advance balll-

A rounded sapphire support mounted
on the cutting head, either beside or
ahead of the stylus, and bearing on the
surface of the record. Its purpose is to

maintain a constant depth of cut regardless of irregularities in the surface
of the record.
Advance balls were originated for
soft -wax recording, before the advent
of the acetate disc, and are still used in
some instances for acetate -disc recording. However, with the use of automatic
depth control and hot -stylus recording,
advance balls are not used to the extent

they were once used. If the recording
disc has been stored for several hours

rate of at least 12 dB per octave at frequencies above 500 Hz (this may be
obtained by means of a low-pass filter).
The amplifier and indicating meter shall
decrease at a rate of at least 6 dB per
octave below 10 Hz.
The meter is to have the same dynamic characteristics as a standard VU
meter USASI (ASA) C16-1961. (See
Question 10.3.) If the meter fluctuates,
the maximum values are used. In making these measurements, the pickup arm resonance must fall outside the
prescribed passhand or be sufficiently

damped to remove any possibility of
affecting the measurement. The results
are the electrical measurement, and not
the aural annoyance value of low -fre-

at a temperature of 130 -degrees Fahrenheit, it can be scored by the advance
ball. In this instance, a hard deposit
adheres to the advance ball, and if not
removed, will score all succeeding discs.
Lacquer discs should not be stored in
a temperature exceeding 100 -degrees
Fahrenheit. (See Question 13.49.)
The placement of the advance ball in
relation to the cutting -head stylus is
shown in Fig. 14-21.
13.84 What is the formula for calculating the wave length of a recorded

quency noise, such as rumble at fre-

sound wave?

below the level obtained under the

Wavelength =

V

where,

V is the velocity of the record groove
in inches per second at a given
diameter,

F is the frequency of the recorded
wavelength.

What is the standard signalto-noise ratio for monophonic record reproduction? - For monophonic record
reproduction the low -frequency noise
13.85

voltage

generated by the turntable.
pickup, and equalizer, when playing an
essentially rumble -free silent groove,
shall be at least 40 dB below a reference
level of 1.4 centimeters per second peak
velocity at 100 Hz. (See Question
23.130.)

The frequency response of the
pickup and its equalizers shall conform
to the NAB standard reproducing
curve, as shown in Fig. 13-95. The am-

quencies

below

audibility. A strong

low -frequency noise such as rumble,
can cause severe intermodulation distortion with the low -frequency response of modern sound reproducing
systems. The inaudible noise can be
more serious than the indicated noise.
High -frequency noise is measured
with the same meter characteristics
when reproducing on a flat velocity
basis, over a frequency range of 500 to

15,000 Hz, and shall be at least 55 dB
same conditions of reproduction, using
1000 Hz recorded at a peak velocity of
7 centimeters per
second. The frequency response at 500 Hz shall be 3 dB
below the response at 1000 Hz, and shall
fall off at a rate of at least 12 dB per
octave below 500 Hz (using a high-pass

filter). The response of the system at
15,000 Hz shall be 3 dB below the response at 1000 Hz and shall fall off at a
rate of 12 dB per octave above 15,000 Hz.
13.86 What is the standard signalto-noise ratio for stereophonic record reproduction?- For stereophonic record

reproduction, the low -frequency noise
voltage in each channel generated by

the turntable, pickup, and equalizerwhen playing an essentially rumble free silent groove-shall he at least 35
dB below a reference level of 1 centimeter per second peak velocity at 100
Hz in the plane of modulation (vertical
or lateral). The frequency response of
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the pickup and preamplifier shall conform to the NAB standard reproducing
curve (Fig. 13-95), and the test equipment as stated in Question 13.85. The
reference level of 1 centimeter per sec-

by the width of the groove, which is
generally less than 4 mils and not
greater than 5 mils, with a land -to -

tics when reproducing on a flat velocity basis over a frequency range of 500

groove ratio of 60:40.
For 33IA-rpm microgroove recording,
the groove width is approximately 2.75
to 3.0 mils, with a groove -to -land width
ratio of 70:30. For 45 -rpm microgroove
recording, it is the same. If variable pitch recording is used, the groove -to land ratio is constantly changing.
13.91
Whot it the appearance of a
vertical -recorded groovel- Its appearance is as shown in Fig. 13-91. In verti-

to 15,000 Hz, and shall be at least 50 dB
below the level obtained under the

cal recording the depth of the cut and
its width are constantly changing with

same conditions of reproduction, using
1000 Hz and fall -off rate of at least 12

the

ond peak velocity at 100 Hz corresponds

in amplitude to 5 centimeters per second peak velocity at 500 Hz as it is in
the constant -amplitude portion of the
recording characteristic.
The high -frequency noise is measured with the same meter characteris-

dB per octave below 500 Hz. The response of the system at 15,000 Hz shall
be 3 dB below the response at 1000 Hz

percentage

of

modulation.

The

sound track is engraved in the bottom
of the groove. The unmodulated groove

width is maintained at 0.003 inch for
125 to 150 lines per inch.

and fall off at a rate of at least 12 dB
per octave above 15,000 Hz.
13.87

What are the standard

STY,J5

re-

cording reference levels used for monophonic and stereophonic recording?-The
NAB standard specifies that for mono-

phonic microgroove recording, the recorded program level is to produce a
reference level (using a standard VU
meter) equivalent to a 1000 -Hz tone,
recorded at a peak velocity of 7 cm per
second.

For stereophonic program material,
the reference level is to be equivalent
to a 1000 -Hz tone, recorded at a peak
velocity of 5 cm per second, as indicated
on a standard VU meter. This is ap-

Fig.

13-91. Cross-sectional view of
vertical -cut sound track.

a

/3.92 What is the appearance of a
lateral -recorded groove?-It is as shown
in Fig. 13-92. The groove depth and
width remain almost constant with the
grooves moving in a lateral direction or
from side to side. The amount of lateral

movement is dependent on the percent-

age of modulation of the audio signal.

proximately 3 dB below the level for
monophonic recording.
13.88 What percentage distortion
is permissible for microgroove recording
at 33Vs rpm?-The distortion at 400 Hz

should not exceed 1 percent total rms
harmonic distortion. The intermodulation distortion should not exceed 3 percent using 100 and 7000 Hz mixed in a
ratio of 4:1. Intermodulation measurements are discussed in Question 23.113
13.89 What percentage distortion is
permissible for microgroove recording at
45 rpm?-The distortion at 400 Hz

should not exceed 1 percent total rms
harmonic distortion. The intermodulation distortion using 100 and 7000 Hz
should not exceed 4 percent mixed in a
ratio of 4 to 1.
13.90 What are the recommended
land -to -groove ratios?-For other than
microgroove recording the ratio is set

Fig. 13-92. Modulated lateral groove
showing how the reproducing stylus is
pinched by the narrowing of the groove.
The dotted line indicates the center line
of the groove.

13.93
Why was the NAB standard
changed from a recording characteristic
to a reproducing standard?-In the original Standard (1949 and 1953) only the
recording characteristic was specified.
However, it was found from experience
that it was more practical to supply the
manufacturer of record -reproducing
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40

200

100

400

IY HI

2 HE

5 Hi

os.Hr

Fig. 13-94. Record ng and reproducing characteristics for vertical records. This is the
standard characteristic used in 1953, when such records were still in use. Each

major vertical division is 5 dB.
equipment a test record with a standard
reproducing characteristic than to spec-

ify the recording characteristic for the
record manufacturer. Therefore, in the
NAB Standard, March, 1964, only the

in June, 1953, and was reaffirmed in
March, 1964, by both the RIAA and
NAB. It is used for the reproduction of
331I-, 45-, and 78.26 -rpm recordings.

The recording characteristic is an in-

reproducing characteristic is specified,
with the understanding that the record
manufacturer will adjust his recording
characteristic to an inverse characteristic of the reproducing standard. On this

verse of the reproducing characteristic,
and it is used for both monophonic and
stereophonic reproduction. This characteristic may be obtained by the use of

basis, a reproducing standard was specified.
13.94 What is the recording and re-

parallel network having a time constant
of 3180 microseconds, a series R/C network having a time constant of 318 mi-

producing characteristic for vertical recording?-Although it is recognized that
vertical recording is no longer used, the
characteristics for both recording and
reproducing are given in Fig. 13-94 for
reference. It will be noted that the turnover frequency is 400 Hz.
13.93 What is the standard repro-

croseconds, and an R/C parallel network of 75 microseconds.
13.96 What is the standard reference level for monophonic recording?For monophonic recording the recorded
program level shall produce the same
deflection on a standard VU meter as
that reproduced by a 1000 -Hz tone re-

ducing characteristic for disc recordings?

corded at a peak velocity of 7 centi-

-It is shown graphically in Fig. 13-95.
This characteristic is known as the
RIAA standard and was originally

meters per second. A margin of 10 dB is

adopted by the disc recording i idustry

20

three networks, consisting of an L/R

required between the sine -wave load
handling capabilities of a system and
the leve of the program material men -

300os

410

+5

non

Sonn

0
S
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1
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20
20
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Fig. 13-95. NAB (RIAA) standard reproducing charge eristic.
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sured on a standard VU meter. (See

cording industries for many years until
the advent of the RIAA recording char-

Question 10.3.)
13.97
What is tho standard reference Iced for stereophonic recording7-

acteristic.
The orthocoustic characteristic makes
use of pre -equalization in the recording
circuits and post -equalization in the
reproducing circuits as described in

For stereophonic recording, the reference program level shall, for each thannel in its plane of modulation, produce
the same reference deflection on a standard VU meter as that produced by a

Question 6.11. The principal advantage
gained by the use of such equalizers is
the increased signal-to-noise ratio

1000 -Hz tone recorded at a peak velocity of 5 centimeters per second. This is
approximately 3 dB below the level of
the monophonic reference level.

above 2000 Hz.
13.100
What is an orthophonic recording characteristict-A reproducing

Experience indicates that at least a
10 -dB margin is required between the
sine -wave load handling capabilities of
a system and the level of the program
material, measured on a standard VU
meter. This would then contemplate

characteristic introduced by RCA Victor some years ago; it is similar to the
RIAA characteristic. The orthophonic
recording and reproducing characteristic employs both pre- and post -equalization, discussed in Question 6.11.

program material running as high as a
velocity of 21 centimeters per second

recording.-Constant-amplitude record-

and is believed

13.101

to be the maximum

13.98

What is a minigroove recordrecording made

78.26 -rpm

using microgroove techniques, including hot -stylus and variable -pitch recording. Although the number of lines
per inch is greater than is normally
used for 78 -rpm recording, it is not
enough so that the record may he called
long playing, or extended play. The frequency characteristic used is that of
Fig. 13-95. known as the RIAA recording characteristic.
13.99

constant -amplitude

ing indicates a mechanical recording
characteristic for a fixed amplitude of
a sine -wave signal; the resulting recorded amplitude is independent of frequency. This subject is discussed in
Question 14.5. As a rule, this method of
recording is used with nonprofessional
recording equipment employing a crys-

velocity that can be traced without excessive distortion at the smaller diameters of n disc turning at 331:1 rpm.

ingl-A

Define

tal cutting head, as

it requires no

equalization in either the recording or
reproducing, system.
13.702 Show the original Audio Engineering Society reproducing character-

istic.-This characteristic is shown in
Fig. 13-102. The original charactreistic
has now been modified and corresponds
to the RIAA curve shown in Fig. 13-95.

What is an orthocoustic re-

cordingl-lt is a recording characteristic introduced by RCA Victor several
years ago for recording 16 -inch transcriptions at a speed of 331,: rpm This
characteristic, shown in Fig. 13-99, had
been used by the broadcasting and re -

What is the RIAA reproduccharade
7 -A reproducing

13.103
ing

characteristic adopted by the Record
Industry Association of America as a
standard for reproduction of disc records. It is a modification of the origina:

+20

.15
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*esivoqt,
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-2050
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21442
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0411

Fig. 13-99. Orthocoustic recording cha acteri tic, introduced by RCA several years
ago for the recording of 16 -inch transcriptions, using o crossover frequency of 700
Hs, now superseded by the RIAA-NAB standard.
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Fig. 13-102. The original AES reproducing characteristic, now superseded by the
RIAA characteristic.
recom-

cause of the low signal-to-noise ratio

mended by the Audio Engineering Society (Fig. 13-102). The present standard is shown in Fig. 13-95.

above 2000 Hz.
13.106 What is the purpose of a
low -frequency equalizer in a reproducer

13.104 What is the standard groove
shape for a monophonic pressing?-The

citcuitT-To compensate for the con-

groove shape shall have an included

recording head below the turnover frequency. The equalizer has an inverse frequency characteristic to the recording characteristic.
13.107 What is the turnover frequency7-The frequency at which a
cutting head changes from a constant velocity characteristic to a constant amplitude characteristic. This is illustrated in Fig. 14-9.
13.108 What is the purpose of recording disc masters et half-speed?Because of the high levels recorded on
present-day disc records, certain recording activities in both the United
States and Europe are recording their

reproducing

characteristic

stant -amplitude

angle of 90 degrees, plus -minus 5 degrees, with a top width of not less than
0.0022 inch. For these groove dimensions, it is recommended that the reproducing stylus have a tip radius of 0.001
inch, plus 0.0001 inch, minus 0.0002 inch.

with an included angle of 40 to 50 degrees. (See Question 13.180.)
13.105 What is a flat recording
characteristic?-One which uses no pre equalization in the recording circuits.

Equalization is used in the reproducing
equipment to compensate for the constant -amplitude constant -velocity characteristics of the recording head. This
method of recording is seldom used,
except in home -recording systems, be-

characteristic of the

masters at half the normal recording
lathe speeds. Reduced speeds decrease
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Fig. 13-108. Equalization characteristic for transferring tapes recorded at 15 ips
and reproduced at 7.5 ips for recording disc masters at half -speed.

DISC RECORDING

667

the load on the cutting -head stylus and
reduce the elastic spring -back characteristics of the acetate recording blank,
thus reducing the distortion. The result
of recording at half -speed (or one octave lower) is the cutting -head system

response extends to only one-half the
normal frequency range, or about 7500
Hz. The additional octave is retrieved
by adjusting the equalization in the
negative -feedback circuit of the cutting -head amplifier circuit.

Reducing the recording lathe speed
by one-half shifts the pre -equalization
characteristics by one octave. To restore the final recording to the RIAA
standard special equalization is required between the master tape and the
disc -recording amplifier, so that when
the disc is played back at its normal
speed, it has the RIAA standard characteristics. To accomplish this, the following conditions must prevail:

Tape recorder equalized for NAB
standard characteristic at both
and 15 ips.

7.5

The recording lathe is rotated at 161'3
rpm for recording 331. -rpm masters,
or 221,! for 45 -rpm masters, and 39.13
for 78.26 rpm.

Although this method of recording is
generally confined
ings,

to 45 -rpm recordit may be used successfully with

any system if due consideration is given
to the intervening equalization.
Pressings made from half -speed re-

cordings are played back at their normal speed of 335= rpm or 45 rpm. A
typical equalization curve suitable for
connection between the master tape
machine and the disc -recording channel is given in Fig. 13-108. (See Question 17.228.)
13.109 What are the methods used
for recording from one characteristic to
another?-They are as shown in Fig.

13-109. At (a) the pickup is shown feeding a preamplifier with a fixed low -fre-

quency equalizer and variable high frequency equalizer at its output. This
circuit may be used to rerecord one 78 -

Tape originally recorded at 15 ips,
using standard NAB characteristic,

rpm recording to another 78 -rpm recording. The low -frequency equalizer
is set for the proper low -frequency
compensation and the high -frequency
equalization is used to boost or attenuate the high frequencies as required.

played hack at 7.5 ips.

If possible, the high frequencies should

Disc -recording system equalized for
RIAA recording characteristic.

PU
PRE AMP

LOW FRED
EQUALIZER

VARIABLE NIGH
REO

EQUAL

RECO CHNL

(a) 78 rpm to 78 rpm.

PRE AWE,

LOW FRE0

HIGH

EQUALIZER

MO EQUAL

RECO C BP&

(b) 33'/ rpm to 33% rpm.

PREAA,

LOW FRED
EQUALIZER

FREQ. EQUH AL.

RECO CNN,

(c) 331/6 rpm to 78 rpm.
Fig. 13-109. Various methods used for transferring disc records of one characteristic

to another.
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be increased from 4 to 6 dB, surface
noise permitting.
A 331.1 -rpm recording being transferred to a similar type recording is
shown at (b). The regular equalization
used for reproducing such records is
used. The recording equalization is that
which is regularly used for such type
recordings.

A 3313 -rpm recording being transferred to a 78 -rpm disc is shown at (c).
Again, the regular reproducing equalizers are used; however, the equalization in the recording circuits is that re-

quired for normally recording 78 -rpm

specify the reproducing characteristic.
(See Question 13.93.) The characteristics

of this curve may be obtained by the
use of three networks having 3180,
318, and 75 microseconds each.
13.111 What is diameter equaliza-

tion?-The use of a variable equalizer
in the recording circuit to compensate
for the loss of high frequencies at the
smaller groove diameters caused by the
decreasing groove velocity. The equalizer consists of a bridged -T network of
constant insertion loss as described in
Question 6.15. The shaft of the equalizer
attenuator is mechanically connected to

records.

the cutting -head carriage on the re-

An important point to remember is
that the original recording is reproduced in a normal manner, except for

corder as shown at R in Fig. 13-2. The
loss of the attenuator is controlled by

a slight increase of high frequencies to
compensate for transfer losses. The recording circuits are normal for the type
recording being made.
13.110 What are the actual values
in decibels of equalization used for the
R1AA standard reproducing characteristic?-The actual values in decibels are

tabulated below and are values from
which the curve of Fig. 13-95 is plotted.

The recording characteristic is the inverse of this curve. The original standard specified the frequency response
of the recording system, but later it
was found to be more practical to
Hz
30
50
70
100

dB
-18.61
-16.96
-15.31
-13.11

700
1,000

-8.22
-5.53
-3.81
-1.23
0.00

2,000

+2.61

3,000

+4.76
+6.64
+8.23
+9.62
+10.85
+11.91
+12.88
+13.75
+14.55
+15.28
+15.95
+16.64
+17.17

200
300
400

4,000
5,000
6,000
7,000
8,000

9,000
10,000
11,000
12,000
13,000
14,000
15,000

'Reference frequency.

the position of the cutting -head carriage relative to the diameter of the recording surface. Thus, the correct
amount of equalization is inserted for a

particular diameter.
Generally, for 16 -inch transcriptions,
the equalization begins to take effect at
a diameter of 12 inches and continues

in steps of 0.5 dB for a total of 6 to 8
dB to a diameter of 5 inches. The resonant frequency of the equalizer depends
on

the bandwidth of

the recording.

Diameter equalization is not practical
at diameters less than 6.5 inches, as the
intermodulation and tracking problems
in the finished record increase quite

rapidly below 7 inches.

A typical diameter equalizer-attenuator, with its mounting bracket and
control pulley, is shown in Fig. 13-111A.

A spiral spring under the pulley returns the attenuator to its normal posi-

Fig. 13-111A. A diameter equalizerattenuator control manufactured by

Cinema

Engineering Co.

The

cord

is

attached to the cutting -head carriage.
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(b) Recording diameter versus the relative response at various frequencies.
Fig. 1 3 -1 1 18. Diameter equalizer characteristics.

Lion when the recording -head carriage
is returned to the outside diameters.
The network elements are mounted in
a nested shielded case separate from the
attenuator pot. Diameter equalization

cold -stylus recording it is essential. In
using diameter equalization, one important factor must be borne in mind. As
the high -frequency equalization is increased, so are the high -frequency distortion products. Therefore, the distor-

should not be confused with pre- and

tion in the amplifier system must be

post -equalization as they arc two separate networks. Typical frequency characteristics for diameter equalization ale
shown in Fig. 13-111B.
With the advent of hot -stylus recording techniques, diameter equalization is not always used. However, with

kept to a low value.
13.112 Where is a diameter equalizer connected In a recording channellA typical monophonic recording channel is shown m Fig. 13-112, with both
pre- and diameter equalization, and the

BRIDGING;

LINE AMP

AMP

11=

QS
16411 6851
TERMINAL

RECORDING

CUTTING

MAP

NERD

AM LOSS

lade
KASAI

+24 014.1

PRE- EOL
(FIXED)

VU METER / ,&op,

DIAMETER
COL
IVORIABLET

SAAB LOSS _
MIutAILAI

40-T5
MATS

100%/1001AAT.ON

Fig. 13-112. Block diagram for a disc -recording channel showing the placement of
pre- and diameter equalization with the losses and gain for an average recording
system. The levels shown ore in reference to 400 -Hz or a lower frequency, depending
on the design of the equalizers.
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approximate operating levels. The signal from the mixer console or tape ma-

13.115
What is the formula for calculating the playing time of a disc

chine is applied to a line amplifier

record?

which, in turn, drives a bridging bus.
From the bus, the signal goes through
a bridging amplifier to a pre -equalizer
having such characteristics that the
playback characteristic conforms to the
industry standard (Fig. 13-95).
From this equalizer, the signal passes
to the diameter equalizer, which is variable, and automatically operated from
a mechanical connection on the recording lathe. (See Question 13.111.) This is
followed by a power amplifier of 40- to
75 -watts output for driving the cutting
head. Although the circuit diagram in-

T

NS

-rpm

where,

T is the playing time in minutes,
S is the recorded width in inches,
N is the number of lines per inch,
rpm is the turntable speed in revolutions per minute.
13.116

What is a stroboscopic disc?

-A circular disc containing a number
of black and white bars, which is used
for checking the speed of turntables
and other rotating machines. (See Fig.

cutting

13-116.) The disc is placed on the turn-

head, the same circuitry is used with a

table and the bars observed under a
light source fed from the normal ac

dicates

a

negative -feedback

nonfeedback head.
The approximate gain and frequency

characteristic is shown above the vari-

ous components. In lining up such a

lighting circuits. When the speed of the
turntable is correct, the black bars will
appear to stand still. If the table is

channel for recording, either 400 Hz or
some other frequency may be used, depending Oct the frequency characteris-

tics of the equalizers. Because of the
characteristics of the equalizers, the exact same frequency must he used each
accomplished by applying, for example,
400 -Hz signal to the line amplifier and
setting the bus level to plus 8 dBm, and
making a test cut which should measure
100 -percent modulation of the cutting
head.

The components shown in the diagram are not of any given manufacture
or design but are only representative of
typical characteristics and placement in
the circuit. A complete magnetic tape
transfer channel to disc is discussed in
Question 17.228.
13.113
What power is recommended for the bridging amplifier shown

in Fig. 13-112?-It should be capable of

producing one watt or more of power
to prevent the distortion from becoming
excessive when the full equalization is
being used.
13.114 What output power is rec-

Fig. 13-116. A stroboscope disc used for
checking the rotational speed of a

turntable.

turning too fast, the bars speed up and
drift in the direction of rotation. When
running slow, the reverse takes place.
Stroboscopic

harmonic and intermodulation distortion should not exceed 1 percent at full
power output.

may

be

painted

115 -volt neon light mounted close by
for constant observation.
13.117 What is the formula for calculating the bars on a stroboscopic disc?
Bars

ommended for driving a cutting head? --

The minimum for satisfactory results is
40 watts; 75 is desirable, and 100 to 150
watts is not uncommon. The amplifier
output should have a dumping factor of
at least 20, and higher if possible. The

bars

around the rim of a turntable and a

FX2 X 60
rpm

where,

F is the frequency of the light used
to observe the bars,

rpm is the speed of the turntable in
revolutions per minute.

The number of bars required in

a

stroboscopic disc using GO -Hz lighting
current is:
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rpm

bars

16

450
216
159
92

331:3

45
78.26

the face of the disc. A typical vacuum
system is shown in Fig. 13-120.
13.121

How

is

a recording blank

held by vacuum to a recording turntable? --The vacuum system used for
removing the chip from the record

The design of stroboscopic discs for
use on projectors and cameras is discussed in Question 3.87.
13.118 What is a light pa ttttt ?A test record recorded to measure the
frequency response of a disc -recording
channel. Frequencies of constant am-

while recording is connected to a group

plitude are sent into the channel and

disc record.

recorded, using the normally employed
equalizers. The finished record is then

viewed under a light held parallel to
the surface of the record. The pattern
seen is the frequency response of the
recording channel including all components and the cutting -head characteristics. The subject is further discussed in Question 23.75.
13.119 What is a Christmas tree
pattern?-A light pattern similar to that
described in Question 13.118.
SLOT IED SCREW /AXES
KW ADJUSTMENT

of holes in the periphery of the turntable, thus holding the blank in place.
(See Question 13.2.)
13.122 What does the term "cut"
meant-To stop or cut off. It is also

used to designate a sound track in a
13.123

-A

What is a copper master?

thin sheet of copper which is electroplated onto the surface of an acetate
or soft wax master disc. When removed
from the master, it is a negative of the
original.
13.124

What is

a

nickel master?

-A nickel -plated copper master; also a
negative.
13.125

What is silver spraying? --It

is a method of metalizing the lacquer
master with silver, using a dual spray
nozzle, wherein ammoniated silver nitrate and a reducer arc combined in an
atomized spray to precipitate the metallic silver.
13.126 What it gold spluttering7A method of gold plating a master disc

record by the use of a water-cooled
vacuum chamber. A metal plug is inserted in the center hole of the record
and connected to a source of positive
dc high voltage. A gold button connected to the negative high voltage is
placed near the center of the record.
The high voltage causes the molecules
of the gold button to pass to the surface
of the disc, depositing a layer of gold
approximately one molecule in thickness on the disc. This method is used in
place of electroplating. This method is
now obsolete.
13.127
OW. RECEPTACLE
WITH AP -TIGHT
SEALS

13-120. A typical vacuum system
for removing the chip from a disc record
while recording. (Courtesy, Audio DeFig.

vices Inc.)

What is a stamper?-The

metal negative of the original master
used in a hydraulic press for stamping
the finished record. A typical record
press is shown in Fig. 13-127. Hydraulic

pressure combined with heat supplied
by live steam passing through the record press molds the plastic biscuit into
a

record. Cold

water is circulated

through the blocks in the press for a
13.120 What is a vacuum system
and its purpose?-A suction system used

for removing the chip from a disc record as the recording head moves across

few moments before releasing the pres-

sure and removing the record.
13.128 What is a matrix? -A
stamper. The image is negative.
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Fig. 13-1 2 7. Disc record press as used in the RCA Victor record pressing plant at
Camden, N.J.
13.129 What is a mother?- A
nickel -plated positive of the original

13.138

What is a filler?-A sub-

stance added to the basic material used

record used for making stampers.
13.130 What is a pressing?- A
commercial phonograph record. It may
be formed with or without heat.

in processed records to provide color

What is a metal master?-

A copper master. (Sec Question 13.123.)
13.132 What is a back plate?-A

facture of phonograph records. (See
Fig. 13-127.)
13.140 What is a wax record?-A

metal or wood backing to which a cop-

recording blank made of soft wax and

per or negative master is attached to

composed of soap, styric acid, and other
ingredients. It is used for recording the

13.131

facilitate handling.
13.133 What is a master recording?
-The original recording which may be
a disc, film, or a magnetic tape.
13.134 What is a platen?-A flat

circular plate used in the hydraulic
press to hold the stamper.
13.135 What is a reverse copy?A metal copy of the nickel master made
by means of electroplating. It is an exact duplicate of the original recording.

After mounting on a back plate it

is

called a master.
13.136 What is a shellac pressing?
-A commercial record made some

years ago, and so called because the
compound

which
provided a hard surface; now obsolete.
13.137

contained

shellac,

What is a bindor?-A sub-

stance used to bind the basic materials
in a processed record together.

and weight.
13.139

What

is

a

biscuitt- A

dough -like material used in the manu-

original master and is processed in a
manner similar to any other master.
Soft wax was the original method used
for making disc records; however, it is
now obsolete, having been replaced by
the acetate disc master.
13.141 What is vinylite?-A plastic
material used in the manufacture of
phonograph records because of its low
surface noise and its resistance to
breakage.
13.142 Describe the procedures for

processing disc records.-Two methods

may be used-the single-step and the
process-as illustrated in
Fig. 13-142. The single-step method is
used when less than 200 pressings are
to be made and consists of a lacquer
master, metal matrix, and a vinylite
three -step

pressing. The three -step method is used
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(a) Single-step process.

1.1.11111.1

LACOuEP MASTER trims)

METAL RIJEKA (MEG)

again be inspected with a magnifying
glass for breakthroughs in the walls of
the sound track. A playback record cut
at the same time the master was recorded is used for checking for quality
arid cues. Discs

to be processed are

never played back, as damage to the
sound track may result.
13.148 Describe a compatible recording.-In the reproduction of disc
records, if a stereophonic recording is
played on a reproducer employing a
lateral

or

monophonic

pickup,

the

METAL 'MOTHER' imOSI

sound track modulations will be damaged because of the nonvertical com-

STAMPER (REG]

pliance of the pickup motor mechanism.

It has long been the aim of recording
VIMtI PRESSING I POS)

(b) Three -step process.

engineers to produce a sound track that

would play equally well usiug either a
monophonic

or

stereophonic

pickup.

Fig.

Experiments seemed to indicate that it
was the low -frequency vertical signal
that caused most of the wear. If the

when more than 200 pressings ate required and the master must be reused

low -frequency

13-142. Record -processing procedures. {Courtesy, Audio Devices Inc.)

13.743

What

method

is

recom-

mended for storing disc records?-They
should be stored edgewise.
13.144

How

should

masters

be

packed for shipment?-They should be
packed as shown in Fig. 13-144.
soli

rigEAOED

As ENDS ONLY

CENTER SmConr
RE GOAD( D
SuRFACE S

signal

was

removed

from the vertical portion of the sound
track, the low frequencies would appear

in the lateral component which represents the sum of the two channels, because the vertical information repre-

the difference between the two channels. Recordings made in this manner
show considerably less wear when reproduced using a lateral pickup. However, further study indicates that stereo

information is carried by the low frequencies and leads to the degradation
of the quality of reproduction.
Experience indicates that at the
present time stereophonic recordings

ROT ',A Or SRPANAG r A

Fig. 13-144. The suggested method for
skipping masters. (Courtesy, Audio Devices Inc.)

What is an air check?-A
recording made from a radio broadcast
by means of a radio receiver.
13.145

13.146

How should recording blanks

be handled?-They should be handled
by the edges only. Never permit the
hands to come in contact with the recording surfaces as the oil from the
fingers causes noisy spots in the processed disc.
13.147 What precautions should be

token when recording a muster to

be

processed? -It should lie visually inspected for defects in the surface before
recording. After recording, it should

should not be played back using a monophonic pickup. However, monophonic
recording can be reproduced quite satisfactorily using a stereophonic pickup.
13.149 How may acetate discs be
cleaned?- With a weak solution of soap
in cool water.

13.150 How may the sound -track
groove depth be calculated?
For an included angle of 87 degrees:

Groove depth = 0.5269 x A - 0.4527 x R

For an included angle of 70 degrees
Groove depth = 0.7141 X A - 0.7434 x R
where,

A is the groove width,
R is the stylus tip radius.

The groove width is measured with a
calibrated microscope.
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How much does the RIAA

that a tuned voltmeter be used for such

high -frequency pre -equalization improve

measurements.
13.157 What is the standard for
balance between stereophonic channels?

13.151

the signal-to-noise ratio?-It will improve the signal-to-noise ratio by 8 dB.
resulting in an effective signal-to-noise

ratio of 58 dB under minimum conditions. (See Question 13.95.)
13.152 What is a negative -feed-

back cutting head?-This device is discussed in Section 14.
13.153 What is hot -stylus recording?-The use of a heated stylus during
the recording process. This method re-

duces the pressure on the recording
stylus and improves the bigh-frequency
response as well as the signal-to-noise
ratio. This subject is discussed in length
in Questions 15.60 to 15.71.
13.154 How does turntable rumble
effect low -frequency reproduction?Turntable rumble has a high energy
content and causes the cone of the
loudspeaker to operate in the nonlinear
portion of the speaker characteristic.
distorting the low frequencies. If the
rumble is great enough, the reproduc-

tion sounds as though the cone were
breaking up.
13.155

Show how o given waveform

is affected by a change in the groove
veloclty.--A given waveform recorded
at a diameter of 12 5 inches and at 5.5

--Playing back a record, with the output of each channel adjusted to within
0.25 dB at 1000 Hz, the frequency response of each channel shall agree with
the standard reproducing curve of Fig.
13-95, within plus -minus 1 dB between
100 Hz and 7500 Hz, and within plus minus 2 dB above and below these frequencies. Equal modulation for the two
sides may be obtained by using a monophonic lateral test record
13.158

What

is

the standard for

phasing a stereophonic recording channel?-For recording, the standard states
that equal in -phase signals applied to

the left and right channel inputs of a
stereo disc recorder shall result in lateral modulation of the stereo groove.
Conversely,

equal

antiphase

signals

produce vertical modulation. For repro-

ducing, the lateral modulation of the
groove will produce equal in -phase
voltages at the output of the pickup,
and, conversely, that vertical modulation will produce equal antiphase vol(See Question 13.202.)
/3.759 How does the di

tages.

'on vary

inches is shown in Fig. 13-155. It will be

for lateral recording?-It varies as the
square of the signal amplitude, as the

noted the waveform at

square of

5.5

inches is

the stylus

radius,

as

the

cramped into a space less than half
that at 12.5 inches. This complicates
tracking and increases the noise and

square of the frequency, and, inversely
as the groove velocity.

distortion.

for a vertical recording?-It varies di-

7 3.15 6
What is the minimum separation specified for stereophonic Fr pro.

rectly as the signal amplitude, directly
as the frequency, directly as the stylus
radius, and directly as the groove

duction?-The separation between recorded and unrecorded channels measured at the output of the reproducer
with its equalizer and preamplifier
must be at least 26 dB over the range of
100 to 7500 Hz, and the separation shall

not fall off at n greater rate than 6 dB
per octave. As the values specified may

be subject to noise and erratic measurement, it is suggested,

i2.5"

5

if possible,

13.160

How does the distortion vary

velocity.
13.161

Define groove angle.-It

is

the angle between the two side walls of
a groove, measured in a radial plane
perpendicular to the disc surface.
13.162 Show the schematic diagram
for a cutting -heed filter or preequalizer.
-A recording filter or equalizer for
recording, using the RIAA recording
(a) Waveform recorded at a high groove
velocity.

(b) Same waveform recorded at a low
groove velocity.

Fig. 1 3-1 5 5. The effect of groove velocity on recorded waveforms.
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300
Fig

1 3-1 6 2A. Recording pre -equaliser for adjusting the frequency response of a
cutting head.

characteristic, developed by H. E. Roys

patterns or by the use of a cutting -

of RCA is shown in Fig. 13-162A.
The circuit consists of an input pad,
and five adjustable circuits for smoothing out the frequency response of the
cutting head. An ideal cutting -head recording characteristic and a practical

head calibrator, discussed in Question

response

curve

are

shown

in

Fig.

13-162B, with the RIAA recording characteristic. The practical response is attained by the use of the recording filter
shown in Fig. 13-162A. The small peaks
and valleys in the final cutting -head

response are quite small and may be
considered to be fiat for all practical
purposes. The high -frequency tilt -up of
the RIAA characteristic is obtained by
the adjustment of the capacitors in par-

14.49. (See Question 23.75.)
19.163 How it the recording filter

of Fig. 13-162 connected in the recordcircuitT-The recording filter or
equalizer may be connected in the recording channel in several different
ways. The network is connected ahead
of the recording amplifier at part (a) in
Fig. 13-163A. At part (b) it is connected in tandem with a variable diameter equalizer.
ing

Three disc recorders driven from a
bridging bus are shown in Fig. 13-163B.
In this instance, the recording filters are
designed with a 10,000 -ohm bridging

input transformer connected across

a

allel with the upper portion of the filter

600 -ohm bus. Separate recording ampli-

network. The frequency response of the

fiers arc used for each recorder. In this
type arrangement a diameter equalizer
cannot be used.

cutting head is adjusted by means of
the adjustable circuits in the filter network for the smoothest frequency response by recording a series of light

tuumovtu
FRECrENCY

__

tat ILL COO/STMT AMP WIFE
CONSTANT vELOOT RESPONSE

PRALCIPCAL RtSPONSE WIER

coantcncri aria eat ccusuzia
R I A RE CORD.NC CHARACTFRSii.

Fig. 1 3-1 6 2B. The ideal cutting head
recording characteristic and a practical
response curve. Also shown is the RIAA
recording characteristic.

13.164

How is 100 -percent modula-

tion of a cutting head determined?-It
may be acheved by two methods: by
having a VU meter connected across
the head circuit or by recording an
unmodulated groove and measuring its

width, using a calibrated microscope.
The latter method is preferred, as it
takes into consideration the characteristics of the disc material, stylus heat
(if used), and any other factors assneiated with the actual displacement of the
cutting -head stylus. The gain control in
the recording amplifier should have
Yz-dB steps to permit accurate adjustment of the 100 -percent modulation.

The frequency used for lining -up the

676

x

GYP

THE AUDIO CYCLOPEDIA
RECORDING

AMP

CUT TING

PAr -COO
tRIAA1

WAD

(a) Normal channel.
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(b) With diameter equalizer.
Fig. 13-163A. Position of the recording pre-eguolirer in the recording channel.
channel before recording should be at a

sponse as for 331:4 -rpm microgroove re-

predetermined frequency, taking into

cording (Fig. 13-95). Because this type
recording uses a coarse pitch, the recording stylus uses an included angle of
87 degrees, with a tip radius of 1 5 mils.

consideration the equalizer characteristics. (Sec Question 13.112.)
13.165 Define translation loss (play-

bock).-It is the loss suffered in the reproduction of a pressing, whereby the
amplitude of the reproducer stylus differs from the recorded amplitudes on
the record.
13.166 What is the recommended
reproducing characteristic for 16 -inch

13.168 What is the recommended
reproducing characteristic for f ift?i-rpm
recording? - The frequency response
follows the same general characteristic
as for the microgroove. However, it may
require some correction to obtain a satisfactory finished product. Such records

groove recording (Fig. 13-95). As this
type recording uses coarse pitch, the

are recorded using microgroove techniques. Recordings such as these are
used for books for the blind and other
extremely long playing records. (See

recording stylus uses an included angle
of 88 degrees, plus -minus 5 degrees,

Question 1322.)
13.169 What does the abbreviation

with a tip radius of 1.5 mils.
13.167 What is the recommended

"RIAA" moon?-It is the initials of the

33 Va -rpm

recording?-The sill ne fre-

quency response as for 33111 -rpm micro-

reproducer characteristic for 78.26 -rpm
recording?-The same frequency re-

Record Industry Association of America. It is also used to designate the reproducing characteristic adopted by all

CUT TING
MEAD

CUT TING
HEAD

Cut INS
MEAD

Fig. 13-1638. Three disc recorders driven from a bridging bus. The pre -equalisers
have 10,000 -ohm bridging input impedance.
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the leading recording companies as a
standard for record reproduction. It has
also been adopted by many of the rec-

come greater as the smaller diameters
are approached because of the lower
groove velocities. Tracing distortion is

ord manufacturers of Europe. The standard was adopted in June, 1953, and
reaffirmed in March, 1964. This characteristic is discussed in Question 13.95,
and the actual values of equalization in

created because the playback stylus and

Question 13.110.
13.170 What is pinch effect?-See
Question 16.27.
13.171
Define tracking error-It is

ferent front that made by the recording
stylus. This difference of position causes

the cutting head stylus contact do not
occur at exactly the same point. In
tracing a groove. the playback stylus
contacts the groove wall at a point difdistortion in the reproduction. With the

advent of the biradial or elliptical reproducing stylus, the effect of tracing

the inability of the reproducing pickup
stylus to properly follow the recorded
groove, thus inducing distortion and

distortion has been considerably reduced. (See Questions 13.30 and 13.32.)
13.174 What is tangent error?-

noise with possible damage to the groove
modulations. Trackability is now the

When a Literally recorded disc record
is recorded, the cutting head is carried
across the face of the recording disc at
right angles to the direction of the disc
motion. However, when reproduced, the

generally accepted term, rather than
tracking error. (See Questions 13.172
to 13.174, and 16.42.)

/3.772 What are the most common
Causes of poor tracking in a reproducer?
-Seine of the most common causes are

pickup is never at right angles to the
direction of motion, except at one point,

pinch effect, groove too shallow or too
light, turntable not level, bent recording
blank, overmodulation of the sound
track, and side walls of the groove
broken through.
13.173 What is tracing distortion?

because the pickup arm is pivoted in

-Nonlinear distortion in reproduction
of a disc record Distortion is created

The constant change of angle by the
playback stylus causes a strain on the
sidewalls of the record groove, which
eventually tears out the high frequency
modulations, leading to increased noise

such a manner that it swings across the

face of the disc in an arc as shown in
Fig. 13-174. Point A is the only place
where the stylus point is at right angles

to the direction of motion.

because the curve traced by the play-

back stylus is not an exact replica of
the modulated groove. Tracing distortion is caused by the stylus tip which
is round and of finite radius. If the
wavelengths of the modulations are of
the same dimensions as the stylus tip,
difficulty will be experienced when
attempting
track.

to

reproduce

the

and distortion. (See Question 16.52.)
13.175 Define constant -velocity recording. - Constant -velocity recording
indicates a mechanical recording characteristic wherein, for a fixed amplitude

sine wave, the resulting recorded am Mande is inversely proportional to fre-

sound

The effects of tracing distortion be-

quency.
PM)! POUST

I

Or REPROCATC ER
ARM
h,

CUTTING NUR TRAVEL

Fig. 13-174. Tangent error in a reproducing aria. The error is zero at point A only.
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What is a sweep -frequency

tween channels shall he such as to re-

record?-A test record on which have

sult

been recorded a series of constant -am-

when the stereo -recording system is
driven with equal amplitude and in -

plitude frequencies. Koch frequency is
repeated 20 times per second starting at
50 Hz and continuing up to 10,000 Hz or
higher.

The record is played back and its
output observed by means of an oscilloscope connected at the output of the
playback unit. Marker frequencies ap-

in

lateral

groove

displacement

phase signals, and the groove displacement shall be vertical when the recording system is driven by equal amplitude
signals in antiphase or 180 degrees. (See
Figs. 13-180A and 11, and Question
13.104.)

pear at intervals to identify the fre-

13.187
What is the standard groove
shape for stereophonic pressings? --The

quencies. The use of these retards

groove shape shall have an included

is

discussed in Question 23.141.
13.177 What is the nomenclature
for recording and reproducer styli?-This
subject is discussed in Section 15.
13.176 What arc the included angles used with recording and reproducing
styli?- This information is giver. in Section 15.
13.179 What are the characteristics

angle of 90 degrees, plus -minus 2 degrees, with a top width of not less than

of a magnetic cutting head?-This sub:ect is discussed in Section 14.

mensions mentioned above apply to the

13.180 What are
the standard
groove characteristics for stereophonic
recordings?-The plane of modulation
in a 45/45 -degree stereophonic disc

groove shall have orthogonal modulation planes inclined at 45 degrees to a

0.001

the reproducing stylus have a tip radius
of 0.0005 to 0.0007 inch, with an included angle of 40 to 45 degrees.

It will be noted that the groove difinished product rather than to the recording stylus. In some instances, the
groove dimensions may depart slightly
from those of the recording stylus; however, these variations can generally be
controlled in the processing plant. In
the event that it is necessary to play

radial line on the surface of the disc
and at the intersection of the modulation planes and be normal to the radial

back

lines. The outer wall of the groove shall

able.

contain the right-hand channel information and the inner wall the left-hand
information. The phase relationship hr-

inch, and a bottom radius not

greater than 0.0002 inch. For these
groove dimensions it is recommended

both

monophonic

and

stereo-

phonic discs with the same reproducer,
the use of a 0.007 -inch stylus is desir13.182

What

is

the lines -per -inch

rate for starting spirals?-Eight grooves
;n r inch, 10.5:. er minus 2.

Fig. 13-180A. Photomicrograph of 45/45 grooves recorded with stereophonic program material.
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13.183 How many grooves ore recommended before the first modulation
occurs?-Not less than two nor more

than fosr complete revolutions.
13.184 What ore the smallest recommended diameters fo be recorded? --

For 16 -inch transcriptions at

331,lt

rpm using a reproducing stylus of
2.3 mils, 7.5 inches.
For 78.26 -rpm recordings, 33/4 inches.
For 45 -rpm recordings, 414 inches.

For 33l5 -rpm microgroove recordings, 434 inches.
What is the standard for
run-in grooves and the smollest groove
13.785

on the inside?-There shall be at least

-For lateral

recording, the finished
groove should have an included angle of
88 degrees, plus or minus 5 degrees, for
a top width of not less than 4 0 mils for

records to be reproduced with a stylus
having a tip radius of 2.3 r.:ils.
13.188 What is the °refuge dynamic range of a disc recording?-For

high quality recordings, the dynamic
range is:
Shellac pressings, lateral cut 32 to 40 dB
Microgroove vinylite
40 to 55 dB
Vertical cut
40 to 45 dB
Special systems, microgroove 45 to 60 d13
16 -inch coarse -pitch, lateral
cut
45 to 60 (113

one unmodulated groove at the recording pitch before the recording, and one

13.189 What is the recommended
groove width for verticol recordings?-

at the end of the recording. The last

For au included angle of 88 degrees,
plus or minus 5 degrees, the bottom

modulated groove shall not be less than
43/4

inches

in diameter for 33 -rpm

discs, and 41/4 inches for 45 -rpm discs.
13.186 What is the standard for
concentricity of the center hole?-it

radius should be 2.0 to 2.3 mils, with a
top width of not less than 4.0 mils.
13.190 What is grouping?-Uneven
spacing of the grooves. The grooves

shall be concentric with the recorded

should be so spaced that at no one point

groove spiral within 0.005 inch, with vs
diameter of 0.286 inch plus 0.001 inch,
minus 0.002 inch for 331,.. -rpm recording. For 45 -rpm discs, the hole is 1.504
Inches, plus -minus 0.002 inch. Warping
of the disc shall not exceed a total indi-

does the pitch deviate from the mean
by more than 5 percent for constant -

cator reading of the surface in excess

groove space recording.
73.191 What is flash? -1t is the
excess compound generated at the edge

of a pressing, during the compression
moulding of a disc record. The edge is

within any 45 -degree segment, with a total reading of the indicator not to exceed !f. inch.

later buffed smooth.
13.792 What is the procedure for

What is the recommended
groove width for coarse -pitch recording?

dard procedures for this tyre recording

of IAA inch,

13.187

Fig.

recording standard test records?-Stan-

have been set forth iu the National As

13.1808. Photomicrograph of single -channel 45/45 stereophonic record groove.
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testing of pickup characteristics include
frequency response measurements with

frequency announcements from 20 to
20,000 Hz, separation tests (crosstalk),
pickup -arm resonance, stylus wear.
wavelength loss, and compliance and
13-193. Modulation noise super-

Fig.

phasing. A standard reference level is
also included (7 cm per second). Other

frequency.

records for the measurement of harmonic and intcrmodulation distortion

sociation of Broadcasters (NAB) Stan-

ale also available.
Records designed for complete system testing generally include identification of left and right channels, stereo
balance, loudspeaker phasing, rumble
test, stylus wear, pickup -arm resonance,
flutter, RIAA frequency -response sec-

imposed on

a

fundamental

dard, "Disc Recording nd Reproduction," March, 1964.
13.193 What is modulation noise?

-Noise created by the signal. The sig-

is not included as a part of the

nal

noise A typical modulation noise pattern' is shown in Fig. 13-193. With the
use of hot -stylus techniques, modulation noise has ceased to be a problem.
13.194

What is a poid?-The curve

traced by the center of a sphere when it

rolls or slides over a surface having a
sinusoidal profile. It is the path traced
by the reproducer stylus of a vertical
pickup.
13.195

What is shaving a record?-

In the days when soft wax was used for
recording masters, the recording blank

tion, and a standard reference

level.

(Sec Question 13.192.)
13.200 What is side thrust?-The

radial component of force on a pickup
arm caused by stylus drag.
13.201 Show an RC equalizer circuit suitable for reproducing the R1AA
reproducing characteristic. - Two such
circuits are shown in Fig. 13-291. Solid-

state circuits are given in Section 12.
13.202 Show the relationship between the coils of a stereophonic cutting
head and those of a pickup.-Referring

rotated at a high speed and a thin
shaving was removed from the surface
to obtain a high polish.
/3./96 Howe does tracing distortion

to Fig. 13-202, the connections for the
cutting head coils are shown at part (a)

differ in a vertical recording?-When
sine wave is reproduced from a vertical
recording, the curve traced by the
stylus tip is a poid. (See Questions

design of the cutting head, the left- and
right-hand sides of the program mate -

was

and those of the pickup are shown at
part (b). Because of the mechanical

13.173 and 13.194.)
13.197 What is the transition frequency? -11 is the frequency where the

recording characteristic departs from
constant velocity to one of constant amplitude. It is also called the crossover or
turnover frequency. (See Question 14.8.)
13.198

Define

the

terns

"off -set

angle."-In lateral -disc reproduction,
the off -set angle is the smaller of the
two angles between the projections into
the plane of the disc of the vibration
axis of the pickup stylus and the line
connecting the vertical pivot (assuming
a horizontal disc) of the pickup arm,
with the stylus point. (Sec Questions
13.30,

13.32, and

13.199

(a) Triode.

16.60.)

Describe

a

typical pickup

and reproducing system test record.Several different test records are available for making individual tests on

Fig. 13-201. Equalizer circuits for RIAA

pickup and for testing complete re-

reproducing

producing systems.

Records for the

(b) Pentode
characteristic.
(Courtesy,
Radio Corporation of Americo 1
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ctrl

mint

VC

MC

speaker. This procedure

is necessary

because of the mechanical design of the
pickup.

The RDA standard for stereophonic
reproduction is that when two identical
signals are fed to the cutting head actuating the coils in -phase, only a lateral
sound track is recorded Conversely.
equal antiphase signals will produce
only vertical modulations. It is assumed
that the reproducing system after leaving the pickup is properly phased. (Sec
Question 13.158.)
13.203
What are the general char

acteristics of on embossed sound track?
L

GROOVE

(a) Record.
LE, T

LOWS.% AO.

want

man [11

-In an embossed sound track the material is not removed from the disc but
is pushed aside, creating tiny horns at
the upper edges of the sound track The
frequency response of an embossed

sound track is rather limited and generally falls between 70 and 5500 Hz. The

signal-to-noise ratio will vary with different types of recording materials.
The harmonic and intermodulation
distortion is affected by the material of
the record, the amplitude of the signal,
and an effect known as cusping in the
sound track. A fairly good average of
distortion is 6 to 10 percent at 400 H.
when recording and reproducing on the
same machine. Crystal or magnetic cutting heads may be used; however, the
crystal is preferred as it may be cou-

pled to the recording amplifier to pro-

(b) Reproduce.
13-202. Cross-sectionol view of
stereophonic record groove showing how
the program material is recorded and
reproduced. Because of the mechanical
design of the pickup, the right- and
left-hand sides of the grooves arc reproduced by the coils on the opposite sides
Fig.

of the record groove.

rial are reproduced by the coils on the
opposite sides of the record groove.
When the program material is recorded, as shown at part (a). the lefthand side is recorded on the left, or on
the inside wall of the groove. The righthand side of the program material is
recorded on the right, or outside of the
groove.
When the record is reproduced, the
right-hand pickup coil is connected to
the left-hand amplifier and loudspeaker.

duce

a

constant -amplitude recording

characteristic. The output stage should
have at least 12 dB of negative feedback. (Sec Question 13.32.)
13.204 What is the frequency characteristic for an embossing recorder am-

plifier?-lt is as shown in Fig. 13-204
It will be noted the upper midrange
frequencies have been pre -equalized to
obtain a greater signal-to-noise ratio

and to add presence to the reproduction. The amount of pre -equalization
will vary with the recording media.
stylus, and cutting head.
13.205

Can

embossed

records

be

played bock from the recorder using the

some head and stylus?- Yes. but with
a loss of signal-to-noise ratio. Using the
same stylus has the disadvantage that
the same included angle is used to reproduce as that used to record. This
permits the stylus to ride in the bottom

The left-hand pickup coil is connected

of the groove increasing the noise in
the reproduction. The signal-to-noise

to the right-hand amplifier and loud-

ratio for this type operation is about 20
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Fig. 13-204. Recording characteristic for embossing recorder.
dB.

Playing the same record back using

a greater tip radius will increase the
signal-to-noise ratio 10 dB.
13.206 What is the relationship of
a constant -groove velocity to recording
time?-The recording time is proportional to the area of the recording.
Since the area of a circle is proportional

to the square of its radius, it becomes
possible to record long periods of playing time using 300 lines per inch.
13.207

Show

a cross-sectional view

of an engraved and an embossed sound

13.208 What is the
go pressure developed in an embossing system

of recording?-About 20,000 pounds per

square inch. To reduce the friction, the
recording blank is impregnated with a
lubricant and the surface treated with
wax.
13.209 What type medium is recommended for embossed sound tracks?

-As a rule, cellulose acetate about 0.15
inch In thickness is used; however, in
some instances vinylite is used.
13.210

What is acoustic recording?

trock.-A cross-sectional view of an engraved sound track is shown at part
(a), and an embossed sound track is
shown at part (b) in Fig. 13-207. In the
engraved sound track the material is
removed from the disc as the recording

-The original method of recording by
causing the sound waves to actuate
diaphragm to which is attached a stylus. The stylus hears on the recording
medium and mechanically engraves a
sound track corresponding to the im-

progresses. In the embossed sound track
the material of the disc is displaced and
shoved upward, appearing as two small

pressed sound waves. This is the method
used before the advent of electrical
recording. Acoustic recording is also
called mechanical recording.
Because the output of most of the instruments used for recording is low and

ridges at the edges of the sound track.

a considerable amount of energy is required to obtain a satisfactory level on
the record, horns were attached to the
ENLARGED SECT ION

TIRO ENGRAVED
GROOVE

(a) Engraved sound track.

string instruments to reinforce their
acoustic output. A typical recording
session in the early 1920s is pictured in
Fig. 13-210.

The sound mixer consisted of a ball
of yarn in a tube attached to the large
horn at the left. The position of the ball
of yarn in the tube was varied to reguLEM An( 0 SECTION
THRU EMBOSSED
GROO ,E

(b) Embossed sound track.

Fig. 13-207. Enlarged sections of
grooves.

late the volume of sound fed to the
recording diaphragm and stylus.
13.21/ Describe the geometry of a
4S/4S-degree stereophonic record groove
cut with a 90 -degree included angle sty-

lus.-A cross-sectional view of a 45/45-
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Fig. 13-210. A recording session in the early twenties at the RCA Victor plant in
Camden, N.J.

degree record groove for four limiting
conditions is shown in Fig. 13-211. A
recording stylus with an included angle

diagram depicts the reverse condition
when the signal is fed to the right-hand
channel only. The plot at the lower left

of 90 degrees is used.

of the diagram shows the type of groove
recorded when two identical signals in
phase are fed to the two cutting -head

The plot at the upper left illustrates
the type of groove that will be recorded
when the signal is fed to the left-hand

driving coils. For this condition, a vertical recording results.
The plot at the lower right shows the
groove recorded when the two signals

channel only. The right-hand wall of
the groove will be a slant line varying
in depth. The right-hand edge will be
smooth and without modulation. The
left edge of the groove will be varied

are out of phase at the driving coils. For
such a condition, a lateral recording
will result. During an actual stereophonic recording session, all four of the

in accordance with the signal.

The plot at the upper right of the

FM
=OM .1.
11leggliM

OIAGONAL NECCROoNG

MONT CNANNCL

111/14.1111

W

DIAGONAL IIECONOING

DIAGONAL RECORDING

COIL MOVEMENT IN PHASE
(COUP". ENT I TO VERTICAL

'

lir, ii
MA/EMEN1 OU OF MOSE
I COUIVAIENT TO LTER AL I

Fig. 13.211. Cross section of 45/45 grooves for four limiting conditions.
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Fig. 13-212. Comparison of 45/45 stereophonic groove with standard lateral g r

described conditions are taking place
under very complex conditions of the

by the 45/45 -degree method is 225 lines

per inch, with a minimum groove width
of 1 mil and a maximum bottom radius

stylus motion.
/3.212 Compare
a
monophonic
groove to that of a 45/45 -degree stereophonic groove, showing the maximum

of 0.2 mil.
13.213 What are the limiting foe tors relative to the maximum modulation

excursion. - This

that con be applied to a 45/4S -degree

comparison is shown in Fig. 13-212 for
the conventional lateral recorded disc
and for the lateral motion in a stereophonically recorded disc. The maximum
excursion for either type of groove is:

groove? -Refer to the cross-sectional
view of a 45/45 -degree stereophonically
recorded groove in Fig. 13-213. The
specified minimum depth is shown at D,
and the maximum modulation for either

permissible

groove

cutting -head coil is indicated at A.
these conditions, the maximum horizontal excursion will be:

2D +2 A'
The maximum modulation for the
conventional lateral groove is:

2 D + 4 V -2A.

A = A'
In the 45/45 groove, the maximum
modulation for either channel is:

The maximum depth of the groove is:
D 4- 2 V 2 A
13.214

A'

What is the average har

conventional lateral recording.

monic and intermodulation distortion for
stereophonic recording and reproducing
systems? -It has become the policy of
most manufacturers not to quote figures
for harmonic or intermodulation distortion, as the value of distortion depends

The maximum amount of lines recommended for stereophonic recording

on many factors However. intermodulotion distortion at 3.5 -em velocity for

V2

Thus, each channel for a stereophon-

ically recorder disc will have a 3 -dB
lower output level with respect to a

T

zo+ ,ryRA A SIT A -41

04-2

/
0.

SPECIFIED MiNsAILAL GROOVE DEPTH

A

RONA *TIM

41.41.1TUDE

Fig. 13-213. Cross section of 45/45 groove for maximum groove excursion.
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each channel will not be more than 3.5
to 4 percent for a diameter of II inches.
As the diameter is decreased. the distortion will rise to about 5 to 6 pvrcent.
This is based on the use of 60 and 6000
Hz in a ratio of 4:1. For monophonic recording, using 7 -cm velocity and .ttio
Hz, the distortion generall \ does not
exceed 2.5 percent al a diameter of 6

taken into consideration. such as thi

inches.

iiiid wow of 50 percent. as compared to

It should be taken into consideration
that these measurements include the
distortion contributed by the test oscillator, recording amplifiers. cutting head
and cutting -head stylus angle. and the

a speed of 15 ips

disc record. On the reproducing rte,
measurements include the distortion of
the disc record. pickup, preamplifiers,
and any distortion induced by equaliza-

tion in either the recording or reproduction circuitry. Considering the many
factors involved in disc recording and
reproduction, this is not a high figure
of distortion. No doubt the greatest distortion factor is the angle of the stylus
to the surface of the disc. (Sec Question 13.30.)
13.215 Describe

the

RCA

dyne -

groove stereophonic disc record.-The
dynagroove system developed by RCA Victor is a combination of many factors.
It is a correlation between the art'st

and engineer to achieve a record that
will more nearly approach concert -hall
reproduction in the average home by
the use of several devices in the recording system. It has been found by exten-

sive measurements that 90 percent of
the consumers listen to record reproduction in their homes at a peak level
of 70 to 90 dB, with the average about
80 dB. The peak level of a full symphony orchestra is about 100 dB. Thus,
it may be seen that the peak level in
the home is considerably lower than the
concert hall. The principal reason for
this lower level is that the tolerable
peak level in a small room is lower than
that of a concert hall, due to the shorter
path of travel and the faster growth in
the smaller enclosure; hence, a lower
peak level of listening. Six factors enter
into the realistic reproduction of sound
in

the home; the peak sound level,

loudness versus the loudness level, frequency response of the human ear, and
the reverberation characteristics of the
enclosure.

When recording the original master
tape in the studio, several factors are

studio acoustics, microphone placement
directivity. freciiii.ncy rtsponse

and

distortion of the amplifier sYstem, and

the record spied and siennl-to-noise
ratio. It has been found that operating
the recorder at 30 inches per second.
die random signal-to-noise ratio is hivreased 3 tIR, %%Ai a Nelitelion in flinty.

After the original magnetic tape

is

recorded, it is transferred to a submaster tape using a Dynamic Spectrum

Equalizer to correct for differences in
the listening conditions and to that of
an average dwelling. The design of this
equalizer is such that its frequency re-

altered continuously as the
program is recorded, and is a function
sponse is

of the program amplitude and difference's in the types of musical combinations and selections. Typical frequency response curves for this equalizer are
shown in Fig. 13-215.

When the level is low, the low frequencies are accentuated. At medium
levels, only a slight amount of accentuation is used in the low frequencies and
in the presence range (2000 to 6000 Hz),

with a reduction in the response in the
region between 400 and 1000 Hz. At
high sound levels, the presence region
is accentuated and the range below 1000

Hz is reduced. The whole object is to
increase or decrease the sound level in
the appropriate frequency bands so the
program material may be appreciated
under the existing ambient noise level
and acoustic environment. Properly
handled, the dynamic range is not disturbed and reproduction in ii small
room enhanced.

In the recording of both the master
tape and the submaster, they are care --

fully monitored using peak -indicating
volume -indicator meters After the
submaster tape has been recorded, it is
transferred to a master disc, using devices termed, "Dynamic Styli Correia tors," in the left and right channels.
This device corrects for the discrepancies between the angle of the recorder
and reproducer stylus used by the consumer and reduces the tracking distortion at the smaller diameters by a factor
of 6:1.
In addition to the factors mentioned,
certain changes have been made in the
record -processing procedure to improve
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Fig. 13-215. Frequency -response characteristic for Dynamic Spectrum Equalizer for
various program sound levels.

the groove produced by the stamper
and an ingredient introduced into the
vinylite to reduce the attraction of dust,
thus increasing the signal-to-noise ratio
of the disc to 65 dR. Details of this system are given in the literature
73.216 Describe a monophonic and
stereophonic magnetic tape or film to
disc transfer channel.-Pictured in Fig.
13-2I6A is a Westrex magnetic tape- or
film -transfer channel for monophonic
or stereophonic disc mastering. The
channel shown is complete except for
the monitor speakers, disc recording
lathe, magnetic tape or film reproducer,
playback tnrntable, and pickup.
Two cabinet -type racks house two
RA -670 amplifiers, two RA -1574D 75 watt recording amplifiers, gain controls,
two 40 -watt monitor amplifiers, VU

program equalizers, variable
high- and low-pass filters, patch panel,
power supplies for the recording amplifiers, and preamplifiers for playback
meters,

purposes.

Referring to the block diagram Fig.
13-216R, at the upper left the input sig-

nals from the left and right channels
are applied to the input of two RA -670
limiter amplifiers. These amplifiers have
extremely fast attack time (50 -microseconds) and a variable release time.
Leaving the limiter, the signals pass
through high- and low-pass filters, then
to the variable program equalizers. At

the output of the eqnalizers is a gain
control for balancing the gain of each
channel and a two -gang attenuator for

adjusting the gain of the two sides
simultaneously.

DISC RECORDING

687

The signals are now applied to a

Question 17.162.) The signal from V2B

the

drives V3B, then phase -inverter V3A

monitoring may be taken from one of
several different points in the systemthe left or right cutting -head circuits.

V4B, V5, and V6. The output trans-

monitor

switching panel

where

the recording channel immediately preceding the recording amplifier, the tape
reproiucer, or the phono jack. Two line
amplifiers feed through a record on -off
panel and then to two RA -1574D power
amplifiers, which drive a Westrex 3-D
cutting head on the recording lathe.

At the lower portion of the diagram
are shown the 40 -watt monitor amplifiers, preceded by a two -gang gain con-

trol and two repeat coils. At the lower
left is a stereo preamplifier for playback purposes, and pickup.

which in turn drives power stages V4A,

former T2 secondary is designed for a
load of 5 to 10 ohms.
A negative -feedback circuit

is

re-

turned from the feedback coil in the
cutting head to potentiometer P1 in the

control grid of tube V78 at the lower
left. The feedback signal is amplified by
tubes V7B, V7A. and V1B. The output
signal from V1B injects feedback volt-

age into the cathode of V3B and provides a high-level signal to pin A of the
monitor -amplifier equalizer C-98461 at

the lower center of the diagram. The
signal at the output of the equalizer
drives tubes V8B and V8A feeding output transformer T3, which provides a
600 -ohm output at a level of plus 4

dBm, for feeding the monitor power
amplifier and speaker. The plus 4 dBm
develops for a peak velocity of 3.54 cm/
sec recording level at the cutting head
stylus tip. Tubes V9 and V10 are em-

ployed for voltage regulation for the
screens of V5 and V6.

The circuitry for the equalizers is
in Figs. 13-216G and H. The

given

Westrex 3-D cutting head is discussed
in detail in Question 14.2.
Two power supplies are required, one
for each amplifier. The power supply is
unregulated, regulation being supplied
by the circuitry in the RA -1574D amplifiers. Referring to the schematic diagram in Fig. 13-216D, the power trans-

former T1 has three primary taps for
line voltages of 105 to 120 volts. Full wave high voltage is obtained through
rectifiers CR4 and CR5, consisting of
two units in parallel, feeding a choke
13-216A.

Corp.

Model

2300 StereoDise magnetic tope
record transfer channel.

to disc

Fig.

Westree

input filter Ll. Negative -bias voltage is
generated by rectifier CR1 and is adjusted by control P1. The normal voltage is around 38 volts. The de heater
voltage is obtained from rectifiers CR2A

and CR2B operating as voltage douReferring to the schematic diagram

blers. The output voltage is adjusted by

in Fig. 13-216C, the RA -1574D Stereo -

control RI. Pilot -light voltage is supplied from the same winding. Trans-

Disc recording amplifier, the incoming
signal is fed to a 600 -ohm impedance

input transformer TI which drives a
cathode follower VIA that functions as

former T2 provides isolation and heater
voltage for regulator tube V9. A delay
of 50 seconds in applying the 600 volts

constant -voltage generator for the
plug-in equalizer. The output from this
unit is amplified by V2A and B and

dc to the amplifier is obtained by the
use of a delay unit VS3. Interconnec-

low -frequency boost for the
RIAA recording characteristic. (See

and power supply are shown at the

a

has

a

tions between the RA -1574D amplifier

lower left of the diagram.
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Fig. 13-216B. Block diagram of the Westrcs Carp. Model 2300 StereoDisc magnetic
tape to disc record transfer channel.

Since the monitoring signal is taken
from the negative -feedback circuits in
the cutting head, a network (C-98461)
is required having an inverse frequency
characteristic to the RIAA characteris-

(Fig. 13-216H). This creates the
listening response. Equalizer
C-98451 is connected between tubes
VIA and V2A to supplant the negative tie

proper

feedback loop characteristics and pro-

DISC RECORDING

.*--11 -11

7t1

tai

rd

Fig. 1 3-2 1 6C. Schematic diagram for Westrex Model RA -1 5 7 4D stereophonic re -

cording amplifier.

vide an RIAA recording characteristic
from 30 to 1000 Hz, and then constant velocity from 1000 to 15,000 Hz (Fig.
13-216G). The insertion loss for this
network is approximately 18 dB.
The statistics for the RA -1574D amplifiers are: Input impedance 600 -ohms.

13.217 Describe the difference between a lateral -vertical and 45/45 -degree stereophonic recording system.The basic principles of 45/45 -degree recording heads have been discussed in
Questions 13.211 to 13.213 and will not

be repeated here. Both of the above

Cutting head output 10 ohms for driving coils, and 11 ohms for negative feedback cods. Sensitivity 14 dBm for
3.54 cm/sec peak recording velocity at
1000 Hz for both channels. Adjnstable
feedback up to 29 dB. Power output 75
watts continuous for 1 percent THD.
Output noise 3 millivolts across 10
ohms. Monitor output level for a peak

methods of
recording stereophonic
sound cut identical grooves. In the

velocity of 3.54 cm/sec is plus 4 dBm.

the left and right channel information

45145 -degree system, the driving coils
of the cutting head exert their forces at
an angle of 45 degrees with respect to

the recording disc surface. In the lateral -vertical method, a Irtotrising network composed of two transformers
employing double secondaries convert
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into vim of vectors for each channel

left and right sides. Separation in the
45/45 -degree system is fixed and depends on the mechanical construction
of the cutting head. In the lateral -vertical system, this parameter is a function

lateral and vertical. The resulting signal
then becomes identical with the 45/45 degree system of recording.

The principal difference, in the two
systems is the initial alignment of the

of balance of gain between the two
Ss
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13-216D. Westrea Corp. RA -1567 power -supply unit for RA -1574D power
amplifier.
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Fig. 13-216E. Schematic diagram for Westres Corp. C-98451 equalizer (RIAA) for
use with the RA -1574D StereoDisc Recording Amplifier.
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Fig. 13-216F Schematic diagram for Witstraz Corp. C-98461 equalizer (Monitor)
for use with RA -1574D StereoDisc Recording Amplifier.
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Fig. 13.216G. Typical frequency -response characteristic of Westrez Corp. C-98451
equalizer.
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Fig. 1 3-2 I 6H. Typical f equency-response characteristic of Westres Corp. C-9 8 4 6

equaliser.

sides of the system. Because the gain is

fixed by the matrixing network, an absolute balance is not possible.
Since a lateral -vertical recording de-

pends on two vector forces produced
simultaneously by the lateral and vertical sides, varying the gain of one
channel results in a changing of the
resulting driving forces, thus reducing
cross -talk ratio between the two sides.
Also, if the two sides are riot of identical frequency response, the effect is that
of a change in gain in one side. Because
of the above disadvantages, the 45/45-

degree method of recording has been
adopted by most recording organizations.

Recording heads manufactured by
Holtzer, Westrex, Neumann, and Ortofon are the 45'45 -degree variety, while
those of Fairchild employ the lateral vertical design.
The lateral -vertical system is aligned
initially by adjusting the amplifier gain
of each side at 1000 Hz for maximum
channel separation, then again adjusted
for a uniform frequency response and
separation simultaneously.

REFERENCES
"The Theory of Tracing DistorPeriodicals
13.4
Dickson, Antonia and W.K.L.

"Edison's Invention of the Kineto-Phonograph," Audio, Feb.
1966.

13.53

13.80

Jackson, John E "An Improved
Disc for Master Recording,"
Journal of the AES, April 1965.
Woodward, J G., and E. C. Fox,
"A Study of Program -Level
Overloading in Phonograph Re-

tion in Sound Reproduction
from Phonograph
Records,"
Journal of the ASA, Jan. 1941.

13.217 Olson, Dr. Harry F. "The RCA
Victor Dynagroove System,"
Journal of the AES, April 1964.

-. "Stereophonic
Reproduction

Jan. 1963.
Shiga, Takeo.
"Deformation
Distortion in Disc Records,"

Journal of the AES, July 1966.
13.149 Wilson, Percy. "Record Contamination: Causes and Cure,"
Journal of the AES, April 1965.
13.171 Cooper, Duane H. "On the
13.173 Interaction Between Tracing
and
Bandwidth Limitation,"
Journal of the AES, Jan. 1969.

Lewis, W. D. and V. F. Hunt.

the

Sound
Home,"

Journal of the AES, April 1958.
Hoth, D. F. "Room Noise Spectra at the Subscribers Telephone Locations," Journal of
the ASA, Vol. 12 p 499, 1941.
Lochner, J. P. A., and J. F.
Burger. "Pure Loudness Relations," Journal of the ASA, Vol.

cording," Journal of the AES,
1 3.8 8

in

34 p 576, 1962.
Books

Fraync, John C., and Halley
Wolfe, Elements of Sound Recording. New York: John Wiley
Sons, Inc., 1949.

Section 14

Cutting Heads
Because angles, mechanical mounting and alignment, and electronics are critical,

an understanding of physics, mechanics, and electronics is useful in the understanding of disc cutting heads (recording heads).
This section discusses both monophonic- and stereophonic -type recording heads,

and their associated equipment and recording techniques. Crystal, ceramic, and
various types of magnetic cutting heads are discussed, as well as cutting head calibration. Hot- and cold -stylus recording techniques are also discussed.
of both for stereophonic recording. The

What is on electromechanical
14.1
transducer? -A device which transforms

Describe the basic principles of

essential parts for a lateral -type head
are shown in Fig. 14-2A. A permanent
magnetic field is supplied by a magnet,
indicated by north and south poles N
and S. A soft -iron armature A is supported and centered in the magnetic

a cutting head and the details of construction.-Recording or cutting heads,

field on a knife-edge hearing B and
connected to a damping spring at the

as they arc commonly called, are electromechanical transducer devices that
translate electrical waveforms into me-

rear (not shown). Two coils C surround

electrical energy into mechanical energy, or vice versa. A recording or cutting head is a typical example of this
principle.
74.2

chanical motion and are used to engrave a sound track on a plastic or

the ends of the armature and carry the
audio -frequency currents to be recorded. These currents induce a magnetic field in the armature that is con-

nitrocellulose disc record. Cutting heads
may be designed to record in the lateral

tinuously changing polarity. This causes
the armature to he attracted or repelled

or vertical direction or a combination

by the permanent magnet in accord -

1NRJ T

LEADS

®O
O
4)

ES 5010
9

14-28. Neumann monophonic cutting head Model ES -59-020. The stylus
heating coil for hot -stylus recording is
shown wrapped around the recording
stylus. (Courtesy, Gotham Audio Corp.)

14-2A. Mechanical and magnetic
structure of a magnetic cutting or re-

Fig.

Fig.

cording head.
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Fig. 14-2C. Exterior view of Neuman
Model 5X-45 stereophonic cutting head.
;Courtesy, Gotham Audio Corp.)

Fig. 14-2D. Cutaway view of Neumann
Model SX-45 stereophonic cutting head
showing the interior construction. (Courtesy, Gotham Audio Corp.)

ance with the strength of the induced

resonant frequency of 55,000 Hz. thus
permitting a large value of negative

current; thus, the stylus D
mounted in chuck E enscribes the elecaudio

trical waveform applied to the coils C
in a disc record. Although cutting heads

can be obtained similar to the basic
construction, present-day commercial
recording heads generally make use of
negative -feedback
coils within the

feedback

to

be

used.

Its

frequency

characteristic is linear over a range of
30 to 24,000 Hz, without equalization.
The armature is made in the shape of a
hollow cone, the apex forming the stylus holder. Near the tip of the cone are
two feedback coils, with the driving coil

heads, as such design reduces distortion, increases the signal-to-noise ratio,
and has a more uniform frequency re-

mounted at the opposite end or open

sponse.

lus motion The audio signal, negative
feedback, and the stylus heating -coil
connections are brought to the back of

A commercial cutting head, manufactured by Neumann of West Germany
is shown in Fig. 14-2B. This head is de-

signed for monophonic lateral groove
recording and employs a negative -feedback moving -coil structure, having a

end of the armature. The feedback voltage is a true representation of the sty-

the head on a 10 -pin subminiature connector. A sapphire recording stylus
mounted in an aluminum shaft is in-

serted by means of a stylus wrench in

14-2F. Holler Audio Engineering
Model 5C-1 stereophonic cutting

Fig.

14-2E. Inverted interior view of
balanced -armature, moving -vane mag-

Fig.
Co.

netic cutting head, using negative feedback, for monophonic recording.

head. It is of moving -iron feedback design requiring no linkage or suspensions.
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MAGNET

ENO ROL/ PIECE
CENTER POLE PIECE
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COAT COnl
COPPER NNG
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.

STYLUS ---- COIL SUPPORT1
SPRINGS

Fig.

NOT STYLUS I
WIRE

' STYLUS SUPPORT
MEURER

14-2G. Simplified cross-sectional view of Westrex Corp. stereophonic cutting
head.

the stylus
wires are

chuck. The stylus heater

of
spring -loaded binding posts. A special
connected

by

means

amplifier having a continuous output
power of 75 watts is required. The impedance of the feedback coils is 150
anti of the drive coils, 6 ohms.
In Fig. 14-2C is an exterior view of a
stereophonic recording head, showing
connections to the stylus heating coil.
The interior construction is shown in
Fig. 14-2D. The moving -coil structure
A is somewhat similar to its monophonic counterpart in Fig. 14-2B, using
an aluminum oxide armature, on which
are wound two drive coils B for the left
and right channels. The feedback coils
are mounted at right angles to drive coils directly at the stylus shank C. This
type of construction permits both drive
and feedback coils to be wound on a
common armature and has the advantage of assuring that the feedback volt-

to result in a direct 45!45 -degree
motion sum and difference formation or
niatrixing. The diaphragm structure
suspension has the property of infinite
stiffness in the lateral plane and complete elasticity to vertical and rotational
movements. The stylus and heating coil
as

are shown at D, and the permanent
magnet structure is at E. Two special
power amplifiers are required for operation. The frequency range is 30 to
16,000 Hz. Channel separation at 100 Hz
is greater than 20 dB, at 1000 Hz, 30 dB,
and at 10,000 Hz, 20 dB. Motional feed-

back is approximately 47 dB. Maximum
current capability is 500 milliamperes.
A moving -vane balanced armature
stereophonic -type cutting head is one
of the simplest in construction, as it

is an actual reproduction of the

employs no springs or balancing mechanism. An interior view of its constructional features appears in Fig. 14-2E.
The ends of the armature A, both in the
assembly and below, are clamped be-

cutting stylus excursions. The driving coils arc so wound (onto the armature)

tween two U-shaped steel yokes B,
within which lie two magnets C and

age

V SPRIG

STYLUS

STYLUS'

TUBULAR STT_LfS SUPPORT

TENSION n RE

Fig. 14-2H. Stylus support member for Westreii Corp. Model 3D stereophonic recording head.
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laminated pole pieces D, with brass
clamping blocks E. The metal at the
bottom of the slots is shaped to form
torsion bars which support the active
center position of the armature on the

silicon damping fluid in the air gaps
between armature A and pole pieces D

Silicone oil has the property of maintaining a constant viscosity over a wide
temperature range.

gap between the pole pieces. To prevent
nonaxial deflections, these torsion bars
arc made as short as possible, consistent
with reasonable stress at maximum ex-

A stereophonic cutting head developed by R. T. Speiden and manufac-

cursion Through the center of one torsion bar passes the long shank of the

has similar constructional features. The
impedance is 16 ohms, with a constant velocity frequency response plus -minus
15 dB from 1000 Hz to 15.000 Hz. It is
recommended that 10 dB of negative
feedback be introduced at 1000 Hz. For

cutting stylus clamping screw F; the
thread is carried in an external block G.

The shank has high torsional compliance so that the presence of the clamping screw does not add appreciably to
the mechanical impedance of the armature.
The coil H lies in slots in the faces of
the pole pieces, within the math winding is a second coil connected to the

cathode of the second stage of the driv-

ing amplifier to provide the negative feedback voltage. The mechanical resonance of the armature, which is around
10,000 Hz, is damped out by the use of

Fig. 14-21

tured by Holzer Audio Engineering Co.,

(HAECO) is shown in Fig. 14-2F and

a flat frequency response down to

30

Hz, the feedback is increased to 16 dB.
The sensitivity is such that 1 watt of

power (plus 30 dBm) will produce a
7 -centimeter cut from 1000 to 15,000 Hz.
Adding the RIAA pre -equalization

characteristic of 13.75 dB at 10,000 Hz
requires approximately 20 watts for full
modulation. The design is such that at

no time does the feedback voltage of
the cutter drop to less than 90 degrees,

Underside new of Wesfres Corp. StereoDirc recording head.
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Fig. 14-2.1. Westrea StereoDisc cutting head mounted on recording lathe.

or increase to more than 270 degrees

and

from the signal input to the driver

shields or slugs can be seen

system.

shaded areas near the coils. The springs

A simplified constructional diagram
of the Westrex Corp. Model 3C and 3D

supporting the coils are made of beryllium copper and are V-shaped to main-

StereoDisc recording heads (Westrex
refers to cutting heads as recording

tain the alignment of the coils.
The coil assemblies are attached to
the stylus holder through links which
are stiff longitudinally, but flexible laterally. These links are braced in the

heads) is given In Fig. 14-2G. The following discussion holds true, generally.
for both the 3C and 3D heads, except
for certain modifications mentioned in

negative -feedback

coils.

These
in the

center to prevent excessive lateral com-

the discussion. The cutting -head assem-

pliance. This structure results in a stiff

bly contains two magnesium coil form

forward driving system with

assemblies, each associated with a given

compliance in the lateral direction.
The supporting member for the
Model 3C stylus consists of a tubular
cantilever spring (Fig. 14-2C), with the
support used in the Model 3D shown in
Fig. 14-2H. This type of support was
selected because the compliance of a

recording channel. Each coil assembly
contains a driving coil and a negative feedback coil located in separate pole
pieces with annular gaps. The pole
pieces are attached to a single Alnico V
dc magnet. The magnetic gaps of the
driving and feedback coils are arranged
in a series -parallel fashion to insure
equal flux densities in the correspond-

a

high

cantilever spring will be the same for
all directions of motion. This compliance permits the stylus to present a

ing gaps.

uniform impedance to complex motions

Copper slugs or shields are used to
reduce cross talk between the driving

This uniform impedance is particularly

in any direction in the vertical plane.
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true for those frequencies in the recording spectrum where the negative feedback voltage exercises little control

over the stylus motion. The use of a
cantilever spring also reduces the tend-

ency of cross talk between the two
channels because of the rotational compliance of the stylus. The damping ma-

terial at the front of the stylus support
has little or no effect on the recording
at frequencies below 10,000 flz and little
effect above 10,000 Hz. Its purpose is to
smooth out the peaks and valleys in the
monitor output.

The system damping is not affected
temperature because damping is
supplied by the negative -feedback coil
by

the stylus shank and held in place by
the natural spring tension of the wire.
The heating current for the coil can
he taken from a 6.3 -volt transformer
with a resistance in series with the coil
or from a Variac in the primary winding.

Fig. 14-21 is an underside view of the
3B head, with its principal components
called out. They arc: (A) advance ball,
(B) advance ball lateral adjustment,
(C) stylus tip, (D) heater coil, (E) chip
suction pipe, (F) stylus linkage, (G)
coil assembly, (H) groove depth, (I)
stylus support, (J) damping member,
(K) driving and negative -feedback coil
leads.

the driving amplifier system. The

In Fig. 14-2J is pictured a Westrex

driving coil impedance is 10 ohms, and

Model 3A recording head mounted on a
recording lathe. This method of mount-

in

the negative -feedback coil impedance is

The stylus for the 3D head is somewhat different from that of the 3C head,
in that it can be replaced without re-

ing the head assembly is quite similar
for all Westrex heads. Vertical adjustment screw A and lateral screw B are
for adjusting the angle of the recording

moving the head assembly from the

stylus. Because of the wide difference of

recording lathe. The stylus diameter is
1.5 times that of the 3C stylus and has
a
flattened face 5 -mils deep and a

opinion relative to the recording angle,
Westrex recommends a cutting angle of
2.3 degrees, established with the Model
3C recording head. Distortion versus
the effective vertical -cutting angle is an
extremely complex problem involving
such factors as frequency, peak stylus
velocity, groove spacing, groove diameter, depth of cut, and the properties of

11 ohms.

ground flat of 39 mils, ground the full
length of the stylus shank. These details are discussed in Question 15.73.
The stylus heating coil for both the 3C
and 3D heads consists of 71/2 turns of
0.005 -inch resistance wire having a
resistance of 32 ohms to the foot. The
coil is wound on a mandrel 0 038 inches
in diameter or on the shank of a No. 62
drill. The completed coil is slipped over

the

recording blank.

(See

Question

13.30.)

The negative -feedback circuit in
both the 3C and 3D heads displays a

0

pArpl/SEC
a

a
3C

20
25

30
35

40
45
20

40

r00

NO

4100

mit

2514

4 4:

Oils

204m:

FRE o,-.:CY Po HERTZ

Fig. 14-2K. Resonant -frequency characteristic, without feedback, of West," Corp.
Model 3C and 3D negotive-feedbock recording heads.
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14-2L. Frequency characteristics, with feedback, of Westres Corp. Model 3C
and 3D negative -feedback recording heads.

resonant peak around 1300 Hz (Fig.
14-2K). Applying 27 dB negative feedback to the 3C head or 28 dB to the 3D

given in Fig. 14-2L. After connecting
the head to a special amplifier (RA -

This is a true constant -velocity characteristic. However, this characteristic is
not suitable for commercial recording,
as frequencies below 250 Hz would be
overrnodulated or overcut and the high
frequencies would be too low in ampli-

1574D described in Question

17.228)

tude. To prevent overcutting at the

with its equalizers, the frequency re-

low frequencies. cutting heads are designed to record a modified, constant amplitude constant -velocity characteristic as shown in Fig. 14 -GA
14.4 What does the term "constant

head, the frequency response appears as

sponse at both the low and high ends is
flattened out to within plus -minus 1 da,
50 to 12,000 Hz, and plus -minus 2 dB,
12,000 to 15,000 Hz. RIAA equalization
is provided from 30 to 1000 Hz. The 3D
head has an overall increase in sensitivity of about 25 percent, as compared

rtdocity" meant-lt means that the stylus will travel the same distance in a
given time, regardless of the frequency.

to that of model 3C.

To better illustrate the term, refer to

14.3 What are the normal frequency characteristics of a magnetic

Fig. 14-3 and assume the amplitude at
1000 Hz is one inch. At 2000 Hz the frequency has been doubled but the am-

cutting head!-Constant velocity as
shown in Fig. 14-3. It will be noted that,
usiug 500 Hz as a reference frequency,
each time the frequency is doubled the
amplitude is halved. If the frequency
is

halved, the amplitude

is

plitude is half that at 1000 Hz; therefore, the distance traveled by the stylus
in one second is still one inch. At 100

Hz, the amplitude is 10 times that at
1000 Hz; however, the frequency is Vie

doubled.

-CONSTANT - VE LOCI' v

50

Fig.

100

200

500

1000

2000

5000

101t12

14-3. Frequency characteristic of a magnetic cutting head operating as
constant -velocity device.
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700
that at 1000 Hz. Therefore, the same

that a frequency, called the turnover

distance is traveled by the stylus. The
same reasoning holds true for any frequency within the operating range of

frequency, separates the characteristic

the head.
CONSIOR Aodru uOL

-

into two parts The portion to the left
of the turnover frequency is called the
constant -amplitude portion and that to
the right the constant -velocity portion.
The constant velocity portion behaves
as described in Question 14.3.
To achieve the constant -amplitude

portion of the characteristic, the cutting
head is so designed that regardless of
frequency, the amplitude swing below
the turnover frequency is constant.
50

P00

2C0

SOS

COC

IMO

2000

0

14.5. Frequency characteristic of a
crystal cutting head operating as a conFig.

a

stant -amplitude device.
0

14.5

What

does

the term

"con-

stant amplitude" mean?-That for

a

constant signal amplitude to the head,
the recording characteristic will be of a
constant amplitude as shown in Fig.
14-5. A crystal cutting head is a good
example for describing constant -amplitude recording. Because the impedance
of a crystal cutting head decreases as
the frequency increases, the crystal impedance will be high with respect to the
coupling circuit over the entire operating range. Therefore, it may be operated as a constant -amplitude device. It

will be noted that, regardless of frequency, the amplitude swing of the
stylus is constant. This is the normal
recording characteristic of a crystal
cutting head. Crystal cutting heads are
not used professionally, but have been
used

on home recording equipment

quite extensively.
14.6 What is the recording characteristic used with magnetic cutting
heads?-A modified constant -amplitude
constant -velocity characteristic as is
shown in Fig. 14-6A. It. will be noted

runa4
"44,ree.
05010.4, rum: -5-- .r...sual

S

t.

?*

'N0

Fig.

14-6B.

Equalizer frequency char

octeristics required to compensate for
the constant -amplitude characteristics of
the cutting head when reproducing.

To secure a constant amplitude below the turnover frequency, each time
the frequency is halved the amplitude
is reduced by half, or G dB. This will
result in a constant-amplitnde characteristic for a constant -amplitude signal
across the head from the turnover frequency to the lowest frequency.
Because this type characteristic reduces the amplitude of the frequencies
below the turnover frequency approximately 6 dB per octave, it is necessary

to employ an equalizer in the reproducer circuit which has an inverse
characteristic to the constant amplitude
portion of the recording characteristic.
(See Fig. 14-6B.)
14.7

What arc the advantages of a

constant -amplitude constant -velocity recording characteristicl- It permns a

higher recording level at the higher
frequencies because of the constant -

4,04"

amplitude

characteristic

below

the

turnover frequency; thus, the signalto-noise ratio of the frequencies in the
constant -velocity portion are increased.
If reproduced with a magnetic
pickup, the frequency response above
Fig. 14-64 Frequency characteristic of a

the turnover frequency is almost uni-

magnetic cutting head adjusted far

form. The

a

constant -amplitude, constant -velocity recording characteristic.

use of a low -frequency
equalizer below the turnover frequency
having a rise of 6 dB per octave returns
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lower frequencies to

a flat response.
(See Fig. 14-6B.)
14.8 What is the turnover frequency
of a magnetic cutting head? ---A frequency where the characteristic of the
cutting head departs from a constant amplitude characteristic to one of constant velocity. In the past, the turnover
frequency has varied with different
manufacturers of cutting heads and
with different recording activities.
However, in June, 1953, the RIAA
placed the turnover frequency at 1000
Hz. Records made before this date used
turnover frequencies anywhere between
250 and 1200 Hz. As a rule, the frequency characteristic is specified on the
record envelope.
14.9 What effect does the turnover
frequency have on reproduction?-If the
correct turnover frequency is not used

during the reproduction, an improper
balance is obtained between the frequencies lying in the constant -amplitude constant -velocity sections of the
recording characteristic. It is highly
important, when reproducing a record,
that the reproducing circuits shall be

too high is shown in Fig. 14-9. It will
he noted that if the turnover frequency

is too low (A), there is a step downwards in the frequency response. If the
turnover frequency is too high (13), the
low end starts rising too soon upsetting
the balance between the high and low
frequencies.
14.10 What are turnover frequen-

cies used with early cutting heads?Since the adoption of the RIAA characteristics, the turnover frequency has
been standardized at 1000 Hz. (See Fig.
14.10)

14.11
How aro the damping springs
and material applied to the mechanical
construction of a magnetic cutting head?
-Magnetic cutting heads designed for
disc recording may be considered to be
multisection mechanical bandpass filters
terminated in an artificial line. The pri-

mary function of a cutting head is

to

engrave on the disc a faithful reproduction of the applied electrical waveforms
The cutting head converts electrical
energy into mechanical energy; there-

it is similar to an electric motor
or a loudspeaker. For present day refore,

capable of being adjusted to the correct
turnover frequency.

quirements, a cutting head must he

The effect of using a turnover frequency that is too low and one that is

acteristics up to at least 10,000 Hz. Many
recording activities record to 15,000 Hz

capable of recording with uniform char-

The interior construction for a typical monophonic balanced -armature cutting head is shown in Fig. 14-11. Refer
to the front view shown at (a) in Fig.

e

C.
c

14-11 for the following explanation. A
TIMMER

KOUDIC

' tat

CORRECT
MI
101 CCOISTINT AMR] tOL

LOw

nag
CxP PC ERIS i

to

Fig. 14-9. The effect of correct and incorrect turnover frequency in a reproducing circuit. The effect when the turnover frequency is too low is shown at A.
The effect when the turnover frequency
is too 1110 is shown at 8. The correct
turnover frequency is illustrated at C,
and the constant -amplitude character
istic is given at D.

balanced armature A is placed in a permanent magnetic field supplied by a
permanent magnet R. At the upper and
lower ends of the armature are placed
actuating coils C connected in series.

The use of two coils in series cancels
the even harmonics and reduces the
distortion. The armature A
structed of laminated steel

is

con-

with a
V-shaped saddle D at the center. The
saddle

support

rests on a ground knife-edge
E. Steel rod F balances the

armature in the exact center of the gap
rpm

300 Hz
300 Hz
500 Hz
300-500 Hz
850 Hz

Columbia and Mercury
Columbia and Mercury
RCA -Victor
Decca (FFRR)

78

Technicord

78

Vertical recording

331,5 rpm

400Hz

Miscellaneous

78

rpm

250-700-1000 Hz

331A rpm
78

78

rpm
rpm
rpm

Fig. 14-10. Turnover frequencies used with early cutting heads.
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(c) Side view.
(b) Rer:r tic.'
(a)Front view,
Fig. 14-11. Interior view of typical monophonic balanced -armature cutting head,
showing the damping springs and damping materials.

between the pole pieces. Two steel rods

G with offset loops are used to supply
pressure to the outer ends of the saddle

mount D, to balance the armature in
the center of the magnetic structure.
The rear view of the cutting head is
shown at (b) in Fig. 14-11. In this view
the rear end of the armature is shown
connected to a thermoplastic damper H
which removes resonant peaks and
helps to smooth out the frequency response. This damping material is some-

times referred to as an artificial line.
A metal washer I secures the clamping
member to the armature. A side view
showing how the damping material is
secured to the magnetic structure apappears at C in Fig. 14-11. The cutting head just discussed is of the nonnegative feedback type.

the contact as uniform, the springs are
locked in place.
The next procedure is to adjust the
various areas of the damping material
which control the frequency response
of the cutting head. This is done by removing sections of the damping material shown at (b) in Fig. 14-11. Areas J
of the damping material affect the frequency response between 800 and 2000

Hz, while areas K affect the region
between 3000 and 5000 Hz. Areas L may
be used to control frequencies between

5000 arid 6500 Hz. Areas M, N, and 0
control the frequencies above 6500 Hz.
The calibration should he carried out
at normal room temperature. as temperature has a pronounced effect on the
final response. The calibration is made

by recording light patterns and measuring the response visually by playing
back and measuring it electrically, or
by means of an fm calibrator described
in Question 14.49. A typical frequency
response plotted from a light pattern is
shown

in Fig. 14-12.

(Sec

Question

23.75.)

Fig.

14-12.

Frequency response

of

a

magnetic cutting head plotted from
light pattern.
14.12 How are the damping material and springs adjusted to secure the

frequency response-The adjustment of a cutting head to secnre a
desired

desired recording characteristic is both
tedious and difficult and is somewhat
of a cut -and -try job. The adjustment is
started by centering the armature between the pole pieces by means of the
balance springs G (shown in Fig. 14-11)

while observing the contact between
the knife-edge and the saddle on the
armature under a microscope. When

14.13 Will a cuffing head calibrated for 331/2 rpm be satisfactory for
45 rpm? -It is possible to obtain satisfactory calibration for both speeds;

however, if the cutting head is of the
negative -feedback type, generally the
amplifier system is equalized for
45, and 78.26 rpm and will be adjustable

within the specified tolerances for the
RIAA Standard reproducing response.
14.14 How does temperature affect
the calibration of a magnetic cutting
head?-If the cutting head is calibrated
at normal room temperature and then
operated at a low room temperature,
the frequency characteristic will change.

Certain

manufacturers

incorporate

a
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small heating unit in the cutting head
to maintain it at an even temperature
regardless of the room temperature.

When making calibrations of a cutting head, single frequencies should not
be applied to the head for long periods

stated impedance only between 400 and
1000 Hz, then rise to several thousand
ohms at the higher frequencies. Below

1000 Hz the impedance may drop to
one -tenth that at 1000 Hz. A typical
impedance curve for a 500 -ohm head

of time as the damping material be-

of the nonnegative feedback type

comes overheated and softens, permit-

shown in Fig. 14-21A.

ting the calibration to change. If the

is

What ore the standard values

14.19

head has been subjected to overheating,
it should be permitted to cool slowly

for cutting impedance?-There are no

and then should be rechecked for cali-

the values are optimal with the manufacturer. Typical impedances run from
5.6 ohms for the Westrex 3B stereo -

bration.
14.15 What is the material used for
the damping member of o magnetic cutting head?-A thermoplastic called Vis

coloid.

In

some

instances

tunpter

loaded rubber is used
14.16 How is o monophonic signal
(lateral cut) obtained with o stereophonic cutting hood?-Identical signals
having the same phase and level produce a lateral (monophonic) signal.
Identical signals out -of -phase produce
a vertical cut. (Sec Question 13202.)
14.17 What is a mechanical transmission line used with magnetic cutting

heads?-In the early Western Electric
cutting heads, a rubber damping line,
composed of three rubber tubes, one
within the other, was used to damp out
mechanical resonance of the moving
parts. The rubber lane was attached to

the armature by means of a metal fin
running the entire length of the rubber
line. The mechanical transmission line

standards relative to cutting impedance;

cutting head, up to 600 ohms for others,
but generally they arc below 200 ohms.
14.20 What is the purpose of connecting on RC network in series with a

cutting head?-To prevent the cutting
head from loading down the driving
amplifier at the lower frequencies because of the decreasing impedance as
explained in Question 14.18. It also
helps to maintain the 6 dB per octave
dropoff in the constant -amplitude portion of the recording
(See Fig. 14-12.)

characteristic.

Explain the action of an RC

14.21

network connected in series with a non feedback cutting head.-Fig. 14-21A
shows the impedance characteristics for
a typical nonfeedback magnetic cutting

head. rated 500 ohms at 1000 Hz. As
may be seen, this head has an impedance of 90 ohms at 40 Hz, 500 ohms at

1700 Hz, and then rises to over 3000

reduced distortion besides smoothing
out the frequency response. This system

ohms at 10,000 Hz.

was used with the lateral coarse -pitch
cutting heads, before the use of negative -feedback cutting heads.
14.18 fs the impedance of a mag
nctic cutting head constant?-- No, it

the foregoing connected across the out-

varies with frequency. As a rule, the
magnetic cutting head will show its

frequencies because of the lowered Impedance of the cutting head decreasing

With the cutting head described in
put of a driving amplifier, the amplifier
output sees 500 ohms ut only one frequency (1700 Hz). This means the amplifier will be overloaded at the lower

K.00

-..1111TH 51ETEIL (ME ASuRED

--1.21101n

I 2500

larielr (MEASURED)

i

2000

1

1500

; 1000
500
0
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vo......r

....-..
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m

500

sit

5SMm

101/18

FREQUENCY

Fig. 14-21A. Impedance characteristic of a typical nonfeedback cutting head, with
and without RC network.
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500,.
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400 n
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iCUTT1NG

COTS%
HEAD
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0

0

0

(a) 500 ohms.

(b) 15 ohms.

Fig. 14.218. RC networks used with nonfeedback cutting heads to maintain a con-

stant -amplitude, constantvelocity frequency characteristic.

the power output and increasing the

impedance, as may be seen, cannot fall

harmonic distortion. The impedance rise
above 1700 Hz will have little effect on

below 400 ohms which appears in the
region of 1000 Hz. The action of the
network when connected in the circuit
may be explained as follows:
At a frequency of 1700 Hz, the network in series with the impedance of

the amplifier as it acts as a bridging
load across the output. This statement
only holds true if the output stage consists of triodes or pentodes using a considerable amount of negative feedback.

To prevent the low impedance of the
cutting head from disturbing the output stage of the driving amplifier, an
RC network is connected in series with

the output circuit, as shown in

the cutting head presents a load impedance to the output of the amplifier
of 500 ohms. As the frequency decreases,

the cutting -head impedance decreases
However, the reactance of the capacitor

Fig.

in the network is rising and, at a frequency of 40 Hz, the reactance of the

An RC network for a cutting head

capacitor has reached about 4000 ohms,
which leaves practically pure resistance

14-21B.

rated 500 ohms impedance consists of
a 400 -ohm noninductive resistor and a
1-µF capacitor connected in parallel.
The parallel impedance of this network
is 148.4 ohms at 1000 Hz. When connected in series with the cutting head,
the load impedance seen by the ampli-

in the circuit.
It will be noted the load impedance
below 1000 Hz never rises above 400
ohms. Above 1700 Hz, the reactance of
the capacitor in the network drops very

rapidly and effectively shorts out the

fier output is the network impedance

resistor, leaving only the impedance of

plus the impedance of the cutting head

the cutting head in the circuit
If such a network as is described in
the foregoing is not used, high distortion may he expected at frequencies
below 1000 Hz and the frequencies
below the turnover frequency will not

as shown by the dotted line

in Fig.

14-21A. The curves shown are actual
impedance curves measured on a com-

mercial cutting head. The variation in
impedance between 100 and 1700 Hz
is due to the head characteristics and
is of little consequence to the over-all
recording characteristic. With the RC
network described in the circuit, the

drop off at the rate of 6 dB per octave.
The constants of the RC network will
vary with cutting heads of different
manufacture and impedance. The corI

I

I

I

I

wzny
--*--COMITelIT VW:1=Y
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011HE

Fig. 14-21C. A typical response for a nonfeedback monophonic cutting head plo hid
from a light -pattern measurement.
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value may be obtained experi-

mentally by measuring the impedance
of the cutting head and then designing
the RC network. Measurements are
then made with the cutting head and
the network connected in series and
plotted as shown in Fig. 14-21A.
Light patterns are also helpful in

arriving at the final characteristic. A
typical frequency characteristic plotted
from a light pattern is shown in Fig.
14-12C. The recording of light patterns
is discussed in Question 23.75.
14.22 What is the standard reference level and frequency used for cutting head calibration?-It is 7 centimeters per second for both coarse pitch

and microgroove at speeds of 331,4, 45,

and 78.26 rpm. It is also the same for
vertical recording. (See Fig. 14-22.)
I

SEC

In this manner an overall constant

amplitude constant -velocity characteristic is obtained.
14.25 What limits the maximum

amplitude swing of the armature of a
cutting head?-The swing of the armature is limited by the mechanical structure and the damping mechanism. The
maximum amplitude is also limited by
the amount of power that may be safely
applied to the actuating coils. If the
power is too great, the coils will overheat the damping material and necessitate

the recalibration of the head for

both sensitivity and frequency response
Overmodulation also increases the noise
and distortion.
14.26 What is a vortical cutting
head? --A cutting head which engraves

the sound track on a disc record in a
vertical plane. The sound track varies
in depth and width. A cross-sectional
view of a negative -feedback cutter with
the principal components indicated is
shown in Fig. 14-26.

A

POLE

-PIECE

Fig. 14-22. Illustration of a standard
reference level. The amplitude is such

the stylus travels 7 centimeters from A
to B in one second at a frequency of
1000 Hz
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colTIAG

Pt CE

IRON

CIAPARAGM

14.23

How

is

the sensitivity

of a

cutting hcod stated?-Cutting heads are
rated in watts input for a given velocity
in centimeters per second, at a frequency of 1000 Hz. The average power

required for driving a modern cutting
head is approximately
watt (plus 30
dBm). This holds true for both mono-

SPRING

NEWT ow(
FEEDBACK

RECORDING

STYLUS

co'.

Fig.

14-26.

Cross-sectional view of a
negative -feedback,
cutting

vertical,
head. (Courtesy, Bell Telephone Labs.)

1

phonic or stereophonic heads.
14.24 How is the turnover

fre-

quency of a nonfeedback cutting head
controlled? -13y the resonant frequency
of the mechanical system, the effective
mass of the moving parts, and the stiffness of the centering springs.
Below the resonant frequency of the
mechanical system, the cutter mecha-

nism acts as a spring, resulting in

a

14.27

What

is

the turnover

fre-

quency of a ',caeca/ cutting head?-Approximately 250 Hz for those not using
negative feedback. For those employing
feedhack, the turnover frequency is 400
Hz.

14.28

What is the purpose of using

negative feedback with a vertical cutting head?-To obtain a more uniform
frequency response and reduce distortion, as the head mechanism has a

stant input across the head. Thus, a

rather sharp peak around 1000 Hz. Approximately 43 dB of negative feedback

constant -amplitude characteristic is ob-

is

tained below the turnover frequency.

quency response between 40 to

Above the resonant frequency of the
mechanism the system is mass controlled and for a constant input, results
in a constant -velocity characteristic

Hz. A special power amplifier

constant armature deflection for a con-

required to obtain a uniform fre12,000
is

re-

quired.
14.29 What are the advantages of
using negative feedback with a cutting
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pickup. A typical crystal cutting
head is shown in Fig. 14-30.
The audio currents cause the crystal
to twist in a lateral direction. A recording stylus mounted in a chuck is attached to the crystal slabs for the pur-

head?-The use of negative feedback

tal

with a cutting head adds approximately

1G dB to the signal-to-noise ratio at
10,000 Hz, at a diameter of 6 inches.
Tests made on heads using negative
feedhack indicate a 68 dB signal-to-

pose of engraving the sound track on

noise ratio, using a hot -stylus recording
technique. A vibrating coil may be controlled over a wide range of frequencies
by the application of negative feedback.

the recording disc.
Ceramic crystals have to some extent
replaced the Rochelle salt crystal; however, because of the greater sensitivity,
Rochelle salt crystals find their greatest
usage in pickups, microphones, and

The feedback eliminates the need for
heavy mechanical damping materials,
and reduces the effects of the disc material on the tip of the recording stylus.
Negative feedback governs the power
rather than absorbing it in the control

headphones. Generally, ceramic crystals are treated both electrically and

mechanically much the same manner

Process. Furthermore, the use of viscous damping offers difficulties as its

as Rochelle
25.103.)

effectiveness deteriorates over a period

14.37

of time and its characteristics are af-

meters per second show:

0.62

0.61%

Question

What ore the recording char-

14-5. If a constant voltage is applied to
the crystal slabs, the amplitude motion
of the recording stylus will be constant
regardless of the applied frequencies.
Recordings made with a crystal cutting
head require no equalization in either

ments made at a velocity of 8 centi-

0.61%

(See

acteristics of a crystal cutting head?Constant amplitude as shown in Fig.

fected by temperature and changes resulting from the use of a hot stylus.
Intermodulation distortion measure-

Distortion

crystals.

Frequency Range

the recording or reproduction circuits
if played back with a crystal pickup.

40-2000 Hz
60-2000 Hz
100-2000 Hz

14.32

What is the impedance of an

average crystal cutting head at 1000
Hz?-Approximately 20.0(.)0 to 40,000

The test frequencies were set in a ratio
of 4:1, the high frequency being 12 dB
lower in amplitude than the lower fre-

ohms.
14.33

How are crystal cutting heads

coupled to the output of an amplifier
starlet-Crystal cutting heads may be

quency.
14.30

What is a crystal cutting
head?-A cutting head which employs
piezoelectric crystal for the stylus actuating mechanism. The crystal is similar
(except heavier) to that used in a crys-

coupled to an amplifier output stage in

a number of ways. The output stage
may be single or double ended. The recording characteristic is controlled by

MOUNTING Or RC 20 CUTTER
1

1.4
611.1141114
NUT

0

Gaunt CRISALARCE

Cur TER

STYLI/1
ADJuSTIARI
SCREW

STYLUS

elver TO OE AS CLOSE TO
REC0110 SuRrACE AS POSSISLE

Fig.

- 1.E CORO MARACA

14-30. Crystal cutting head and recorder mount.
Piezoelectric Div.)

Courtesy, Clevite Corp..
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from a pentode or beam -power tube
without negative feedback, the coupling
circuit shown in Fig. 19-33C is used.
CUTTING
HEAD

Beam -power tubes use a load impedance approximately one -fifth the plate

14.33A. A coupling circuit for
operating a crystal cutting head constant -amplitude. Plate load must not
exceed 4000 ohms
Fig.

resistance, and the distortion without
feedback will rise quite sharply. The
output transformer is terminated by a
resistor 111. to reflect the correct load
impedance to both the plate of the tube

and the cutting head. For an output
stage using negative feedback, the desired output impedance is supplied by

r kik; :)1

the output transformer winding (Fig.
14-33D). It is important that the output

CUT TING

impedance seen by the cutting head

NFAC

Fig. 14-33B. Method of driving a crystal
cutting head as a constant -amplitude
recording device.
PENTODE

CUT TING
HEAD

does not exceed 4000 ohms, including
the output impedance as modified by
the negative feedback. Coupling circuits

for driving crystal cutting heads employing a constant -amplitude constant velocity recording characteristic are
discussed in Question 14.37.
14.34 What is the signal voltage
required to drive a crystal cutting head?
-For constant -amplitude recording,
about 50 volts. For constant -amplitude
constant -velocity, approximately 150

volts. This is the rms voltage as mea14-33C. Crystal cutting head coupled to a pentode or beam -power tube
Fig.

constant -amplitude

for

recording.

The

supplies the corterminating resistor
rect load to the cutting head.
111

FB LOOP

vv.

it-4000N

CUTTING i

HEAD 2 :

sured across the crystal with a vacuum tube voltmeter.
What type load characteristic
14.35

does a crystal cutting head present to

the output circuit of an amplifier? -A
crystal cutting head presents a capacity
load in which the impedance decreases
as the frequency increases. For this
reason, it is recommended that only
class -A triode amplifiers or beam power amplifiers using at least 12 dB of

negative feedback be used for driving
Fig.

14-33D. A crystal cutting

head

using constant -amplitude recording characteristics coupled to a pentode or beam power tube using negative feedback.

the output impedance presented to the
cutting head.
For constant -amplitude recording
the head may be coupled as shown in
Fig. 14-33A. Here the crystal is coupled

crystal cutting heads.
Since a crystal cutter is of the actuated type, the stylus displacement (amplitude) is proportional to the impressed
voltage over practically its entire operating range. Because of this characteristic, constant -amplitude records may

be cut without equalization in the recording circuits.
Commercial constant -amplitude con-

the output tube, a triode, through

stant -velocity recordings may be cut
by the use of special coupling circuits

coupling capacitor C. In Fig. 14-33B, the

which are explained in Questions 14.37

cutting head is driven from an output

and 14.39.

terminating impedance
being the plate resistance of the tube.
The impedance presented to the crystal

14.36 What is the internal capacitance of a crystal cutting head? --Ap-

to

winding,

the

should fall between 3000 and 4000 ohms.

To operate

a

crystal cutting head

proximately 0.007 to 0.10 µF.
11.37 How ore crystal cutting heads
coupled to an amplifier for a constant-
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amplitude

constant -velocity
shown

choracteristicl- As

70.38

recording
in
Fig.

How ore the coupling circuit

values selected for a constant -amplitude
constant -velocity recording characteris-

14-37A. When the crystal impedance is
equal to the impedance of the coupling
circuit, the freqnency response will he
down 3 dB at the frequency where the
two impedances are equal. Above this
frequency (the turnover frequency) the
frequency response will fall off at a
rate of 6 dB per octave. In other words,
the cutting head will operate on a constant -velocity basis above the turnover
frequency and on a constant -amplitude
basis below the turnover frequency.
By the selection of the proper component values for the coupling circuit.
the turnover frequency can be placed
anywhere in the normal frequency
range. If the turnover frequency is established between 800 to 1000 Hz, the

tic?-By the impedance of the coupling

circuit and the desired turnover frequency. The frequency response of a
crystal cutting head coupled for three
different turnover frequencies (250, 500,
and 800 Hz) is shown in Fig. 14-37B.
The flat portion of the curve is the con-

stant -amplitude section and the righthand portion
section.

the

constant -velocity

A graph that may be used for selecting the circuit constants for a particular
turnover frequency is given in Fig.
14-38. Assume a turnover frequency of
1000 Hz is desired. Following the 1000

Hz line upward to where it intersects
the diagonal line then reading at the

cutting head will record a commercial

left, it will be noted a source impedance
(output) of 22,000 ohms is required.
This impedance is divided equally between the output winding and the
series resistor RI, or 11,000 ohms each.
As this is rather an odd value of output

constant - amplitude constant - velocity
characteristic (also called a modified
constant -velocity characteristic) If the
turnover frequency is placed at the upper extreme of the frequency spectrum,
the cutting head will record a constant amplitude characteristic as shown by
the line at zero amplitude in Fig.
14-37/3.

CUTTING

a

ICAO

Vs MD
Ihr

Fig.

Fig. 14-37A. Coupling circuit for driving
a crystal cutting head, constant -amplitude, constant -velocity with a turnover
frequency of 1000 Hz.

Sit

SOO) CAW
t

_ KO,/

14.38. Graph for selecting circuit
to operate a crystal cutting

constants

head constant velocity, or modified constant velocity. (Courtesy, Clevite Corp.,
Piezoelectric Div.)

.2(
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Fig. 14.378 Frequency characteristics of a crystal cutting head operating constant
amplitude and constant velocity. (Courtesy, Clevite Corp., Piezoelectric Div.)
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to obtain from an output

transformer, a matching transformer
may be connected between the regular
output transformer and the cutting

head with the proper impedance ratio
A 10 -percent variation in impedance
match is acceptable. The series resistor

RI should never be smaller in value
than the output Impedance of the coupling transformer.

It will also be noted in Fig. 14-37B

crated at a considerable distance from
its driving amplifier. Crystal cutting
heads, being high -impedance devices,
require that they be operated fairly
close to the driving amplifier.
14.43 What is the composition of a
ceramic crystal? - Ceramic elements
used in transducer manufacture are
usually ammonium dihydrogen phos-

phate, lithium sulphate, barium titanate,

turnover
frequency are recorded approximately
10 dB higher in amplitude than for the
constant -amplitude characteristic. Also,
frequencies above turnover frequency
fall off at a rate of 6 dB per octave.
/1.39 Why is a lower recording

or several variations of lead zirconate
and lead titanate ceramics. The ceramics are polycrystalline in nature and
do not have piezoelectric properties in
their original state. Tbc magnitude and
character of the piezoelectric effect is
greatly dependent on the orientation of
the applied force or the electric field,

level used

re-

with respect to the axes of the material.

mediae-To provide easier tracking for
the pickup stylus when reproducing.
Constant -amplitude recordings can be
cut at a higher level, if the high frequency response is restricted to a frequency below 9000 Hz. If a constant amplitude recording is cut at the same
level used for constant -amplitude constant -velocity recording, difficulty may

Slabs are cut from the crystal, rather

that frequencies below

the

for constant -amplitude

be experienced in obtaining satisfactory
tracking at the high frequencies during
reproduction.
14.40 Con hot -stylus techniques be

used with a crystal cutting head?-No,
the heat would damage the crystal. (See
Question 14.14.) The techniques of hot stylus operation arc discussed in Questions 15 58 to 15.71.
14.41
What precautions should be

than from the whole crystal itself. They

are cut in a similar manner to quartz
crystals for radio use, as described in
Questions 25.103 and 25.191
14.44 What is an embossing head?

-A magnetic or crystal cutting head
similar in construction to the cutting
head used for standard recording. They
may be operated at constant amplitude,
or constant amplitude, constant velocity.
The stylus is dull -pointed and does not
remove any material from the record as
it records. The sound track is indented
in the recording media and record material displaced rather than removed.
Embossed records are used in dictat-

ing machines and similar devices. A
typical embossing recorder is shown in

taken to prevent damage to 0 crystal
cutting head?-Direct current should
never be permitted to come in contact
with the crystals. Sudden high-level
signals of sine -wave character should

Fig. 13-22.
14.45 What is the relationship between the pressure wave of a microphone
and the stylus motion? For a constant -

not be applied to the head when testing,

sure at the microphone produces a constant -amplitude motion at the recording
stylus, if the frequency characteristics

as the crystal may he shattered. Bring
the level up gradually.

amplitude recording, a constant pres-

14.42 Why ore magnetic cutting
heads preferred to crystals for commer-

of the recording system are uniform.

cial recording?-Because magnetic recording heads are more rugged in their

construction and will hold their fre-

ity recording, the amplitude of the undulations in the record arc inversely
proportional to the frequency in the

For constant -amplitude constant -veloc-

quency characteristics over long periods

constant -velocity

of time. Crystal cutting heads are af-

turnover frequency, they are constant

fected by both temperature and humid-

amplitude

ity. Also, they may be damaged quite
easily if the stylus is struck against the
side of the turntable.
Because the impedance of a magnetic cutting head is generally on the

characteristic of the cutting head.
14.46 Describe tho different meth.

order of 500 to 600 ohms, it may be op -

or

range.

follow

the

Below

the

frequency

ods used for calibrating a cutting head.
-The frequency response can be measured by several different methods, by
applying a constant voltage to the head
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and recording a series of frequencies
prodncing a light pattern. This pattern
is then measured electrically by playing
it back or photographing the image and
calculating the variations in response.
Another method used rarely is the deflection of the stylus tip in a special
fixture having a calibrated eye piece or
by use of a frequency -modulation calibrator, described in Question 14.49. The

14.48 How is the sensitivity of several cutting heads adjusted for uniform
sensitivity?-Assnme the several cutting

heads are similar in design and have
approximately the same frequency
characteristics. An unmodulated groove

is cut and the width of the cut is measured and adjusted to normal. A 1000 Hz test signal is applied to the head
under test and the gain of the driving

preferred method is the light pattern
electrically measured. The recording of
light patterns is discussed in Question

amplifier adjusted to produce a 7 -centimeter per second cut. The exact power

23.75.
14.47

future reference.

culating

What is the formula for calthe frequency

response of

a

light pattern?-The measurements are
referred to a reference frequency, gen-

erally 1000 Hz. The ratio of the other
frequencies to the reference frequency
20 Log,.

Each cutting head is measured in a
similar manner. The gain of each cutting -head driving amplifier is adjusted
produce the same percentage of
modulation within plus or minus 0.5 dB.
Thus, compensation is made for the
to

difference in sensitivity for each individual cutting head. After the power

is:

where,

to the cutting head is then noted for

level has been established for each head

Fs

F. is the reference frequency,
F. is any other frequency.

should be mentioned the electrical
response from a light pattern is not
quite the same as for an optical measurement of the same pattern. GenerIt

ally the light pattern is used to measure
the high -frequency response, and the
electrical response of the pattern for the
low frequencies.

the recording of a test signal may be
dispensed with, and only the output
power level of the driving amplifier
need be measured.
If the cutting heads employ internal
heaters, sufficient time must be permitted for the head to come up to its
normal operating

temperature. Such
procedures should be a part of the
daily operating routine.
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Section 15

Recording and
Reproducing Styli
It has been said that the entire evolution of sound reproduction can be divided
into two parts, (1) learning how to make a sound, and (2) the reduction of distortion. This is a thumbnail sketch of the history of recording and reproducing styli.
Imperfections induced by either the recording or reproducing stylus will be manifest as distortion. In the 1920s, a cactus or bamboo phonograph reproducing needle
was very popular, as it failed to reproduce the distortion of the higher frequencies
as heard when a steel or tungsten needle was used. Work done by Frank and Isabel

Capps, Charles Davis, and C. J. LeBel greatly improved the status case of the
stylus.

This section covers the materials in general use in the manufacture of styli,
geometry involved, stylus pressures, stylus heating -coil design and use, characteristics, and measurements.
15.1

Whot Is o recording :Wail-

stylus is one, if not the most important,
component in a recording system, and
as far as is known was first used by
Edison in 1877. With the advent of present-day high -quality sound, wide frequency range, low distortion, increased
signal-to-noise ratio, long play and
stereophonic recordings, and improved
recording media, a great responsibility
is placed on both the recording and reproducing styli. Since its first use, many

A sharp -pointed, gouge -shaped instrument for engraving a sound track on a

cylindrical or disc record. The tip may
be of precious or semiprecious stone,
or metal. Commercial recording styli
use sapphire tips. (See Fig. 15-1.)
15.2 Describe o reproducer stylus?
-A stylus somewhat similar to that
used for recording, except the tip is not
sharp, but conical. The tip is designed

different materials have beer. use for
their manufacture-steel alloys, saph-

to fit the side walls of the groove but
clear the bottom of the groove. The
tip may be a sapphire, a ruby, or a

phire, and diamond. However, over the

diamond. (See Fig. 15-2.)
15.3
What ore the essential ports of
recordinq stylus and the basic principles of manufacture? -The recording
o

rA

li

(a)56 -degree ruby,

dural shank.

15-1. A coarsepitch recording stylus with 87 -degree included angle, 1.5 mil tip radius.
Fig.

(b) 26 -degree sapphire, brass shank.

Fig. 15-2. Coarse -pitch reproducing styli
for acetate disc.
711
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years it has been found that corundum
is the most practical of all material for
recording styli. Corundum can be obtained in several different colors, among
them are: red, blue, green, violet, yellow, and colorless, which is many times
used for identification. Both the natural
and synthetic sapphire (blue, ruby red,
etc.) are corundum (AI....0;) of a hexagonal crystalline structure with a hardness of 9 on the Moh scale and 1525 to
2000 on a Knoop scale. Because of its
lack of grain, crystalline structure, and
cleavage, sapphire may be ground to
very accurate dimensions and angles,

DURAL
SHANK

Si
16

12

UMW*

Iii
(a) Complete stylus.

DURAL
SHANK

while still retaining a very fine cutting
edge. This latter property is of prime
importance in the manufacture of recording styli. Although the diamond is
much harder than corundum for use in

CUT TRIG FACE

SAPPHIRE

CUTTING,

recording styli, it is impractical because
of its grain and internal stresses, as well
as its cost. However, as a reproducing
stylus, it is ideal because of its long life
and ruggedness. As a recording stylus,
the sapphire will outlast a diamond and
produce superior recordings.

Several views of a recording stylus
are shown in Fig. 15-3. At part (a) is
shown a complete stylus. The stylus
consists of a sapphire held in a dural
shank, shown at part (h). The sapphire
tip has a flat face ground on one side.
The end of the sapphire is ground to a
point with a rounded tip. Extending
from the tip upward and along its edges
are burnishing facets, and it is a most
difficult and exacting part of the stylus
grinding, as the dimensions arc only a

few ten -thousandths of an inch. The
burnishing facets polish the groove as it
is

cut. The length of the burnishing

facet not only affects the signal-to-noise
ratio, but also the frequency response.
A cold -stylus coarse -pitch recording
with a burnishing facet of 0.4 to 0.6 mil
will effect a loss at 10,000 Hz, compared
to 1000 Hz of 3 to 6 dB. It will be noted

at part (c) only a very small portion
of the stylus tip is used to engrave the
sound track on the record. An enlarged
view of the burnishing facet is shown

at part (d).
For high -quality recording of any
type, the noise level of the stylus itself
must be at least 55 dB, and as a rule if
not abused. will run 57 to 60 dB below
the reference level of 7 centimeters at
a frequency of 1000 Hz. The noise level
is measured while playing back an un-

euRNISHiNG EDGE

EDGE

-BURNISHING EDGE

(b) Side view of sapphire tip.

INCLUDED

ANGLE
RECORD
GROOVES

NOTE EXCEEDING SAIAL..
PORTION OF ENT IRE SAPPHIRE

'RADAR' THAT IS USED TO ACTUALLy
CUT THE GROOVE

(c) Back view of sapphire tip.
CUT TING FACE

SACK

/ANGLE
SHAM
CUTTING
EDGE

BuRNISIANG
FACET

SAPPHIRE

BURNISHING
EDGE

TOP CF
--GROOVE

-ROT TON OF
GROOVE

VL

(d) Enlarged view of tip, showing the
burnishing facet.

Fig. 15.3. Essential parts of a recording
stylus.

(Courtesy,

Electronic

Industries

and Frank L. Capps Co.)

modulated groove. II is important that
the unmodulated groove used for measurement is normal in every respect,

that the chip has cleared the groove
properly, that the stylus heat current is
optimum, and that the disc is of good
quality. (See Question 13.30.)
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15.11
What ore the included angles
used with coarse -pitch recording? -The

finished groove must have an included

angle of 88 degrees plus or minus 5
degrees. The top of the groove shall not

Fig.

15-4. Tip radios of a recording
stylus.

be less than 4 mils in width for reproducing with a 2.3 -mil stylus and not
less than 2.0 mils for records to be reproduced with a 1 -mil stylus. The bottom radius is 1.5 mils.
for

15.12 What is the included angle
vertical -recording styli? -The fin-

ished groove shall have an included
15.4

What is the tip radius of a

stylus? -The

radius formed by the tip

angle of 88 degrees plus or minus 5 degrees, with a top width of not less than

of the recording jewel as shown in Fig.

4.0 mils. The bottom radius

15-4.

23 mils.

15.5
What is the recommended tip
radius for recording styli?

15.13 What is the bottom radius of
a coarse -pitch lateral groove? -For less

For microgroove recording at

is 2.0 to

than 136 lines per inch, 1.5 mils. For

331,5, and 45 rpm, 0.0002.5 inch or

more than 136 lines per inch, 0.25 mil.

less.

15.14 What is the bottom radius for
a vertical -cut groove? From 2.0 to 2.3
mils.
15.15 What is a 'roaster contour? -

For coarse -pitch 331/i -rpm recording,
0.0015

inch

(16 -inch

transcrip-

tions).

For coarse -pitch 78 -rpm recording,
0.0015 inch.
15.6 What Is the included angle of
a stylus? -The angle formed by the two

sides of the stylus tip. (See Fig. 15-4.)
/5.7 Which way does the flat side
of a recording stylus local -Against the
direction of motion of the recording

blank as shown at part (d) in Fig. 15-3
15.8
What is a burnishing facet on
a recording stylus? -A small flat surface

ground on the sides of the stylus tip
and used for polishing the groove as it
cuts. (See Fig. 15-3.)
15.9 What effect do the burnishing
facets hove on the frequency response?

-If the dimension of the facet is kept
to 0.15 mil, it has little effect on the fre-

quency response However, a facet of
0.5 mil will attenuate 8000 Hz 3 dB and
10,0000 Hz from 3 to G dB. Increasing
the facet dimensions to 0.60 mil will
attenuate 10.000 Hz 6 dB (cold stylus).
15.10 What does the term "mechanical bias" mean when applied to a
recording stylus? -For coarse -pitch re-

A magnified shadow of a stylus of
known size and shape for comparing
finished styli. Used in the manufacture
of recording and reproducing styli.
15.16 Aro diamonds used for recording styli tips? -No. They are used

only in reproducer styli.
15.17
What is an "ANM" recording
stylus? -A special antinoise modulation

stylus (ANM) developed by Capps and
Co. to reduce modulation noise while
recording. The stylus is ground with
two or more burnishing facets compared to the single facet of the conventional recording

stylus. A cross-sec-

tional view of a conventional recording
stylus with a single burnishing facet m
an unmodulated groove is shown at (a)
Fig. 15-17.
At (b) in Fig. 15-17, the stylus is

shown in a groove with a 20 -degree
slope and at (c) with a 30 -degree slope.
As will he observed, the hurnishing
angle made by the facet is increased
depending on the stylus motion. When
the modulation is high, the burnishing

cording, the stylus is given a slight mechanical twist, relative to the shank,
generally about 1 degree. The purpose
of the mechanical bias is to throw the
chip toward the center of the record as
the groove is cut, and thus prevent

facets cannot

fouling of the stylus tip. Mechanical

bias is not used In stereophonic record-

est effect on the stylus.
An "ANM" stylus has three burnish-

ing.

ing facets on each side of the tip as

function properly and

leave rough places in the groove, (d) of
Fig. 15-17, resulting in increased noise.

This type noise is particularly noticeable because the rough spots are on the
side of the groove which has the great-
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-GROOVE-.
STYLUS

GROOVE

IA1

ICI

(DI

CI

Fig. 15-17. Single and multihurnishing facet recording styli. (a) Single facet --2 5 0
degree angle to groove. Ibl Single facet -45 degree angle to groove. lc/ Single
facet -SS degree angle to groove. (dl Facets causing noise patches.
ANM
stylus with three burnishing facets. It) ANM stylus with groove slope of 45 degrees.
(Courtesy, Audio /

shown at part (e) in Fig. 15-17. It will
be observed at part (1) in Fig. 15-17
the additional facets permit the groove

sure that is best for their particular
type pickup. In the absence of such
data, the user may he guided by the

to be polished even at high percentages
of modulation. The angles of the facets
are: leading facet 60 degrees, center
facet 25 degrees, and last facet 10 de-

following pressures.
For a tip radius of 2.5 to 3.5 mils, 10
to 14 grams.

For a tip radius of 1.0 mil,

1

to 6

grams.

grees.

ANM styli are used for both standard
and microgroove recording. Frequencies
up to 20.000 Hz have been successfully

For a tip radius of 0.5 to 0.7 mil, 0.75

recorded at speeds of 78.26 rpm. This
stylus cuts a V-shaped groove rather

reproducer stylus tip radius to the mod-

than the rounded -bottom groove. ANM

tion, the radius of the reproducer stylus
at the point of contact with the groove

styli arc used particularly for micro-

to 1 5 grams.
15.21
What is the relationship of a

ulation radius? -For the lowest distor-

groove recording using hot -stylus techniques. (See Questions 15.60 to 15.71.)

must be less than the radius of the

15.18

What is the standard for reproducer styli included angles? -

15.22
What is the relationship between the included angles of record-

For coarse -pitch, direct -acetate playback 331,,, rpm, 26 degrees.
For coarse -pitch pressings 331: and
78.26 rpm, 40 to 55 degrees.
For microgroove monophonic 45 rpm.
40 to 55 degrees.

ing and reproducing styli? -The relationship is as shown in Fig. 15-22. It
will be noted that, although the included angle of the reproducing stylus

modulation.

GROOVE
WIDTH

For microgroove stereophonic 33!;i

i PECOROIC

rpm, 40 to 55 degrees.

\

Whot is the standard tip radius for reproducing styli? -

What ore the recommended
vertical pressures for reproducing styli?
-Each manufacturer has a giver. pres-

\

)/

I

1

IREPRCOUCING

WILLIS,

For coarse -pitch 33!; and 78.26 rpm,
2.5 mils plus -minus 0.1 mil.
For coarse -pitch vertical 331: rpm,
2.3 mils plus -minus 0.2 mil.
For microgroove 331,;( rpm. 0.5 to 0.7
mil. (monophonic and stereo).
For microgroove 16.4:1 rpm, 0.3 to 1.0
mil.

I

STYUJS

15.19

15.20

I

I

I

RECORD

CLEARANCE

-4-

EFFECTIVE
TP
OUTTAt TCM

15.22. Cross-sectional view of record groove, showing the included angle
of recording and reproducing styli, and
how they fit the groove.
Fig.
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1.

Fig.
CONTACTS GROovE WALL

c) Coarse -pitch, 2,5 -mil radius.

15-25.

Now

a

worn

reproducer

stylus fits in a record groove.

AT 2 PoNTS

included angle of the tip, deformation
of

the record

wall, stylus pressure

(vertical), recovery time of the record
plastic after deformation by the stylus,
CONTACTS GROOVE WALL

AT 2 POINTS

(6) Microgroove, 1 -mil radius.
15-23. Cross-sectional view of reproducer stylus in a record groove.

Fig.

the time of contact for a given area, and
the heat generated by the friction of the
stylus against the groove wall. From the

foregoing it may be seen that the calculation is not a simple one. Calculations encompassing the foregoing factors indicate for a stylus of 1 -mil tip
radius, the pressure may run from 6000

is less than the recording stylus, it con-

pounds per square inch to 16,000 pounds

tacts the groove side walls at a point
where the tip clears the bottom of the

per square inch.
15,25 How door a worn stylus fit a
record groove?-Fig. 15-25 shows a worn

groove. This is made possible because

the tip radius of the reproducer stylus
is greater than the tip radius of the
recording stylus. (See Question 13.104
and 13.180.)
15.23 How does a reproducer stylus
contact the side walls of o record

groove?-Fig. 15-23 shows how a coarse -

pitch stylus and a microgroove stylus
fit the walls of the record groove. It will
be noted the stylus sides contact the
groove walls at only one point and that

stylus in a normal record groove. As
will be seen, the flat sides of the stylus
lay against the groove walls and ride
on top of the groove. This condition
results in distortion, noisy reproduction,

and rapid deterioration of the groove.
/5.26 What effect does a worn stylus haws: on the record groove?-Small
portions

of

the

modulations

in

the

groove are removed each time the record

is played. The material thus re-

a considerable clearance exists between

moved acts as an abrasive and adds to

the stylus tip and the bottom of the

the wear of both the stylus and the

groove. This is an ideal fit and results
in a minimum of distortion.
75.24 Whot is the pressure developed at the point of contact between the

groove.
15.27

stylus tip and the record groove side wall
during reproduction?-lt has been stated
that the pressure of the reproducer
stylus tip on the side walls of the record
groove will run to as high as 50,000
pounds per square inch using the conventional methods of calculating stylus
pressure. This would tend to create the

impression that the reproduction of a
fine groove record (microgroove, long
playing) would be impossible. However,
this is not the case as evidenced by the
present-day use of such records.
To properly evaluate the pressure the
stylus applies to the groove wall is
quite involved and must take into consideration many factors often overlooked. Among these factors are: the
area of the stylus tip contact, tip radius,

What does the reproduction
horn a worn stylus sound like?-The reproduction is fuzzy with rather high
distortion of the higher frequencies.

This is particularly true at the smaller
diameters where the groove velocity is
the lowest.

/5.28 What is the average life of a
sapphire reproducing stylus?-Wear tests
made by Weiler indicate about 30 hours,

depending on the quality of the disc
and the sapphire. The wear is chiefly
caused by the abrasive action of the
dust from the stylus itself. Typical wear
patterns of sapphire styli are shown in
Figs. 15-28A arid B. Vertical pressure
was increased purposely to spread the
wear.
15.29

How does the wear of a sapphire stylus compare to a diamond sty-

Isirl-lt has been noted by Weiler that
it takes 35 hours to wear a 0.00075-
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15.33 What type reproducing stylus
is recommended for the lowest distortion
and longest life?-A diamond -tipped

(a) Diamond.

0,', Sapphire.

(c) Sapphire
(side view).

Fig. 15-28A. Coarse -pitch 2.5 -mil styli
after 1000 hours of play using 1.5 ounce pressure to speed up the wear.
(Courtesy, Audio Engineering Society)

stylus. As the diamond has a life many
times greater than a sapphire or ruby,
less damage is done to the record because of less wear to the stylus tip.
Most high -quality reproducers are
equipped with a diamond -tipped stylus.
Contrary to general belief, a diamond tipped stylus does not decrease the life
of the record groove.
15.34 Define the term "compliance."-It is the ratio of displacement

of the stylus to the applied force, expressed in centimeters per dyne. For a

quality pickup, this will range
from 9 x 10' to about 35 x IT". The
high

inch flat in a sapphire stylus. To wear
the same flat in a diamond stylus takes
approximately 143 hours of playing.

term compliance refers to the lateral or
vertical motion of the stylus or its compliance with the modulations in the record groove and is the opposite of stiff-

in

ness. For stereophonic pickups the com-

pressure and friction for a new and a
used stylus?-When a reproducer stylus
is new and its shape unaltered, the
pressure and friction are the greatest.
As a flat is worn in the sides of the
stylus tip, the pressure is reduced per
unit area. The frictional heat is reduced
for the same reason. Thus, the greatest
wear to the record groove occurs when
the record is played the first few times
with a new stylus.

pliance in the vertical direction is made
slightly less than in the lateral direction.
However, if made too light in the vertical direction, the stylus may not be able

15.30

What

the difference

is

to support the pickup at the desired
stylus pressure. For a stylus pressure of

1 gram, the pressure is equal to 1000
dynes.
15.35

What is the effective mass of
a stylus?-The lumped mass at the sty-

lus tip that would result in the same
mechanical impedance as caused by the

moving elements of the pickup structure.
15.36

What is stylus force?-It

is

vertical or downward force the
pickup applies to the record groove, expressed in grams. Present-day pickups
the

(a) Diamond

Sapphire.

Fig. 15-288. 0.7 -mil styli after 15 plays,
8 -grams

pressure

to

speed

up

wear.

(Courtesy, Audio Engineering Society
15.31

What is the temperature rise

employ a stylus force or vertical pressure of 0.75 to 6 grams. Older type pickups measured their vertical pressure in

ounces, sonie types taking up to four
ounces to properly track a groove.
15.37

How is stylus force measured?
back a constant -frequency record of at least 15 centimeters

created by the friction between the
sty/us tip and the record groove?-

-By playing

Temperatures of 2000 degrees Fahrenheit arc possible when the stylus is new.
As the stylus point wears, the temperature drops and when at its lowest is
still in the vicinity of 1000 degrees
Fahrenheit.
15.32 What is an osmium allay sty-

per second velocity, and measuring the

lus?-A stylus made of a hard dense
metal alloy with a high degree of resistance to wear. This alloy was used
for reproducer styli only. Now obsolete.

distortion, or observing the waveform
on an oscilloscope. The stylus force is
adjusted for the lowest distortion consistent with the pressure as measured
at the recorded surface.
15.38 What effect does the friction
of the stylus have on the side walls of
the record groove?-A small amount of
side thrust is acceptable and unavoid-

able. If the thrust is too great, it tends
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to pull the stylus out of the groove,
particularly at the smaller diameters.
/5.39

How are styli coded for iden-

tification?-By a color code similar to
that used for identifying resistors.
CONTACTS ONLY BOTTOM

15.40 Of whet is the dirt in a record
groove chiefly composed?-Silica particles, stylus material, soot, grit, and particles of the record groove mixed with
lint and flocculated fibres.
15.41
What is a truncated reproducer stylus and its purposc?-A reproducer stylus shaped as shown in Fig.

OF GROOVE

(a) In coarse -pitch groove.

RIDES ON EDGE OF LANDS
INSTEAD OF IN GROOVE

15-41 and designed to be used with
either coarse -pitch or microgroove recording. It will be noted at part (a)
that when used in a standard groove
the flat tip rides on the curvature of the
groove leaving a small clearance between the bottom of the groove and the
stylus tip. At part (b) in Fig. 15-41 the
stylus is shown riding in a microgroove
record. Here it will be noted the sides
of the tip ride near the upper limits of
the modulations

at

the

top of

the

groove. Referring back to part (a), if
is coarse pitch and not
worn, the stylus lip will ride as shown;
however, if the groove is worn the

the groove

stylus will ride in the bottom of the

(b) In microgroove.
Fig. 15-42. Compromise styli.

of playing hack both coarse -pitch and
microgroove

recordings,

and

was

known as a compromise stylus. It

is

NOW obsolete. A cross-sectional view of
a compromise stylus for a coarse -pitch

and microgroove recording is shown in
Fig. 15-42.
15.43 How are recording styli tested

for noise?-By recording a series of unmodulated grooves and measuring the
noise at a normal playback level. This
subject is discussed further in Question

groove and the signal-to-noise ratio
will he considerably reduced. At best,
such a stylus is a compromise. The
pressure of the stylus is increased to

23.78.

9 grams to prevent it from skating in
the bottom of the groove (now obso-

nified 25 to 100 times its normal size.
Variations in manufacture may be
noted by rotating the image against a

lete).
/5.42

What is a compromise stylus?

-When microgroove recording first
made its appearance, a stylus was designed to provide the user with a means

CONTACTS GROOVE WALL
AT 2 POINTS

(a) Stylus in a coarse -pitch grooue.

15.44

What is a shadowgraphl-A

device for projecting the shadow images
of styli. The image of the stylus is mag-

master contour.
15.45 Describe the difference between a long and a short -shank record-

ing stylus.-Recording and reproducing
styli are manufactured with either long
or short shanks. The reason for the difference is the design of the recording
head. Some recording heads require a
longer shank because of the distance
the stylus is projected into the armature tip. It is extremely important that
the proper length stylus be used in a
cutting head; if not used, the frequency
response may be seriously affected.
(See Question 15.46.)
15.46 Describe the effect of shank
shape on the frequency response of a re-

CONTACTS GROOVE WALL

AT 2 PORTS

(b) Stylus in a microgroove.
Fig.

15-41. Compromise or truncated
reproducing stylus (now obsolete/.

cording stylus.-Unless the stylus has
been specifically designed for a given
type cutting head, the frequency response can be seriously altered by the
shape and length of the material of the

stylus shank. The long shank has a
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reproducing styli. For stereophonic,
both the shape and length of the shank

+.2
+1

have considerable effect, as shown in
the plots in Fig. 15-46A. The frequency
response of each recording styli should
be measured before using and graded.
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15.48 Can recording sapphires be
resharpened7-Yes. There are several
z

FREQUENCY IN HER %.

Fig.

15-46A. Frequency response of re-

cording styli using different shank
tapers. :Co ccccc y, Copps & Co., Inc.)

greater amplitude swing but less high frequency response, as compared to the

shorter shank. The material of which
the shank is made also affects the response. Frequency response curves for
three styli of the same manufacture and
length, but of different shape are given
in Fig. 14-46A. The shapes are shown
in Fig. 15-468. (See Question 15.3.)
15.17 Do recording styli of the some

type and manufacture hove the same
frequency characteristicT-No, there can
be considerable variation as may be

seen by the plot of eight different styli
of the same manufacture and type (Fig.
15-47). This is also true for coarse -pitch

companies which make a specialty of
such work.
15.19 Con reproducer styli be resharpenedl-Yes, hut the cost compared
to that of new styli does not warrant it.
15.50 What is a boulel-A carrot shaped lump of material used in the

manufacture of commercial sapphires.
(See Fig. 15-50.)
15.51

What is a jewel?-A sapphire

or ruby used in recording and reproducer styli.
15.52 What is Stellitel -A commercial trade name for a metallic alloy
used for recording styli.
15.53 What type sapphire is used
for recording styli?-Commercial sapphire is manufactured from synthetic
corundum. For all practical purposes,

synthetic

sapphires

are

identical

in

physical and chemical composition to
the natural mineral. The name sapphire

is used to identify clear synthetic corundum and differentiate it from the
more familiar blue variety of this mineral. Synthetic white sapphire is a single, homogeneous crystal which can be
given an exceptionally smooth surface

(a) Standard.

(b) Front fit.

polish by either flame or mechanical
processes. There are no interruptions
on their mirrorlike surfaces and no
potential weak spots such as might de-

(C)

Fig.

fietir fit.

15-46B. Stylus shanks. (Courtesy,
Copps IS Co., Inc.)

velop in multicrystalline structures to
offer locations for wear. Typical sapphire and ruby rods used in the manufacture of styli are shown in Fig
15-53.

719

RECORDING AND REPRODUCING STYLI

Fig. 15-50. Steps in boule growth in the manufacture of commercial sapphire used
for recording and reproducing styli. (Courtesy, Linde Co.)
15.54 Where does sapphire fall on
the hardness scale?-Synthetic corun-

dum has a hardness rating on Moh's
scale of 9 as compared to 10 for diamond and 5.5 to 7 for hardened steel.
Laboratory tests show synthetic white
sapphire has a tensile strength of the
same order of magnitude as steel. When

heat treated between 1700 and 2000C
(3090 and 3632F), this material exhibits

a plasticity which will permit it to be
worked by flame -forming techniques.

of the stylus should be wiped off with

lacquer solvent after each use. This will
prevent small microscopic particles

from sticking to the tip and fouling the
groove while recording.
15.57 What is the purpose of a
scoop -shaped stylus?-It is used to re-

duce the error of

the vertical groove
motion es discussed in Question 13.30.
The scooped stylus is manufactured by
Capps & Co., Inc., and is marketed un-

der the name of Cappscoop. Its con-

How is commercial sapphire
manufactured)-The greater part of
synthetic corundum is obtained by

struction is shown in Fig. 15-57.

feeding finely divided particles of aluminum into a small oxyhydrogen burner.
There the material is gradually fused in

reduce considerably the deviation of the
cutting head face from the perpendicu-

15.55

By making the cutting face of the
stylus a circular arc, it is possible to

the flame and a carrot -shaped crystal

lar to the record surface. In addition,
the curved surface of the stylus facili-

known as a boule is grown. The finished
boule is allowed to cool very slowly in
the furnace and then split along a crystallographic plane to relieve stresses

ventional flat -faced stylus. Based on

built up during the growing process.
The average boule weight is 200 carats.
Boules in their growing stages are

tates the removal of the chip, while improving the signal-to-noise ratio for an
average of 3 dB, compared to the con-

considerable research and study, the
conclusions reached were that groove
walls recorded using a flat -faced stylus

shown in Fig. 15-50.
/5.56 What is the life of a recording sapphire stylus?-If treated with

care, about six to eight hours. The tip

Fig. 15-53. Sapphire and ruby rods used
in the manufacture of recording and
reproducing styli. (Courtesy, Linde Co.)

(a) Side view.

(b) Front view.

Fig. 15-57. Cappscoop recording stylus
for stereophonic microgroove recording.
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are not actually straight, but are concave, due to the nature of the lacquer
disc and the motion of the stylus. This
may be verified by a study of the chip,
which is not a true triangle.

ing from a diameter of 5 inches to 4
inches revealed the information shown
in Fig. 15-60.
These tests were made using a West-

What is hot -stylus recording?

rex 3C recording head, Capps & Co.
Cappscoop prewired stylus, Scully In-

-A technique of recording using a sty-

strument Corp. recording lathe, and

lus which is heated to a rather high
temperature by a small heating Call

Audiotape Corp. recording blanks.
15.61
How is modulation noise affected using a hot stylus?-Experience
indicates that modulation noise is practically nonexistent.
15.62 What type current is used to
heat a hot stylus? - Either alternating
or direct current.

15.58

wound around the tip of the recording
stylus.
15.59

What are the advantages of

hot -stylus recording?-The horns caused

by cold flow at the upper edges of the
record groove are eliminated, permit-

ting a higher level to he recorded. A
lower noise level results when cutting
at low groove velocities; thus, the signal-to-noise ratio is increased. With
hot -stylus techniques, diameter equalization is not always used because of the
improved high -frequency response.

Will alternating current in-

typical stylus heating coil.-The average coil will consist of about 7.5 turns
of resistance wire, 0.005 inch in diamo

eter, having a resistance of 32 ohms per
foot. The coil is closely wound on a drill

shank slightly larger than the stylus diameter, to permit the coil to be slipped

a
2

-5
Se

15.63

duce hum modulation in the stylus?-No.
15.64 Describe the construction of

.4

.5
6
16

14

6

4

OblIETCR -r04ES

86"1 C- CCU)

STANDARD P1101

Fig. 15-59. Comparison of the frequency
response obtained with o hot and cold
stylus.

15.60 To what temperature is a hot
stylus heated?-Operating temperatures
vary from 350 degrees Fahrenheit upward. In a series of tests conducted by
Jackson, under controlled conditions, it

was learned that the particular coil in
use produced the highest output level
at a current of 500 milliamperes. As an

example, let the output level for the
current of 500 mA at 5 inches equal the

reference level. Changing the current
through the stylus heater -coil over a
range of 50 mA to 650 mA and record -

over the stylus and held in place by
the natural spring tension of the coil.
As the current through the coil is increased, the signal-to-noise ratio will
be increased, up to a point of about 1
ampere. Beyond this point, the chip
may be caused to burn and adhere to
the stylus, so that its removal will damage the tip. Under no circumstances
should the recording be made without
the suction pump being on. It is of interest that the use of a hot stylus was
experimented with, in 1891, using a
flame.
15.65

Can radio -frequency current

be used to heat the stylus tip?-Yes, if
the stylus is insulated from the cutting
head mechanism to prevent heat conduction to the damping materials.
15.66
Is diameter equalisation required with hot -stylus recording?-As a
rule, diameter equalization is not required with hot -stylus recording since

Current through
the coil

Output level

650 mA (wire red-hot)

-1.0 dB (5 -inch diameter)

500 mA
400 mA
300 tnA
200 mA
100 inA
50 mA

-0.5 dB
-1.0 dB
-2.0 dB
-2.0 dB
-0.5 dB (4 -inch diameter)

0.0 dB Zero reference

Fig. 15-60. Changing current through stylus heater affects output level.
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the high -frequency losses are less than
2 d13 at the smaller diameters. However,
some recording activities do use a small
amount of diameter equalization, even

though they are using a hot stylus.
15.67

Is less power required to mod-

ulate the recording head when using a
hot stylus?-Yes. Slightly less power is
required at the higher frequencies:
however, at the middle and low frequencies, the power is the same as for a
cold stylus.
15.68

Does a suction system have a

cooling effect on a hot stylus?-Not to
any extent. A normal suction system
may be used.
/5.69 Will a hot stylus permit hard
discs to be recorded?-Yes; discs consid-

Fig. 15-73A. Torque tube and stylus as
used in the W
3C and 3D stereophonic recording head.

ered too hard for cold stylus recording
may be used if the hot -stylus technique
is utilized.
15.70 What is the procedure for
starting a hot -stylus recording? - The
suction pump is started first. The stylus
heater is turned on after the stylus has
been lowered onto the disc. If this precaution is not taken, difficulties may be
encountered, because the chip becomes
quite limp and may foul before the suction system can act.
15.71
What is the average increase
in the signal-to-noise ratio when using
a hot stylus? About 18 dB over a cold

stylus, resulting in a noise level of approximately 70 dB below the standard
NAB signal level. (See Questions 13.85
and 13.8G.)

a precision alignment of
the burnishing facets and cutting face.
The sapphire is 0.43 inch in length and
to result in

inserts in a V way at the end of the
torque tube. The V mount is an integral
part of the torque tube. Two 2-96
screws located adjacent to a V bind on a
wedge and apply pressure to the stylus
wall, thereby securing the sapphire in
a rigid mount. In Fig. 15-73B. is shown
the alignment of the cutting face, which
must be within plus -minus 4 degrees of
the perpendicular to the central axis of
the torque tube. This latter adjustmeut
applies to any stereophonic recording
stylus. (Sec Fig. 14-2G.)
15.74 Describe the construction of
an elliptical reproducer stylus.-The de-

stylus disc?-A

sign of the reproducer stylus has un-

special test record for testing the wear
of reproducing styli. The disc is made

dergone many changes since the invention of the acoustical and electrical
phonograph. Problems in the manufac-

15.72

What

Is

a

with cain action grooves which will
cause a worn stylus to scrape the side
walls changing the color and thus making the wear visible.
15.73

Describe

the

method

of

mounting styli in a stereophonic record-

ing head.-One such method is shown
in Fig. 15-73A, used in both the Westrex 3C and 3D rutting head. In the 3D
design of the stylus and the
torque tube are such that to replace the
stylus, the cutting head does not have
to be removed from the recording lathe.
The stylus is 1.5 times the diameter of
the one used in the 3 C head and has a
flattened face 6 -mils deep and 39 -mils
wide, ground the full length of the sapphire. The ground surface serves as the
stylus cutting face and as a flat for
mating to the precision mount, designed

ture of styli for monophonic reproduction seem small compared to that now
required for the production of styli for
stereophonic reproduction. One of the
major problems facing the styli design
engineer is to obtain a faithful tracking
of the sound -track modulations as they
PERPENDICULAR TO AXIS

head,

CENTRAL

Axis

15-736. Torque tube of Westrex
stereophonic cutting head showing the
Fig.

alignment of the recording stylus.
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CUTTER

CONICAL

Fig. 15-74A. Tracking angles for an elliptical and a conical reproducing stylus compared to a recording stylus.

were made by the recording stylus.

back stylus to the vertical -tracking
angle of the recorder -stylus angle.

Discussed to some length in Question
13.30 were the problems arising from
the shape of the recorded groove in the
master, and the difficulty of getting the
reproducer stylus to properly track the
groove of the pressing, without adding
distortion and undue wear. Several
types of distortion arc possible, namely
tracking distortion, tracing distortion,
dynamic distortion, and that caused by
the loss of contact between the stylus

Tracking distortion is caused chiefly by

the fact that the reproducer stylus is
different in shape from that of the recording stylus. Dynamic distortion occurs

pickup arm. Vertical -tracking distortion is minimized by matching the play -

003
NOMINAL
OF RECORD

reproducing

conditions

not quite the same as when the record
is static. Distortion caused by the loss
of stylus contact and the groove occurs
when the reproducer stylus starts
jumping off the sound track surface or
rattling in the groove.
Referring to Fig. 15-74A, at the left
is a drawing, showing the wedge -

and groove.
Lateral -tracking distortion can be
minimized by proper design of the

.00

under

when the stylus deforms the record
material and follows a contour that is

TYR

VAT

IN

MODULATION
GROOvE WALL

Miler

A

CONTACT POINTS

0007
FRON TA L RADIUS

IESILONAzA
THRU CONTACT POINTS)

.0002R
SOL RADII

°ARTIALSECTIOtt a -g

Fig. 15-74B. Bilateral -elliptical pickup stylus dimensions and radii. (Co
Brothers, Inc.)

, Shure
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shaped recording stylus. For perfect reproduction, the reproducing stylus must
move in a manner the same as the recording stylus. This cannot be accom-

plished using a round -end stylus, because the point of tangency between the

round end of the stylus and the record
changes as a function of modulation.
This difference in motion in termed

tracing distortion, and is directly proportional to frequency and cutting velocity, and inversely proportional to the
groove velocity squared. Therefore,
tracing distortion is most noticeable as
the center of the record is approached
for heavily modulated high frequencies.
The difference in design between the
recording

and

playback stylus

also

causes a pinch effect, which is most
noticeable when playing back a monophonic record with a stereophonic cartridge.

723

round tip. The perpendicular distance
between points of tangency for the
round tip is smaller where the sine
wave crosses the zero axis at the peaks
of the waveform.

Because a stereo cartridge will respond to both vertical and lateral modulation, an electrical output is produced
which is primarily second harmonic in
nature. Although tracing distortion may

be minimized by reducing the stylus
point to an extremely small dimension,
this can cause noise and distortion because the stylus rides in the bottom of
the groove. A minimum acceptable dimension is 0.4 to 0.5 mil. Tracing distortion could also be reduced by making the reproducer stylus an exact copy

of the recording stylus. However, because of the cutting edges, this would
cause undue wear on the modulations.
Therefore, a compromise is necessary
between the shape of the recording and
reproducing stylus; hence came the
elliptical or biradial reproducer stylus.

The term 15iradial-elliptical stylus" is
one introduced by Kogen and Samson,
to indicate the existence of two differ-

ent radii, one at the point of contact
with the sound track modulation, and a
second at the end of the stylus tip.

However, this design is referred to as
an elliptical stylus.
The minute dimensions of a biradialelliptical reproducer stylus manufactured by Shure Brothers, Inc., appear
in Fig. 15-74B. The groove radii portion
Fig. 15-74C. Elliptical pickup stylus in a
stereo groove.

of the tip are to a scale of 1000:1. A
simulated view of a biradial-elliptical
stylus in a record groove is pictured in

stylus

Fig. 15-74C. To achieve the full benefits

groove again, it will be noted that the

from a biradial-elliptical stylus, about
1.5 grams vertical pressure should be
employed, with the stylus angle set to

Referring

to

the recording

groove, as cut by the wedge-shaped re-

cording stylus, imparts a vertical motion to the reproducer stylus having

15 degrees from the perpendicular.
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Section 16

Pickups
Men like Pierce and Hunt, Pickering, Olson, Stanton, LeBel, Badmaieff, Bauer
and many others have all made valuable contributions to the design of the modern

day pickup. It has been developed from a device with a vertical force of about
one-half pound with an upper response of 3530 Hz, to a unit with vertical pressure
as low as 1,i gram and a frequency response from 10 Hz to 20,000 Hz and greater.
The pickup arm has also received considerable attenuation, with much thought
given to tangent error and resonance. In the early days of mechanical reproduction, the arm was designed to serve as a throat which connected the sound box
(pickup) to the horn; hence, the name tone arm. Since the arm no longer serves
in that capacity, the term "tone arm" is a misnomer, although it is still frequently
referred to as such.
This section deals with such aspects as driving force, acceleration, compliance,
and tracking, for both monophonic and stereophonic recordings. It supplies information as to types, such as ceramic and crystal, magnetic, variable -reluctance,
dynamic, frn, and others. It discusses the design of arms, resonance and mounting,
and gives other pertinent data relative to the use of snch devices.
16.1

dotted lines) causing a voltage to be
generated in coil F. Two tungsten loaded rubber damping blocks G are

What is on electric pickup?-

An electromechanical device for tracing

the vibrations in a sound track of a
record in such a manner that the instantaneous

used to center the armature in the center of the magnetic field.

vibratory velocity of its

In these early model pickups, the

moving system is in proportion to the
undulations of the record groove. The

stylus pressure was several ounces (at
least 3 to 4), while the modern pickup
uses 1 to 2 grams. The stylus was gen-

mechanical vibration of the pickup system causes an electrical current to be
generated, which is then amplified and
reproduced over a loudspeaker.

erally a steel needle, similar to those
used in an acoustic sound box, as described in Question 16.24. The greatest

The output voltage of an electric

drawback to this design was the frequent replacement of rubber hearings

pickup, depending on the design, may

be proportional to the velocity or the
of a magnetic pickup.-The basic principle of an early magnetic pickup, used
for record reproduction and known as
a balanced armature, is shown in Fig.

E, damping blocks G, and the centering
of the armature C in the magnetic field.
The output voltage was proportional to
the stylus velocity, and, as there were
no standards for recording and reproduction, little or no equalization was

amplitude of the moving system.
16.2

Describe the basic construction

If the armature was not accu-

16-2. Although present-day designs arc

used.

quite different, the same principles of
operation, electrically, still apply. The

rately centered in the magnetic field,
the distortion was quite high and was

essential parts are: a permanent magnet

compensated

for by attenuating the

armature C, pivoted at D and mounted
between the pole pieces of the magnet
in rubber bearings E. Movement of the

high frequencies with a "fuzz filter" (a
simple low-pass filter) consisting of a
coil and capacitor. This filter also
helped somewhat in reducing the sur-

armature by the stylus If disturbs the
magnetic lines of force (shown by the

face noise of the shellac pressings used
at the time.

A, with its pole pieces B, a soft -iron
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Fig.

early

16-2 Construction of a balanced armature type pickup, showing the magnetic lines of force.

16-3B.
model

Fig.

Internal construction of
Pickering variable -reluctance pickup.

of

frequency response was plus minus 2 dB, 20 to 20,000 Hz.
A second variable -reluctance pickup

variable -reluctance pickups.-Since the

to make its appearance was that by

introduction of the original variable -

Pickering (Fig. 16-3B) and was of similar construction and design. This early
model used a stylus pressure of 15
grams and developed an output voltage
of 17 millivolts for an impedance of 500

16.3

Explain

the

basic

design

reluctance pickup, many different versions of its design have appeared One

of the earliest was that by Clark in
1947 and is given in Fig. 16-3A, and in
principle, is still used for both monophonic and stereophonic design. The
magnetic structure consists of two pole
pieces A, with a small permanent magnet B between them. At one end, coil C
is mounted with a soft rubber insert D.

The

ohms. The magnet was placed as shown
by the dotted lines. The frequency

range was about the same as for the
first structure by Clark. The compliance
was
The
not replaceable.
A third design, shown in Fig. 16-3C

was that used by General Electric in
their variable -reluctance pickup, which
made its appearance about 1952. In this
design, the magnetic circuit consists of
two coils A, yoke B, and pole pieces C.
Armature D, which also acts as a stylus
bar, is mounted in such a manner that

C

A
E

one end is held in the exact center of

AA
Fig.

1 6-3A.

Varioblereluctance

mag-

the pole pieces. The armature rests on a
rubber damping block G, which also reduced the vertical compliance. The sty -

netic pickup (after Clark).

The stylus E, which is also the armature, is held in the exact center of the
magnetic structure by the rubber insert. When the stylus is actuated, its
movement causes a voltage to he generated in the coil. Because of its construction, the frequency response was above
the normal audio -frequency band. Output voltage was on the order of 100 mil-

livolts at 1000 Hz, with an output impedance of 500 ohms. The recommended
stylus pressure was 15 to 20 grams. The

stylus weighed 31 milligrams and was
removable. Although the recommended
pressure was 15 to 20 grams, the pressure could be as low as 7 milligrams.

Fig. 1 6-3C. Basic principle of a variable -

reluctance magnetic pickup structure,
showing the magnetic circuit, pole
pieces,

coils, and stylus bar.

727

PICKUPS

lus is mounted on the forward end of

the armature at F. The magnetic circuit
extends from the south pole of the magnet E, through the armature, up
through the pole pieces, and back

through the air to the north pole of the
magnet to complete the circuit. If the
armature is properly centered, the magnetic flux is divided equally between

the pole pieces. Lateral motion of the
armature between the pole pieces conducts the magnetic flux alternately
through the cores of the two coils which
are connected to operate push-pull.

When the armature is moved in a lateral direction by the stylus action, the
magnetic flux is increased or decreased
through the coils. Thus, the output
voltage varies directly with the change

of flux, or in direct proportion to the
velocity of the armature. Mechanical

design limits the motion to the lateral
direction only, thus reducing noise and
distortion. The impedance of such a design is rather high and is on the order
of 3000 ohms at 1000 Hz. The output
voltage is about 10 millivolts. The frequency response was within plus -minus
2 dB, from 30 to 15,000 Hz. Stylus
pressure was 6 to S grams. It also could
be obtained in a dual model, in which
the stylus bar carried a 1.0 -mil and a

Fig. 16-3E. Removable stylus mounting
used in the turnover pickup of Fig.

16-3D.

pickup mechanism, and a dual type in
which two replaceable styli inserts
were used and could be removed at the

front of the picknp body by sliding the
inserts forward. One side of the pickup
carried a 3 -mil stylus for reproducing
coarse -pitch recordings, and the other
side a 1.0 -mil stylus for reproduction of
microgroove recordings. A phantom
drawing of its construction appears in
Fig. 16-3D, with the stylus insert shown
in Fig. 16-3E. The insert consists of a

plastic mounting A, containing an inverted cup B, surrounding the stylus
shank C, containing the stylus tip D.
The stylus shank C is held in place by
a wire support E, embedded in the plas-

insert A. At the upper portion of
a small metal button F surrounds the upper end of the stylus

3.0 -mil stylus. Either stylus could be

tic

selected by rotating the stylus bar.
In about 1956, a decided improvement was made in the design of variable -reluctance pickups, with the ap-

cup B,

pearance of the Pickering Fluxvalve,
designed by Stanton. The pickup was
manufactured in two models, a single

Fig.

16-3D

shank, but leaves it quite free to move
by the action of the stylus in the record
groove. With the stylus insert in place
(Fig. 16-3D), the upper end of the stylus
G projects parallel over the center pole

Phantom view of Pickering Fluavolve variable -reluctance magnetic
pickup.

728

THE AUDIO CYCLOPEDIA

of coil I in the body. The magnetic flux

from the permanent magnet H also in
the body flows through the metallic
member to the button in the insert and
to the stylus shank itself. Directly in

back of the upper end of the stylus
shank are two metallic members placed

side by side and centered on a line
passing through the center of the stylus
rest position. In this manner, magnetic
flux

is carried back into the housing

and through the coil. With the stylus at
rest, the magnetic circuit is so arranged
that flux flows in equal amounts to the
two metallic members, and being balanced, no voltage is generated in the
coil. When the stylus is actuated by the

modulation of the record groove, the
magnetic flux is disturbed and is varied
from side to side as the stylus vibrates,
thus generating a voltage. When stylus
D is moved, supporting wire E is

twisted first in one direction and then
the other, but always returns the stylus
to the exact center. The vibratory mass
is comprised of only the stylus shank
and tip; thus, the mass is kept to a very
low value. Armature resonance occurs
above 30,000 Hz, which removes any

peaks in the audible range. The entire
mechanism, including the magnet, coil,
and magnetic gap, is enclosed in a plastic body. The output voltage is approximately 18 millivolts for a velocity of 7
centimeters per second, with a uniform
frequency response between 10 and

20,000 Hz. The principal parts of the
lower portion arc: stylus support wire
J, end of stylus shank M, stylus lip N,
turnover handle P, colored flag Q to
indicate which stylus is in use, plastic
body R, rear support bearing S, and the
output terminals T. This pickup may he
adjusted for a stylus pressure of 2 to 6
grams, using a stylus of 0.5 mil or
3.0 mils.
16.4 Con a pickup be designed to
reproduce both lateral and vertical
coarse -pitch recordings?-Yes, pickups

have been designed to respond to both
lateral and vertical modulations as typified by the early Western Electric
Model 9A monophonic moving -coil

pickup manufactured some years ago
(Fig. 16-4A). The motional structure
consisted of two coils A, mounted on an

armature B which carried a diamond
stylus C. A U-shaped permanent inag-

Fig. 16.4. Interior view of an early Western Electric 9A moving -coil vertical -lateral
coarse -pitch pickup (now obsolete).
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Fig. 16 -SA. Simplified cross-sectional drawing showing the interior construction of a

moving -coil stereophonic pickup.

net D, with pole pieces extending into
the coils, supplied the magnetic field.

versely, when the reproducer is used

The coils, armature, and stylus were
mounted in a viscoloid disc E, which
supports and centers the moving elements. Although this pickup has been

lateral motion inherent in the sides of

obsolete for some years, its structure is

ing transformer at its output to match

of interest because of its design that
will permit a single mechanism to be

the input impedance of the preamplifier.

used either in the vertical or lateral
directions.

The coils move vertically over the
magnetic pole pieces for vertically recorded records and transversely for
laterally recorded records. In so doing,
a

voltage is generated which has

a

waveform similar to the modulations of
the record groove. Connections from the
two coils are brought to a switch in the
equalizer network for changing to
either type of reproduction. Thus, discrimination is obtained between the two
different type groove modulations.
Vertical noise components which arc
always present in a lateral recording
arc suppressed when the reproducer is
switched for lateral reproduction. Con -

for vertically cut records, unwanted

a vertical -cut record is suppressed. The
output impedance of this head is on the
order of 9 ohms and requires a match16.S
Describe the basic construction
of a noting -coil stereophonic pickup.-

One of the first moving -coil pickups
was the Western Electric 9A described
in

Question

16.4,

which reproduced

both lateral and vertical coarse -pitch
records, using a single stylus. Several
different types of moving coil pickups
have been developed for both stereophonic and monophonic reproduction.
Among the first for stereo was the
Westrex Model 10A, now obsolete (Fig.
16-5A). The two sell -supporting volt-

age -generating coils arc mounted on
Mylar hinges with the axes of the coils
at

right angles to

each

other and

mounted 45 degrees to the horizontal.
The lower edge of each coil is connected
mechanically through a wire to a beam

MAGNET
CON. -1

COL -2

COIL

Car -2

SUSPENSION *RAE
MAGNET

SuSPENSON
miRE

STYLUS BAR.

STYLUS BAR

SOTTO.. PLATE

I

ST F Ft

POTION DOVE

RUBBER
GROMMET

Fig. 16-5B. Constructional view of moving coil pickup for stereophonic reproduction.
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which supports the stylus. This beam
consists of a small metal tube with an
outside diameter of 0.031 inch and approximately 0.15 inch long. The stylus
beam or tube is not subjected to twisting or bending. A drag -wire consisting
of a flat spring is connected to the rear
of the stylus beam and then to the reproducer housing to prevent the beam
from rotating. Thus, an equal compliance is obtained at the stylus for any
vertical direction. The drag -wire also
prevents any longitudinal motion of the
stylus.

A semisolid damping material between each link and the reproducer

Fig. 16.6A. Stercodyne Model SP -6, 15 degree, push-pull stereophonic pickup

by Bong and Olufsen of Denmark.
shown at C. When the coils arc actuated

by the stylus, they rotate In a circular
manner, cutting the magnetic lines of
force supplied by the magnet; thus, a
voltage is generated In the coils. As the

housing (near the coils) provides mechanical damping to the system to remove high -frequency peaks and also
helps to reduce crosstalk between the

output voltage from the coils is quite
low, a step-up transformer is used to

two channels.

phonic pickup.-Such a pickup is shown
in Fig. Hi -GA and is manufactured by
Bang and Olufsen of Denmark. The in-

The vertical angle of the stylus
set

is

to 15 degrees; however, In early

pickups of all manufacture the stylus
angle was what the individual manufacturer thought best. The magnetic
path of the pickup structure consists of
two pole pieces, a center pole, and a
permanent magnet. One edge of each
voltage -generating coil is placed over
the end of the center pole piece, in the

gap formed by the center and outer
pole pieces.

The coils arc phased to produce in phase output voltages when the stylus
is actuated by a laterally recorded
groove.

The compliance of the Westrex stereo
pickup is about 2.5 x 10' cm/dynes.

The stylus included angle is 40 to 55
degrees, with a tip radius of 0.5 or 0.7
mil. The output voltage averages about

2 millivolts per coil for a peak velocity
of 10 centimeters per second Separation
is

on the order of

25

to

30

dB, at

increase the voltage output
16.6

Describe

a

push-pull

stereo-

ternal magnetic structure is shown in
Fig. 16-6B and consists of a small arm-

ature in the form of a cross, made of
Mumetal, which swings between four
pole pins. A stylus bar constructed of
tached to the Mumetal armature cross
at one end. The stylus is secured to the
other end of the tube. Four pole pins
with four coils arc placed at each end
of the cross. With a 45 -degree motion
to the right, a reverse voltage induction
takes place. Such action permits the
coils to be connected push-pull, thus
reducing harmonic distortion induced
by the nonlinearity of the magnetic
field. In addition, the coils provide an
effective hum -bucking circuit. (See
Question 8.98.)

Cross talk between the left and right
channels is minimized, since such corn -

1000 Hz.

A second moving -coil type pickup is
shown in Fig. 16-5B. This design employs two moving coils mounted one

within the other. The coils are supported on two wares, placed 90 degrees

with respect to each other, in the horizontal plane, to permit their movement
by the stylus in a rotary manner, both
vertically and laterally. As a rule, the
coils will consist of only a few turns of
wire wound self-supporting, with a
stylus bar attached to the center axes
of the coils. A permanent magnet is
mounted directly behind the coils, as

RECORD

Fig

16-6B Simplified drawing of coils
and cross armature.
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operated at a pressure of 1 to 3 grams.
Compliance is 15 X 10' cm/dynes for

both directions of motion. Frequency
response is plus -minus 2.5 dB, 20 to
20,000 Ilz.
76.7 Describe the construction of a

RECORD

Fig.

1 6-6C. Magnetic circuit.

ponents are bucked out. The overall
cross -talk level is quite low for any frequency, since the voltage induction
comes only from changing the spacing
of the armature cross arms and the pole
pieces. Modnlating one channel 45 degrees, the cross arms on the orthogonal

without changing the
spacing, therefore there is no induced
voltage in this channel, assuming the
positioning of the unit, with respect to
the groove, is correct.
A cross-sectional view of the magnetic circuit is shown in Fig. 16-6C and
is similar to the magnetic structure of a
loudspeaker employing a center magnet. Thus, a closed magnetic circuit is
provided which prevents leakage of the
magnetic field, and being nonmagnetic,
it cannot be attracted to the steel turntable plate, while providing an effective
shield for the coils. The stylus bar pivots on a nylon thread, bonded to a plastic support. The armature cross bears
on a resilient disc (Fig. 16-GD), which
channel rotate

semiconductor stereo pickup.-A semiconductor pickup cartridge developed
by J. F. Wood and George Grover of
the Euphonies Corp., Guaynabo, Puerto
Rico, is shown in Fig. 16-7A and oper-

ates somewhat on the principle of the
strain gauge. The pickup mechanism
employs two small, highly doped silicon
semiconductor elements (0.008 inch X
0.005 inch) whose resistance varies as a
function of the stylus deflection. These
sensitive elements are mounted on laminated beams of lightweight epoxy with
gold-plated surfaces (Fig. 16-7B). A
notch in the beam under the assembly
acts as a hinge for stress concentration.

Referring to Fig. 16-7C, the construcfor a stereophonic cartridge is
shown. In this structure two beams are
used, each driven by an elastic yoke.
tion

coupled to the stylus. Aside from the
compliance of the yoke and mounting
pads, a mechanical advantage of over
40:1 can he attained in the beam and
stylus lever. This mechanical trans-

former provides high compliance and
reduces the mass of the elements reflected to the stylus. This stylus, elliptical in shape, is set at an angle of 15
degrees.

controls compliance and supplies damp-

ing for the moving system. The rotational point of the system is at the junction of the armature cross and the
nylon thread snpport. The output voltage is 7 millivolts for each channel for a
5 centimeter per second cut. The stylus
has an angle of 15 degrees and may be
16-7A. Miniconic U-15 semiconductor pickup cartridge manufactured
by Euphonic: Corp., of Puerto Rico.
Fig.

DAMPING

MATERIAL

NYLON

Since the semiconductor elements are

sensitive modulating devices and not
generators

as

in

the

conventional

pickup, very little energy is required
CROSS

STYLUS
BAR

STYLUS

Fig. 16-6D. Stylus mounting with dumping control.

for their operation. The compliance at
1000 Hz is approximately 25 X 10 cm/
dynes, and because of the low mass of
the semiconductor elements and driving
mechanism, the frequency response is
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Fig.

16-70. Beam construction of Euphonies semiconductor stereophonic pickup.

carried out beyond 50,000 liz. Actually,
the device will measure down to dc, but
because of the preamplifiers, the low frequency response is limited to a value
below 20 Hz. For its operation, a small
power supply (Fig. 16-7D) is required.

The supply also contains two single stage preamplifiers and one inverter
stage. A current of 6 mA ut 14 volts is
supplied to each semiconductor element As the elements are deflected by
the stylus action, the resistance of the
semiconductors

(about

800

ohms)

changes slightly, causing a varying de
voltage across the output. This de signal
is ac coupled to the preamplifiers in the
power supply, providing an output

elements upward in each channel. Such
an arrangement gives out -of -phase sig-

nals for lateral motion of the stylus.
Since the elements have no inherent
polarity, reversing the terminals does
not change the phase. To properly phase
the output signals, the left side is
passed through a phase inverter. Using
a standard test record with 400 and 4000

Hz, the intermodulation distortion for
a stylus pressure of 2 grams at a velocity of 13 centimeters per second, is 2
percent; for a velocity of 15 centimeters
per second and a stylus pressure of
gram. the distortion rises to about 10
1

percent. Separation is 25 dB up to 11,000

Hz and better than 15 dB to 20.000 Hz.

voltage of 0.4 volt for each side. The

Square -wave

cartridge employs mechanical equalization which, in combination with the BC

good, with a slight overshoot on the

equalizer at the output of each preamplifier, results in an RIAA reproducing
characteristic at the output.
Because of the importance of main taming symmetry in a stereo cartridge.
the beams are oriented with the silicon

noise ratio at the output of the pre-

reproduction

is

quite

leading edge at 1000 Hz. The signal-to-

amplifier is greater than 80 dB below a
reference level of

1

milliwatt. Such

pickups are not subject to extraneous
magnetic or electrostatic fields

The

normal precautions taken for grounding

LON fuss STLus
Fig. 1 6-7C. Cartridge construction of Euphonies semiconductor stereophonic pickup.
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Fig. 16-7D. Schematic diagram for Euphonies Miniconic PS -15 semiconductor pickup
power supply.

also apply to this type pickup.

(See

Question 4.119.)
/6.8 Describe the basic principles of

a moving -magnet stereophonic pickup.
A moving -magnet type variable -re-

luctance stereophonic pickup is somewhat similar in design to the moving coil type described in Question 16.5,
except that in the moving -magnet type,

the coils are fixed and the magnetic
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a piezoelectric element for the generation of voltage. The basic construction
for a crystal monophonic pickup is
given in Fig. 16-9A.

STvLIA (IAA

Fig. 16 -BA. Basic principle of a moving magnet type stereophonic variable -reluctance pickup.
lines

of force are

set

in motion,

as

shown .in Fig. 16-8A A tiny magnet is
mounted on the inner end of the stylus
bar then suspended in the center of the
four coils in such a way that it may be
actuated in a rotary manner, similar to
the coils of a moving -coil system. Re-

gardless of how the lines of force are
cut, either by moving coils or the magnet, a voltage will be generated that is
proportional to the stylus velocity. The
mass at the inner end of the stylus must

be such that little mass is reflected to
the stylus. Pickups of this design are
noted for their excellent reproducing
characteristics. in Fig. 16-8B is pictured
a moving -magnet type pickup, Model
V15 Type II manufactured by Shure
Brothers, Inc.
16.9 Describe the basic structure of
piezoelectric pickup.-Crystal and
ceramic pickups are somewhat similar
:n construction as both devices employ
a

Fig. 16-8B. Shure Brothers Inc., Modal
V15 Type II variable reluctance pickup,
using a moving magnetic structure.

The motional structure consists of
two Rochelle salts crystal slabs A and
B which are separated by a metal foil

C. A foil lead D is attached to each
crystal for connection to an external
circuit. The opposite ends of the crystals are clamped in a rubber sleeve
mounted in a clamp E called a torque
jaw. The lead ends of the crystals are
clamped between the rubber blocks F.
The stylus G is held in a chuck H and
clamped by the screw I. The chuck is
moved in a lateral direction due to the
motion of stylus G in the record groove.

Fig. 16-9A. Interior mechanism of crystal pickup.
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pickup cartridge.

The twisting motion of the torque
jaw causes the crystal slabs to generate
a voltage due to the piezoelectric characteristics of the crystals. (See Question
4.13.)

The voltage generated by the

crystals is proportional to the amplitude
of the stylus displacement. The rubber
sleeves J. K, and L are used to hold the
crystal assembly in its case, as shown
in Fig. 16-9B.

The output voltage of the average
piezoelectric

pickup

is

considerably

higher than for other type pickups. Pie-

zoelectric pickups are treated electrically as a capacitive -reactance device
since the impedance rises with a decrease of freqnency, and vice versa.
Simple RC networks are used with this
type pickup to obtain a frequency response corresponding to the standard
RIAA reproducing characteristic. Records recorded using a constant -amplitude characteristic may be reproduced
without equalization.

(See Questions

14.10 to 14.38.)

Crystal pickups must be carefully

Fig.

16-1013

High -frequency equaliza-

tion for crystal pickup.
wise a disagreeable rumbling noise will

result. Before mounting the arm for a
crystal pickup, the direction of maximum vibration in the turntable board
shonld be determined. The pickup arm
is then mounted parallel to the vibratory motion
16.10

Show a simple RC network for

use with piezoelectric pickups.-Six RC

equalizer networks for both crystal and

ceramic pickups are shown in Figs.
16-10A to D. The networks are connected between the output of the piezo-

electric pickup and the input of the
preamplifier.

The

characteristics

of

these networks are such that they correspond to the standard RIAA reproNORTARL CANE rm. Low ratoyiptcr
RT TENuATE0 a MGM FREOutIsC BOOST

mounted on a turntable board, otherAS/AM - RtseSTrA LAO
RiO of GOK1

P3

A0
-SO

SO

R. 0 s AGARS
R 0 22 KROHN
OS
AO
AO

MI

Al

Se

PRO/Kt 111

Fig.

16-10A.

Low -frequency

Al

equaliza-

tion for a crystal pickup.

Fig. 16 10C. Complete equalizer circuit
for crystal pickup.

Fig. 16.100. RC frequency -correction networks for ceramic pickups to reproduce the

RIAA characteristic, using a pickup with a compliance of 15 X 10' or greater.
Response will be within BIBS or minus 2 de.
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characteristics given in Fig.
13-95. (See Question 16.47.)
16.11
What is the internal impedance of the average crystal pickup?ducing

capacitor pickup employs the capacity
change of the head to modulate a radio -

with a

frequency oscillator which is demodulated and then amplified as usual.
16.14 If a lateral pickup has an

capacitance of 0.001 to 0.0015 µF.
76.72 Is it permissible to couple a

appreciable amount of vertical compliance, how will it affect the reproduction?

piezoelectric

--Two output voltages will be generated, one for the lateral and one for the
vertical motion. The voltage generated
in the vertical direction is added to the
lateral voltage in the form of distortion

Approximately 100,000 ohms,

pickup

by

means

of

a

transformer?-Yes, special impedance -

matching transformers are available for
matching

the

ceramic

crystal

and

pickup to a lower impedance, such as
600 ohms. However, such transformers
are rather hard to design and still
maintain good frequency characteristics It is much more desirable to operate the pickup into a preamplifier containing the equalizer networks as given
in Question 16.47.

and noise.

What is a frequency -modupickup? -A pickup developed

76.15

lated

sonic years ago by Alexis Hadmaieff,
utilizing an fm circuit in which pushpull action is obtained by varying the
resonant frequencies of an oscillator
discriminator circuit simultaneously. in opposite phase relationship
to each other. Modulation of the oscillator and discriminator is achieved
through the use of two capacitors
shunting the inductance of the two cirand a

OUTPUT

Fig. 16-12. Piezoelectric pickup coupled
by

means

of

an

impedance -matching

transformer to a lower impedance.

cuits,

the common plate of which

is

grounded and mechanically coupled to
the stylus. When the stylus is moved
laterally, it, in turn, displaces the com-

mon plate of the push-pull capacitor
and thus varies the frequency of both
the oscillator and the discriminator in
opposite phase.

16.13

What is a capacitor pickup?

-A pickup patterned somewhat after
the design of a capacitor microphone.
A stylus is attached to a stretched diaphragm mounted on the face of an insulated back plate to which is connected
a polarizing voltage. The capacitor head
is connected to the input of a resistance -coupled amplifier. A second type
PICKUP

The fin push-pull circuit to which
the push-pull capacitor is coupled is
shown in Fig. 16-15A. A G.SF7, with its

cathode, control grid, and screen, are
combined with a tuned inductance LI
and one-half of the push-pull capacitor
Cl. to form an oscillatory circuit which
is electron -coupled to the plate and
electrostatically shielded by the sup -

ROOFF

10005f

250f

6SF7
oI
TO FILTER
2

REO

4000F
IAN

250v

GRNc

6.3

" VAC
Fig. 16-15A. Schematic of an fm pickup oscillator -d scriminator.
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CROSS SLCTO.
Fog.

1 6-1 5 D. Simplified form of on fm pickup head consisting of a push-pull capacitor with grounded center plate.

oscillatory energy

oscillator -discriminator unit run cen-

from the plate is applied to the dis-

trally in the two aluminum tubes corn prising the arm for the reproduced unit
(Fig. 16-15C). The oscillator -discriminator tube and its circuits are housed in
the base of the arm.
The output signal is audio frequency

pressor

grid. The

criminator circuit, which consists of
another tuned coil L2 and the other half
of the push-pull capacitor C2.
The two halves of the push-pull capacitor, Cl and C2, comprise the pickup
head of the reproducing unit. The discriminator is slightly ofT-resonance relative to the mean frequency of the os-

cillator, the push-pull capacitor being
the controlling element of both circuits. The output from the discriminator -tuned circuit is coupled through a

in character, with an output level of
minus 45 dBm, after passing through
the output filter. The arm resonance is
low (about 12 Hz) and is damped mechanically by means of a high viscosity
oil in a special ball bearing pivot. The
vertical motion of the arm is damped to

the head from bouncing. A

capacitor C3 and rectified by the diode
section of the 6SF7. After rectification.
it is filtered of its rf component and
appears as a varying voltage across the
resistor R1 which Is directly proportional to the stylus displacement.
The push-pull capacitor Cl and C2,

prevent

which is the head of the pickup, consists
of a flat steel wire one -quarter inch
long, at the free end of which is
mounted a diamond or sapphire tip.

within the audio spectrum without ap-

The wire is faced on both sides by two
metal plates and spaced by a Rap of
approximately 0.008 inch. The rigidity

of the wire is low, being on the order
of 1 4 x" 10 dynes per centimeter. The

head assembly is shown in a simplified
form in Fig. 16-158. The leads between

the push-pull capacitor head and the

Fla

variable filter or equalizer is shown in
Fig. 16-I5D which supplies the desired
reproducing characteristic. The mechanical resonance of the armature and
stylus are above 15,000 Hz, thus enabling the pickup to reproduce frequencies

preciable peaks or dips, over a range of
20 to 15,000 Hz.

The distortion is on the order of 0 5
percent below 5000 Hz, and above this
frequency, 1.5 percent The linearity of
the push-pull characteristic is shown in
Fig. 16-15E. The oscillator frequency is
approximately 40 MHz and is adjusted
for a maximum output by using a 1000
Hz constant -frequency record. The output impedance is 250 ohms and may be

16-15C An fm larlrap, arm, and rqual.ror
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Fig. 16-15D. Schematic diagram of fm pickup equolicer.

used with any normal low -impedance
input circuit.
16.16 What is a carbon pickupTA pickup similar in design to a carbon
microphone. A stylus is attached to the
carbon button which is connected in
series with a source of direct current
and an output transformer. Variations
of the carbon button resulting from
movement of the stylus cause a pulsating current to flow though the primary
of the transformer. This current is sim-

ilar to the modulations in the record

Emmeimmo
Fig. 16-19A. Cross-sectional view of the

RCA 5734 mechano-electronic

trans-

ducer.

veloped many years ago but did not
prove very popular because of its poor
reproduction. Also, it had to be tracked
across the record in such a manner that

groove. The pickup may be designed to
use a single or a double button such as
are described in Questions 48 and 4.9.

the

The disadvantages of this pickup are
the same as those of the carbon micro-

reflected from the other parts of the
record groove which was not part of

phone.
16.17

the modulations.
16.19 What is an electronic pickup?

Whet

is

a

moving -cane

pickup? -A pickup employing a moving
member which varies the inductance of
an oscillator tank circuit causing a
change in its frequency. The changes
are detected and amplified in the usual
manner.
16.18

What is a photocell pickup?

-A pickup

employing

a

photocell

photocell was exactly centered
above the record groove. The signal-tonoise ratio was low, because of light

-Although all pickups are electronic,
the name electronic pickup has been
used to designate a unit designed in the

form of a small vacuum tube. The device consists of a vacuum tube with a
stylus attached to an anode inserted
into the interior of the tube through a
flexible diaphragm.

which picks up fight reflections from

The motion of the stylus causes the

the record groove. This pickup was de -

spacing between the anode and cathode

a

:III

.111111
gigrill

MM4 irAmmUMMEM
MEM

Immo
IN1'91

0-1 -3 -3 -4
g"
6 STYLUS DEFLECTION IN 001 INCH
4

5

Fig. 16-15E. Linearity of the push-pull
pickup head (distortion).

16-198 Circuit diagram for the
RCA 5734 ntechano-electronic transF.9

ducer when used as a pickup for reproducing records.
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to vary which, in turn, causes the plate

current to vary, producing a voltage
across the load resistance which varies
in proportion to the stylus amplitude in
much the same manner as a crystal
pickup. The signal voltage may be taken
from the plate by means of resistance

or transformer coupling. The advantages of this device are its low mechan-

ical impedance and the fact that the
output power is taken from the power
supply and not the actuating source.
A potential of 22 volts is required at
the plate, at a current of 2.5 mA. The
effective plate impedance is 5000 ohms.
the load resistance is 75,000 ohms, and
the amplification factor is 20. A crosssectional view is shown in Fig. 16-19A

and the external circuitry is given in
Fig. 16-19B. A typical tube of this type
is the RCA 5734 mechano-electronic
transducer.
16.20 Describe the construction of a

strain -gauge pickup.-The strain gauge
is a device used for measuring the
strain in structural members of aircraft
and similar applications. However, the
principle of the strain gauge has been
applied to pickups used for record
reproduction.

The device consists of a stretched

hieuteme *LOCK
CESASEC EL EMENTS'..

--STYLUS MUNI WE
SLOES

- STYLUS BAR

STYLUS

16-21A. Simplified drawing showing the construction of a ceramic stereophonic pickup.
Fig.

tional to the stylus amplitude. A simplified view of such a device is shown in
Fig. 16-20.

Strain -gauge pickups have been de-

veloped with an internal resistance of
several thousand ohms and eliminate
the need for a matching transformer.
Explain the basic principles of
16.21
construction for a stereophonic ceramic
pickup. -A simplified diagram for a
ceramic stereophonic pickup unit is
shown in Fig. 16-21A. The moving system consists of two piezoelectric crystal
slabs of lead -zirconium titanate, or sim-

ilar material. This particular material
offers good mechanical and electrical
properties, with high sensitivity and
high capacitance. The ends of the slabs
in a mounting
block, and the front end is connected

are mounted rigidly

current flows. A stylus is mounted in

by a yoke made of injected molded
plastic. This coupling is most critical

the exact center of the wire and makes

because upon it depends the electrical

contact with the record groove. The

performance and the mechanical im-

motion of the stylus causes the wire to
be elongated in first one direction and
then in the other, causing the electrical
resistance of the wire to be changed in
accordance with the modulations in the

pedance seen at the stylus point by the
record groove. The coupling system is

wire through which a continuous direct

defined as that portion of the mechanism that lies between the stylus tip
and the ceramic slabs.

The stylus bar is made from heat -

record groove. These minute changes of
resistance cause a varying voltage to be

treated,

generated across the extremes of the
wire. These voltages are then stepped

tubing, with one end flattened to hold
the stylus at the desired angle. The

up by means of an impedance -matching

thin -walled

aluminum

-

alloy

-

transformer and amplified in the usual
manner. The output voltage is propor-

Fig. 16-20. Simplified view of a strain gouge pickup.

Fig. 16-21B. Ceramic pickup cartridge
Model 150-DF manufactured by Electra.
Voice Inc.

740

THE AUDIO CYCLOPEDIA

other end of the stylus bar is held in
place by the stylus mounting block. It
will be observed that the coupling yoke
is connected at a point about midway
on the stylus bar. This point is chosen
because it affords the most desirable
electrical performance and substantially
reduces the mechanical impedance of
the yoke and ceramic elements as seen
by the stylus tip.
Four output terminals are used, two
for each channel, to ensure the complete isolation of one side from the
other. Damping in the form of a vis-

For several years pickup heads have
been designed to be easily removed
from the pickup arm therefore the
name cartridge. A majority of modern
designed pickups use similar mounting
holes and terminals to afford a means of
easy replacement by the user.
/6.24 What is a tone areal-A hol-

low arm which supports an acoustical
sound box used for reproducing phonograph records acoustically. The sound
box is equivalent to the electric pickup,
except that it reproduces the modulations of the record groove by acoustical

cous material is used to control the frequency characteristics. The compliance

pressure.

for the cartridge of this type is on the
order of 3 y 10- an/dynes, for an effective mass of 14 grams. Since such
pickups are of the constant -amplitude
type, to reproduce the RIAA reproducing characteristic an RC network is required. The output voltage for such a

mica diaphragm with the stylus at-

The sound box consists of a metal or

device is approximately 10 millivolts for

tached to the center of the diaphragm.
The sound box is mounted on a tone
arm. The opposite end of the tone arm
is connected to a horn. The motion of
the stylus in the record groove causes
the diaphragm to vibrate. This motion
disturbs the air column in the horn,

a peak velocity of 5 centimeters per
second. Ceramic pickups are not af-

causing sound waves to be generated.
A cross-sectional view of a typical

fected by magnetic or electrostatic
fields. (See Question 1630.)

acoustical

A stereophonic turnover -type ceramic cartridge, manufactured by Electra -Voice Inc., is shown in Fig. 16-21B.

reproducing machine
is
shown in Fig. 16-24. Although the electrical pickup arm does not carry IICOUSt ice sound, the term "tone arm" is still
used by some manufacturers and writ-

One side of the stylus bar carries a 0.7 -

e rs.

mil stylus for stereophonic reproduction, and a 3.0 -mil stylus on the other,
for monophonic coarse -pitch reproduction. The compliance in both vertical
and lateral directions is 4.5 x 10' cm/
dynes. Stylus pressure is 4 to 6 grams;
however, higher compliance and lower
stylus pressure models arc available.
The desired stylus is selected by a
swing of the flanged lever front one side
to the other. The output voltage is 0.4
volt, with a frequency response of plus minus 2 dB, 20 to 20,000 Hz. using a 1megohm load resistor.
/6.22 What is a magnetestriction

pickup)-A pickup using a ferromagnetic metal, such as nickel, placed in a
strong magnetic field which causes it to

save
sox

\

ST 1111S

TURNTABL

Fig.

16-24. Acoustical reproduction of

phonograph records using an acoustical
sound bon.

of

16.25
Whot is the frequency range
the average acoustical -type repro-

ducerl-About 120 to 4500 Hz with a
considerable amount of distortion and
a number of resonant peaks occurring
in the reproduction. Acoustical pickups

expand or contract when in motion.

or soundboxes are used in nonelectrical
record reproducers.

Whets subjected to compression, the
magnetic reluctance changes, varying

16.26 What it tracking error?-Another name for tracing distortion. This

the magnetic field in which a coil is
placed for the purpose of picking up the

subject is discussed in Questions 13.30

generated voltage. As a rule, such pickups are designed with magnetic struc-

is pinch effect and its
causes?-Pinch effect is the result of

tures resulting
voltage.
16.23

in

a push-pull output

What is o pickup cartridge?

and 13.173.
16.27 What

the record groove pinching the tip of
the reproducer stylus and causing it to
lift in the groove and sometimes leave
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groove entirely. Pinching when
present occurs twice per cycle causing
the stylus to rise in the groove due to
the narrowing of the groove because of
the

sharp changes of directiou m the groove.
This is shown at part (a) in Fig. 16-27A.
These abrupt changes are caused by the
change in direction of the recording

stylus as it moves from side to side
while engraving the sound track. It is
an established fact that when the radius
of the reproducer stylus tip is slightly
larger than the groove the best tracking conditions exist. This causes the
curve of the stylus to ride on the
straight sides of the groove wall; how-

be seen at part (a) in Fig. 16-27A due
to the narrowing of the groove. If the
sty:us diameter is equal to the modulation wavelength the stylus cannot fit
the groove, as shown at part (b) in Fig.
16-27A. What happens when a stylus

with a large radius fails to follow the
groove when a small radius of curvature is encountered is shown at (c) in
Fig. 16-27A.
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ever, this must not be carried too far
or the stylus will ride on the top edges
of the groove. If an attempt is made to
trace a sine -wave groove with a point
whose

em...111.110.

1.1.1111111nr

effective diameter equals the

wavelength of the groove modulation,
difficulties will be encountered.
First the pinch effect will cause the
stylus to lift out of the groove, as may
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Fig.

16-27B. Groove wavelength versus

frequency or a speed of 331/4 rpm.

The relationship of frequency to re15 SMALL61
A

corded wavelength in mils at a speed of
331,1.; rpm is graphically illustrated in

(a) Sound track narrows because of
position of recording sylus.

EFfEC TTVE

STYLUS TIP
DIANE TER
WAVE

LENGTH
GROOVE

WALL

(b) Stylus tip diameter same as the
wavelength of modulation.

Fig. 16-27B. It will be noted for a frequency of 7000 Hz, the wavelength is
3 mils and at a diameter of 5 inches,
the wavelength is 1.25 inches long.
Such problems make it quite difficult
to reproduce higher frequencies using
R1AA recording characteristic if the
foregoing problems are not considered.
Pierce and Hunt have shown that the
pinch effect produces second harmonic
distortion in the vertical direction
which will cancel in a lateral recording
system if the stylus could lift freely
without generating an output voltage.
To reproduce the modern microgroove
record properly the stylus tip must not
exceed 1 mil in radius. Present standards call for 0.5- to 0.7 -mil tip radius.
16.28

What

ore

the

effects

of

?-The low frepickup arm res
quencies will resonate at some frequency, causing a boorny reproduction.
GROOVE

This effect is the result of a combina-

WALL
REPRODUCING

STYLUS TIP

(c) Stylus too large a diameter, fails to
follow small groove radius of curvature.
Fig. 16-27A. Tracking problems.

tion of mass and compliance in the me-

chanical system and is comparable to
an electrical system containing capacitance and inductance where the circuit
is resonant at some frequency. A reso-

nant arm will produce a

rise at the

lower frequencies causing intermodula-
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tion distortion components to be generated by combining with higher frequencies.

In a well -designed pickup arm, the
resonant frequency is below audibility

and is of low amplitude. In some instances motor rumble will cause the
arm to be excited and produce an objectionable low -frequency distortion.
16.29 Describe the effect of pickup
arm mass.-If the mass is too great, the
force required to move it exerts excessive pressure on the side walls of the
groove, damages the modulations, and
decreases the compliance. It also is pos-

pedance consists of a resistance, and its

value for a given frequency characteristic is specified by the manufacturer
of the pickup.
Moving -coil pickups (dynamic), generally are of low impedance and operate into a step-up transformer with the
secondary terminated or unterminated.
Crystal and ceramic pickups are considered to be generators in series with
a capacitor workiug into a high load
resistance to avoid the :oss of high frequencies.
16.33

How is the output voltage of
a pickup specified?-It is stated for its

sible that the arm may be excited by
vibrations from the turntable motor,
causing resonant peaks in the repro-

open -circuit voltage in terms of a stan-

duction.

meters per second. In some instances,
the manufacturer may use a reference
level other than 5 centimeters. The output voltage Is stated in millivolts.

Define compliance in a pickup.-Compliance in a pickup is the ratio
16.30

of the stylus to the applied force, expressed in centimeters per dyne. This
subject was discussed in Question 15.34
16.31 How it pickup impedance

rated?-In the early design of pickups,
the impedance was rated in ohms, at
either 400 or 1000 Hz. It is the practice
with present-day pickups to state only
the inductance, the output in millivolts.
and the de resistance. A few manufacturers still rate their product in impedance, and some give only the load resistance. However, knowing the inductance and dc resistance of the windings,
the impedance may be easily calculated,

using the standard formula for inductive reactance. Because the majority of
pickups are designed to be operated
into a resistive load (22,000 to 47,000
ohms) and arc not required to match a
given load impedance, it is not necessary to know the impedance, but only
the output voltage. It was also a policy
in early designs to design moving -coil
pickups for a low impedance, or around
150
ohms. Balanced -armature types

(Fig. 16-2) ran from a few hundred to
several

thousand

ohms.

Impedance -

matching transformers were used when
a

definite impedance match was re-

quired. Crystal and ceramic pickups are
considered to be a generator in series
with a capacitor and are operated into a
high resistance (see Question 10.10) to
avoid loss of high frequencies.
/6.32 Define load impedance.Load impedance is the impedance the
pickup sees at its output terminals
when operating. Generally, the load im-

dard reference level of 1000 Hz, recorded at a peak velocity of 5 centi-

16.30 What is playback loss?-A
loss arising from the effect of tracking
force pressing the playback stylus into
the record groove. The tendency is for
the playback stylus to be pressed less
into concave portions of the groove
(left wall). The greater the pressure on
the convex side of the wall (right side),

the

less

stylus displacement;

conse-

quently, less voltage output.
16.35
What is the purpose of an
offset pickup arm?- -To reduce the tangent error when reproducing. (See
Question 16.52.)
16.36 What is the average recom-

mended stylus pressure?-Stylus pres-

sure will vary with the design of the
pickup, and the manufacturer. This information is given the user by the manufacturer; however, for modern pickups the stylus pressure will fall between 0.75 and 6 grams. This is also
known as the vertical -tracking force.
16.37 What is viscoloid?-A material used for damping the action of the
mechanical elements in a cutting head,
pickup, or other devices where resonant
peaks must be reduced.
16.38 What is a twister element?A term applied to crystal elements cut
on an axis which results in a piezoelec-

tric effect only as a result of twisting
the crystal slab. Such elements are em-

ployed in crystal pickups. (See Question 16.9.)
16.39 What is the maximum temperature at which a crystal pickup may
be operated? About 133 degrees Fahr-
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enheit. Higher temperatures may cause
the crystal to melt.
16.40 What is the cause of distor-

tion in a pickup?-Intermodulation distortion is generated when two or more
frequencies are applied to the pickup
simultaneously, and is caused by nonlinear tracking of the pickup, and also
the mechanics of tracking the groove.
The vertical -tracking angle can have
considerable

the distortion

effect on

characteristics, as may be seen on the
graph in Fig. 16-40. Tracking -angle distortion is caused by the angle of the
pickup stylus not being the same as the
cutting head stylus. When making
pickup -distortion measurements. if possible, a test record having a 15 -degree
groove angle should be used. Special
test records are available for such meaThe effects of vertical tracking angle are measured by using a
turntable that may be tilted and rotated
90 degrees, with respect to the pickup
arm. (See Question 13.30.)

surements.

intermodulation analyzer is connected

at the output of the playback circuit
when the measurement is made.
In both these methods, the distortion
of both the recording and playback systems is included in the measurement.
Special records containing a single frequency or intermodulation frequencies
may be obtained for testing reproducing

equipment. Methods of making such
distortion measurements are discussed
in Section 23.
/6.42 Define the term "trackabil-

Hy" as related to a pickup.-Trackability is a term introduced by Kogen and
Samson to rate the ability of a pickup
to track heavily modulated grooves in a
disc record. Considerable research has

gone into the study of heavily modulated records, now so prevalent in the
industry, and into the development of
a pickup with high compliance using a
biradial-elliptical stylus. (See Question
15.74.) As this subject is beyond the

scope of this work, the reader is referred to the references.
16.43 Why is the intermodulation
method of measuring pickup distortion

6

400 Kt AT 7

preferred?-13ecause it is three to four

PER SEC

times more sensitive than the single

PEAK VELOCITY
5

frequency method and is similar to the
manner in which the human ear hears.
Also, intermodulation measurements
arc not generally affected by turntable
flutter.
16.44 What is a vibration pickup?-

4

3

2

A special pickup, generally a crystal,
used for making vibration measure-IC

-5

0

5

+10

+15 +20

VERTICAL TRACKING ERROR

16-40. Total harmonic

distortion
versus vertical tracking error in a stereophonic pickup.
Fig.

16.41

pickup

How is the distortion of a
measured? --Pickup distortion

may be measured by either the harmonic or intermodulation method. In
the first method, a recording is made
containing a single frequency of low
distortion. This recording is then played
back using the pickup to be measured

and a distortion factor meter.
In the second method, intermodulalion distortion is measured by recording

two frequencies of 400 and 7000 Hz
simultaneously in a ratio of 4:1. The
higher frequency is 12 dB lower in am-

plitude than the lower frequency. An

ments of moving machinery.
What effect does load resist16.4S
ance have on the frequency response of

o pickupl-Considerable effect is noted
on the frequency characteristics when
measured using no load, and then load-

ing the cartridge. If the cartridge is not
operated into its proper load resistance,
the frequency response may be seriously affected. The proper load resistance for a given frequency response

may be obtained from the manufacturer.
The high -frequency response of the
average variable -reluctance pickup may
be increased by increasing the value of
the load resistance. The load resistance
for present-day monophonic pickups
range from 22,000 to 27,000 ohms, and
47,000 ohms for the majority of stereo-

phonic cartridges. However, in some
instances, a monophonic cartridge may
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use a higher value of load resistance
than 27,000 ohms.
16.46 How is the compliance of a
pickup measured?-Compliance in a

pickup is a measure of the ease with
which the stylus may be deflected from
a position of rest, and follow the modulation in a groove. Compliance is defined

as the amount of movement resulting
when a given force is applied to the
stylus tip and is expressed in millionths
of a centimeter deflection for a force of
1 dyne or 0.00102 gram.

Compliance is measured by placing
the pickup in a fixture and exciting the
stylus with an audio frequency, and determining the resonant frequency of the
pickup by measuring the voltage at the
output of the pickup with a vacuum tube voltmeter. Knowing the resonant
frequency and the mass of the stylus
tip, it may be calenlated:
Comp =

1

where,

M equals the total mass referred to
the stylus tip,
F is the resonant frequency in Hz.

tween the collector of the output stage
and the emitter of the first stage. The
feedback at 10,000 Hz is 30 dB, which
results in an input resistance of about
350,000 ohms. Local feedback is supplied

by the unbypassed 470 -ohm resistor in

the emitter of the first transistor. The
output level is 1 volt, with a signal-tonoise ratio of 76 dB below 1 volt. The
frequency response is that of the RIAA
reproducing curve, within plus -minus
I

dB. The gain is 36 dB, with a total

harmonic distortion of 0.5 percent for a
plus 11 dBm outpnt

The circuit of Fig. 16-47B is a vacuum -tube preamplifier, using a low noise 7025 tube. Resistor RI has a value
as
recommended for the particular

pickup used. The output circuit must
not be loaded with less than 220,000
ohms. Figs. 16-47C and D show pream-

plifiers for use with ceramic pickups.
Referring to Fig. 16-47C, the output
is RIAA equalized when used with a
ceramic pickup having a capacitance of
5000 to 10,000 pF. The input impedance
is approximately 620,000 ohms at 50 Hz.

The output voltage is about I volt and
has a signal-to-noise ratio of 70 dB. The

At the present time, no standard has

total harmonic distortion at 1000 Hz is

been set for the measurement of com-

0.6 percent at 1 -volt output. The RIAA
turnover frequency of 500 to 2122 Hz is

pliance.
76.47

Give schematic diagrams for
magnetic, crystal, and ceramic pickup
preamplifiers.-Four preamplifier circuits one shown in Figs. 16-47A to G.
Fig. 16-47A shows a low -noise preamplifier, using two common -emitter
stages, with a feedback loop containing
the equalizer components connected be-

obtained by the use RI, R2, and Cl.
(See Fig. 13-95.) With cartridges of
1000

and

10,000-pF

capacitance

and

using the circuit of Fig. 16-47D, the
output is also RIAA equalized. In this
circuit, the feedback is taken from the
collector base with the equalizer components in the loop, which lowers the
v

100 II

25
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Fig. 16-47A. Transistor preamplifier for magnetic pickup. RIAA equalization. Resistor RI to be of the value recommended by the manufacturer of the pickup (after
Rheinfelder).
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--Z. OUTPUT
NOT LESS
THAN 220a

Mar

Fig. 16-47B. Vacuumtube preamplifier for magnetic pickup. Resistor RI to be a
value recommended by pickup manufacturer.

input impedance, thus permitting it to
accept a large range of pickup capacitance. The input impedance at 40 Hz is

sponse. The hum and noise is 64 dB
below an output level of plus 4
over a frequency range of 50 to 10,000

about 30,000 ohms, which decreases with

an increase of frcqueucy thus causing a

Hz. The separation between channels is
37 dB at 10,000 Hz, using RIAA equali-

velocity response from the cartridge.

zation. Two controls arc provided for

The frequency response is within plus -

balancing the two sides. This preauipli-

in the Westrex transfer

minus 1.5 dB from 40 to 12,000 Hz, with

fier is used

a signal-to-noise ratio of 70 dB. Har-

channel, discussed in Question 17228.
Exceptionally good results may be
obtained by using field-effect transistors
(FET's) in pickup preamplifiers, since
results have indicated that a greater
signal-to-noise ratio can be obtained by
their use. The particular circuit shown
in Fig. I6 -47F is claimed by its designer to have a signal-to-noise ratio
7 dB lower than the best vacuum -tube
amplifier of similar design, with a 5 dB
higher overload factor. FET's were discussed in Section 11 and also in Section

monic distortion is less than 0.1 percent
at 1.25 -volts output. In vacuum -tube
type preamplifiers, if practical, dc
should be supplied to the heater circuit

to reduce the possibility of hum and
noise pickup.
A schematic diagram for the Shure
Brothers Inc., Model SE -1 stereophonic
preamplifier is given in Fig. 6-47E. This

preamplifier is designed for studio and
broadcast use. Controls are provided
for cutting in a 45 -Hz high-pass rumble
filter and a 7000 Hz low-pass filter, for
removing the RIAA equalization, and
for reproducing a flat -frequency re-

12.

16.48 What is an N -A beam tort
record?-A special test record for mea-

22v

225
1

20K

"PIO

2142924
2042924

2042924

412141110

CERAPi4C

CARTRIDGE

5000 TO
10.00344

416.41.1110

500Pr

4142924

SK

CERAAKC

20

RI

75K

CARTRIDGE

001.4
OUTPUT

Oi

1000 TO

20
OUTPUT

-22V
R2

33K

-22V

Fig. 16-47C. Transistor preamplifier designed for use with ceramic pickups of
5000 to 10,000 pF capacitance.

Fig. 16-47D. Transistor preamplifier designed for use with ceramic pickups of
1000 to 10,000 pF capacitance.
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swept 20 times per second from the

suring the intermodulation distortion of
a phonograph reproducing system.
16.19 What is a sweep recorell-A

lowest to the highest frequency. A light

test record on which are re-

pattern of a typical sweep frequency
record is shown in Fag. 16-49A. This

corded frequencies from 50 to 12,000 Hz

record is played back on a reproducing

special

'I1
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wI
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6

11l.

I
N
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1

N
II

a

N

I

S ==lit

Il

r

K3'
Fig. 16-47E. Schematic diagram for Shure Brothers Inc., Model SE -1 stereo preamplifiers and equalisers.
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CINN I 6A

0

015
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OUTPUT

INPUT
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7 55
25

0 120V
I

i000pf

I(
60K

27000F

Fig. 16-47F. Pickup preamplifier using field-effect transistors. Resistor R, and RI
are to be of a value specified by the pickup manufacturer (after Rheinfelderl.
system, with an oscilloscope connected

across the output. A pattern similar to
that shown in Fig. 16-498 is obtained
if the system has uniform frequency
response. If it does not, the pattern will
be distorted. Frequency markers ap-

dance of the pickup, the greater will be
the loss at the high frequencies. In selecting cable for connection to a pickup,
the capacitance per foot should be as
low as possible and the cable well
shielded. Cable capacitance has the ef-

pear at intervals to indicate the frequencies as they appear on the spectrum. This subject is covered in more
detail in Question 23.141.
16.50 How does cable capacitance
affect the frequency response of a
pickup? -Both the cable capacitance

and load resistance at the output of a
pickup have an effect on the frequency
response; the higher the internal impe-

16-4913. Pattern obtained for a reproducing system of uniform frequency
Fig.

response, using a sweep -frequency record

as shown in Fig. 16-49A.

Fig. 16-49A. A typical light pattern of a sweep record. The pattern shown covers a
frequency range of 50 to 12,000 Hz repeated 20 times per second using the standard RIAA reproducing characteristic.
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feet of a low-pass filter. Typical values
for 4 -wire cable, measured between
conductors, and the shield and conductors are:
I wire and shield, 33.4 pF per foot.
2 wires, connected in parallel at one

end only, and shield, 52 pF per
foot.

indicated. At A are two knife-edge

bearings having a pivot with friction
less than 20 milligrams in both vertical
and horizontal directions. The arm B is
of stainless steel, wood -lined to place
the resonant frequency well below the
reproducing range. Weight C is used to
statically balance the arm longitudinally

2 wares, no shield, 21.1 pF per foot.
What is the retationthip of
16.51

and laterally. Rider weight D adjusts

frequency to wavelength fora given recording diameter?-This relationship is

or 1/4 increments. Alignment is obtained
by the use of a sliding base E through a
1 -inch area, with alignment in the ver-

shown graphically in Fig

16-27B.

How may pickup -arm tangent
error be minimised?-Tangent error may
16.52

be minimized by use of either an offset
or curved arm which progressively reduces the tangent error as the arm
moves across the face of the record.
The conventional pickup arm is gen-

erally mounted in a swivel bearing at
the rear and to one side of the turntable. With such a mounting, the pickup
can be tangent to the groove ut only one

the tracking force

1/4

to 5 grams, in

1/4

tical plane up to 95 inch. These latter
adjustments permit the arm to be raised
to the proper height, length, offset, and
overhang. A small weight F provides a
bias adjustment to prevent the arm

from skating across the face

of the

record. Lever G provides a slow motion

let -down for the pickup. Connections
for the pickup cartridge arc provided in
the head 1, with external connections at

point in the recorded area, the center.
In the early design of pickup arms, the
arm was straight and it was not uncommon to find tangent errors of 16 to 30
degrees at the inner and outer diameters of a 12 -inch record. The use of this
type mounting tears out the side wall of
the record groove. Tangent errors may

be reduced by increasing the length of
the arm, but if carried too far becomes
impractical. Modern pickup arms employing an offset have on the order of
I -degree tracking error.
A precision arm, manufactured by
SME of England, is shown in Fig.
16-52A, with its essential components

Fig.

Maronts

16-52B.

Model

SLT12

straight-line turntable and pickup. The
movement of the pickup is tangent to
the record groove.

Fig. 16-52A. English SME pickup arm. Arm hos a slight offset to reduce tangent
error. ;Courtesy, Shure Brothers Inc

1
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Fig. 16-52C. Underside view of Marants Model SLT12 straight-line turntable, showing the pickup mechanism.

plug J. Tangent error is reduced to less
than 1 percent by the use of an offset
in the arm back of the pickup cartridge

mount, and the arm placement at the
rear of the turntable.
A turntable and pickup developed by
Marants Co. Inc., designed to solve the
tangent error, is shown in Fig. 16-52B.
The pickup unit is guided across the
face of the record in a straight line, so
that the pickup is always tangent to the
record groove, therefore the tangent
error is zero. The turntable is belt
driven by a hysteresis -synchronous
motor. The turntable weighs 12 pounds,
and is supported by a tungsten -carbide
thrust bearing. Push buttons control the
starting, stopping, and the dropping of

a minimum tangent error. The procedure is the same for any length arm
and diameter platen. It will be found,
regardless of where the arm is placed,
tangent error cannot be eliminated entirely. Several excellent methods of
mounting arms are discussed in the
references.
16.54 What is overhang?-The dis-

tance the stylus projects beyond the
center pin of the turntable when the
pickup arm is in such a position that
a line joining the pickup stylus tip and
the lateral -arm pivot passes through
the turntable center pin.
range
16.55 In what frequency
should the resonant frequency of a

pickup arm fall?-The design should be

the pickup on the record. The pickup
employs an elliptical diamond stylus.
with a compliance of 30 x 10' cm/

such that resonance at 30 Hz is avoided,
as this is the rumble frequency for a
four -pole motor. As a rule, the resonant

dynes. The rumble is said to be 112 dB
below a reference level of 7 centimeters
per second. Two speeds arc provided,
3.31,
and 45 rpm. An interior view,
showing the driving mechanism for

frequency of a pickup arm on a record
changer occurs between 30 and 40 Hz.
Reproducing equipment for broadcasting and other professional use is designed to place the resonant frequency
of the arm, below 10 Hz. For a number

guiding the pickup across the record
appears in Fig. 16-52C.
16.53 What is the procedure for

mounting a pickup arm?-Generally the
manufacturer of the arm supplies a
template and mounting instructions for
a particular arm. However, in the absence of such information, the pickup
arm is mounted in such a manner that
the tangent error is at a minimum. One
method of mounting the arm is shown
in Fig. 16-53. A template is plotted to

indicate the inner and outer areas of
modulation, and the arm so placed for

of commercial arms, resonant frequency
is around 2 Hz.
16.56 What is the effect if the
magnetic structure In a pickup causes a

drag on the turntable? -The attraction
of the magnetic structure of a pickup
to a steel turntable can increase the
stylus pressure and could cause the
turntable to run slightly slow if the attraction Is strong enough. The attraction of the pickup can be reduced by
placing a pad between the pickup and
turntable. In modern design, the attrac-
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AVERAGE CENTER OF
RECORDED AREA

Fig. 16-53. Typical mounting for on offset pickup arm.
lion effect has been reduced to a neglig-

ible amount or eliminated completely.
Some manufacturers of turntables use
aluminum, which is nonmagnetic and
load the turntable with a nonmagnetic
material to increase its weight.
16.57

-A form

What is torsional resonance?
of resonance often found

above 100 Hz in a pickup arm This
effect may be eliminated by making the

arm of the greatest torsional rigidity
for a given weight, such as by the use
of rectangular tubing.
16.56

What

is

the

procedure

ably. The measurement is made, using
a special test record with two grooves,
one groove containing a frequency re-

corded on the left wall, and the other
with the signal recorded on the right
wall. First a measurement of the left
wall is made and plotted. The second
groove is then traced and plotted. The
difference between the two measurements is plotted in dB separation.
Separation is generally stated at 1000
and 10,000 Hz and is most important in
the range between 200 and 6000 Hz. A

for

adjusting the height of a pickup arm? For a manual turntable, using a 15 -degree stylus, both the pickup and arm
must be parallel with the surface of the
record, with the stylus pressure adjusted to its specified value. If this procedure is followed, the stylus will be at
the correct angle and is the same for
both monophonic and stereophonic cartridges. For automatic record changers,
the adjustments are generally made for
a height of three records. (See Question

HEAD -ON VIEVI OF CARTRIDGE

0

1p
6

ro

15 60.)

Describe the effect of can
tilt on the electrical separation of
a
stereophonic
pickup. -Separation,
sometimes referred to as cross talk, is
the ability of a pickup to reproduce the
stereo effect. If the stylus is not vertical,

16.59

but tilts to either the right or left side,
the stereo effect is reduced consider-

4.4

3°
40

V
-0

-5
0
.5 .10
ILT ANGLE Si DEGREES

Fig. 1 6-5 9A. Separation versus stylus tilt

of 1000 Ha (otter Kogen and

Samsoni.
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PICKUPS

separation of 10 to 15 dB in the higher
ranges is considered adequate.
Fig. 16-59A indicates how the separation is affected by the tilt of the car-

tridge. Precautions should be taken to
make sure the signal in each groove of
the test record is exactly the same level,
as it has been found that some test records do not have the same level in each
groove. If this occurs, the measurement

Fig. 16-61. Dummy circuit for magnetic
pickup. This circuit may be substituted
for a magnetic pickup when making
measurements. The inductance must be

encased in a Murnetal shield.

ATEN

in a direction against the motion of the
record, as shown in Fig. 16-60.

PICKUP

What is the electrical equiv16.61
alent of en average magnetic pickup?The electrical equivalent of a typical

0

magnetic pickup is shown in Fig. 16-61.
For measurement work involving crystal or ceramic pickups, a capacitor hav-

ing a capacitauce equal to the stated

PIVOT

Fig. 16-598. Turntable mounted on piv-

capacitance of the pickup is substituted

ots for tilting at different angles when

for the pickup element at the input to

making vertical and tilt -angle measurements. The table is shown in the posi-

the amplifier.

tion for making vertical tracking angle
tests. For pickup tilt measurements, the
table is rotated 90 degrees (after Kogen
and Samson/.

will be in error. When the stylus is exactly vertical, the greatest separation

obtained. The turntable used for
these measurements is supported on
two pivots on a line running through
the spindle center (Fig. 16-59B). The
arm is mounted on a straight line support to permit it being placed in the
groove with as near zero tangent error
is

as possible.
16.60

Show how a 15 -degree angle

is applied to a reproducer stylus.-The
15 -degree angle is applied to the stylus

16.62 Is it permissible to play back
stereophonic recordings, using a monophonic pickup?-Stereophonic record-

ings should not be played back using a
monophonic pickup as the stillness in
the vertical direction will damage the
sound track. However, it is quite satisfactory to play back monophonic re-

cordings using a stereophonic pickup.
However, the turntable nimble may be
increased, since most turntables have
their greatest vibration in the vertical
direction.
/6.63 Describe the listening effect
of playing bock a monophonic recording
using stereophonic reproduction.-If the

pickup is connected in the stereophonic
position, the effect is that of a quasi stereophonic signal, as the signal is

heard on both the left and right channels.

Combining the left and right chan-

TRUE

Is°

ti

VERTICAL

nels to supply a suns signal to both
channels

ANGLE OF
DEFLECTION

simultaneously,

lateral

cal turntable rumble components are

STYLUS

out of phase, causing cancellation of the

rumble frequencies. This
Fig.

the

signals are added in phase, while verti-

RECORD
SURFACE

16-60. Cross-sectional

view of

a

pickup and stylus set to an angle of 15
degrees.

desirable

condition

for

is

the most

reproducing

monophonic recordings using a stereophonic pickup. (See Question 16.62.)
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Section 17

Magnetic Recording
Although magnetic recording was invented in 1900 by Valdemar Poulsen, it is
probable that the greatest advancement was contributed by German researchers
who in 1928 developed recorder -reproducers which used a magnetically coated
paper -base tape. By the end of World War II they had perfected not only a highly
satisfactory cellulose base tape, but equipment capable of excellent sound reproduction for that time.
Factors contributing to the pre-eminence of magnetic recording arc: portability
and compactness of equipment: its freedom from dependence on laboratory processing; immediate playback; cost of the recording stock plus the ability to reuse
tape; case of storage: wide dynamic range; low distortion; and excellent sound
reproducing qualities.
This section discusses transport systems, single and multiple sound -track heads,
alignment, shielding, crosstalk, high -frequency bias current, types of magnetic tape
and film, equalization, resolvers, looping systems, degaussing, and many different
types of studio recording and associated equ:pment. Video-tape recording is discussed only briefly as It is not within the scope of this work.
The Standards quoted in this section are those in present usage. However, several are under review and may be changed in the near future.
netie substance after the applied magnetic force has been removed. Magnetic
recording tapes having high remanence
have a correspondingly high output.

17.1
What is magnetic recording?Recording on a wire having magnetic

qualities or on a paper- or plastic -base
tape coated with a magnetic emulsion.
17.1

Define

magnetism

in

simple

17.8

Define retentivity.-The abil-

terms.-It is a property found in certain
materials which causes them to attract
other materials. (Sec Question 17211
17.3 What does the term "astatie"
mean?-Having little or no magnetic

ity of a certain substance or substances
to retain a magnetic charge. As an ex-

properties.

netic substance.-The point of satura-

What is reluctance7-Magnetic
resistance. The opposition offered by air
or certain substances to the flow of
magnetic lines of force.
17.5 What is residual magnetism?The amount of magnetism retained by

tion has been reached when the number
of flux lines in a magnetic core material

a magnetic substance.
17.6 What is a ferromagnetic mate-

magnetizing force required to reduce
the residual magnetism in a previously
magnetized object to zero. The applied
force must be of opposite polarity.
17.11
What is magnetic couplingtA method of coupling devices by the

ample, soft

iron may be magnetized

easily, but it quickly loses this property.
17.9 Define saturation in a mag-

17.4

reaches a point where an increase

in

current causes no additional magnetism.
or decreases the magnetization.
17.10 What is coercive force?-The

rialt-A substance having a magnetic
permeability greater than tha: of a vacuum and which varies with the applied
magnetizing force. Examples of such

materials are iron, nickel, cobalt, and

use of coils and an iron core, or through
their fields being adjacent to each other.
Two examples of magnetic coupling arc
shown in Fig 17-11.

numerous alloys.
17.7 What is
remanence? - The
magnetic induction remaining in a rnag753
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(a) Air.
Fig.

(b) Iron -core.

17-11. Magnetic coupling.

sheets or roils, from about 2 mils to 60
mils in thickness, and may be formed
into any shape by bending and cutting,
without affecting shielding capabilities.
No annealing after working is required.
The shielding capabilities for fields of
60 and 120 Hz is very high. For a 4 -mil
sheet, the attenuation for Netic is 6 to
12 dB, and for a sheet of Co-netic, 20
to 24 dB. These materials will also act
quite well as an electrostatic shield in

currents?-

most instances and have the unique
ability to be equally efficient at both

Small currents flowing in the interior

high and low intensities. Interleaving of

of a conductor caused by the movement
of a magnetic field near the conductor.
The action in the conductor, if it could
be seen, would appear as swirling water.

the two materials will result in an ex-

17.12

What are eddy

This term is generally associated with
magnetic materials, although eddy currents may be induced in other materials
not having magnetic properties.
17.13
Whot is on instant
polarity?-The magnetic or electrical

polarity existing at a given instant in
an electrical or magnetic circuit.
17.14 What are the names of the
magnetic materials used for magnetic
shielding and cores/ - Conpernik and
Hypersil, both manufactured by Westinghouse; Hypemik, manufactured by
Allegheny Steel; Permalloy, manufac-

tured by Western Electric; and Mu metal, manufactured by Telegraph Construction and Maintenance Co., Limited.

The foregoing are the most commonly
used, although there are many others

tremely high attenuation ratio. (See

Question M.)
17.15 What is Alnico V and VI?The trade name of a magnetic alloy
used in the manufacture of permanent
magnets which is manufactured by several different steel companies. Such
magnets are used in loudspeakers, light
modulators, meters, and similar devices
requiring a highly intense permanent
magnet. (See Fig. 17-15.)
17.16 What is a core7-A core generally consists of a group of laminations,
powdered iron, or a solid piece of magnetic material. Cores are used with coils
such as an audio or power transformer
to obtain magnetic coupling. When used
in ac circuits, the core is laminated; that
is to say, the core is made up of a num-

ber of thin magnetic iron sheets to reduce the effect of eddy currents (Sec
Fig. 17-16.)

developed for express purposes.

17.17

Defino the term "permeabil-

To the audio engineer, some of the

ityr'-When certain types of magnetic

most useful of magnetic shielding materials are Netic and Co-netic alloys,

materials are introduced into a magnet-

manufactured by Perfection Mica Co.
These materials can be obtained in

r;

Mr
WY,

izing field, the number of flux lines in
the material is greatly increased, and
exceeds that out of the field many times.

eirOZt s

NGN
S

0

i

sGs
N

Fig. 17-15 Examples of permanent magnetic structures used in various devices rea
permanent magnetic field. (Cour esy, "Magnetics," Indiana Steel

quiring

Products Co.)
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ternational agreement, the term oersted
replaced the term gauss.
17.21
What takes place when a bar
of iron

is magnetised?-A simple ex-

planation of magnetic theory based on
present

knowledge

is

given

in

Fig.

17-21.

17.22

Fig.

17-16. A laminated core and the
coil.

What is the rule pertaining to

like and unlike poles of a magnet?Like poles repel and unlike poles attract. (See Fig. 17-22.)

force passing through the same area
when it is occupied by air or vacuum.
The materials mentioned in Question

17.23 What is surface induction?A quantitative measurement of the signal strength stored in a magnetic tape
or film. The magnetic flux is measured
on the surface of the magnetic emulsion
where the signal is normally picked up
by the reproducing head.
17.24 Describe the bask principles
of magnetic recording.- -Although there
is no definite knowledge of just when

17.14 would all he classed as having high

magnetic

permeability. The symbol mu or (µ) is
used to denote permeability.
17.18 Whot precautions should be
token when handling high -permeability
materials?-Certain groups of materials

vented, it is known that a Danish inventor, Valdemar Poulsen, a telephone
engineer invented a magnetic wire recorder and reproducer before 1900 and
received a US Patent 661,619 Nov. 13,

cannot be bent or cut without rean-

1900, called the Telegraphone. However,
the use of this device was hampered be-

The permeability of a material is defined as the ratio of the number of lines
of

force which pass through a given

area when it is occupied by a magnetic
substance, to the number of lines of

nealing. Others cannot be dropped or

recording was actually in-

heated. The characteristics of the mate-

cause of the lack of amplifiers and the

rial should be determined by referring
to the inanufacturers data sheet before
cutting or bending.
17.19 What is hysteresis loss?Power lost in a magnetic core because

available type recording media. In about
1927, a German inventor, Pfleumcr, was

of the internal friction caused by the
molecules of the material Hysteresis is
caused by eddy currents in the core
material and manifests itself in the form
of heat.
17.20 Define the terms "gauss" and
"oersted."-Gauss is the cgs electromagnetic unit of magnetic induction.
One gauss represents one line of flux
per square centimeter. The oersted is a

unit of magnetic intensity (H) in the

experimenting with a powder coating,
nonmagnetic -oxide, that deposited metallic particles on a tape. In 1930, a tape
with a plastic backing was manufactured in Germany and after World War
II was developed into its present state.

If magnetic material is placed in a
magnetic field, the molecules of the

material will be oriented with the direction of the magnetic field. Several
methods may be used to produce this
field, but to the audio engineer, the one
of most interest Is the field that is produced by a current flowing through a

centimeter gram second (cgs) electromagnetic system of units. The value of
magnetic intensity in oersteds at any
point in a vacuum is equal to the force

coil of wire with a core as used for

in dynes exerted on a unit magnetic

iron -oxide deposited on a plastic tape
backing. (See Question 17.116.) During
the recording process, the tape is pulled
at a constant linear speed over a magnetic recording head containing a minute gap (Fig. 17-24A). While the tape
is passing over the head gap, audio frequencies are applied to the head coil.
Any particle of the magnetic medium
crossing the gap is magnetized and re-

pole placed at that point.
Hans Cristian Oersted,

a Danish
physicist, discovered in 1826 that a com-

pass is

deflected when placed near a

wire in which there is a current flow.
and also that a magnet exerts force on

a wire carrying current. The gauss is
named in honor of Karl F. Gauss, a
German mathematician. In 1930 by in-

magnetic recording.
Magnetic -recording media generally
consist of finely divided particles of

THE AUDIO CYCLOPEDIA

756

ization, which is proportional to the flux

If the signal being recorded is of a sinusoidal nature, the intensity of the mag-

flowing through the head at the instant
the particle passes over the gap. Thus,
the actual recording takes place at the
trailing edge of the recording head gap.

netization on the tape will vary simultaneously (Fig. 17-24B). A wavelength
of recorded signal will occur for each
complete alternation of the input signal.

mains in a permanent state of magnet-

VOA

/\

I---MOO

Vp el'

woes

11
1 PAL
of an external magnetic
to be aligned so that their magnetic

P.m+, .

Application

field causes magnetism in the domains

moments arc added to each other and
to that of the applied field.
With soft magnetic materials such as
iron, small external fields will cause
great alignment, but because of the
small restraining force only a little of
the magnetism will he retained when
the external field is removed
. With
hard magnetic materials such as Alnico
a greater external field must he applied

Physical concept of the inner structure

of a ferromagnetic atom showing the
electron arrangement necessary for the
creation of magnetism.
The

uncompensated,

or off -balance,

planetary spin of the electrons in the

.

third incomplete quantum shell, to-

gether with specific dimensional characteristics creates a magnetic moment,

.

to cause orientation of the domains, but
most of the orientation will be retained
when the field is removed, thus creating
a larger permanent magnet, which will
have one North and one South pole.

or force.

------------------------

----N

Magnetic moments in neighboring atoms

are held parallel by quantum mechanical forces which can be likened to the
forces holding the sun, moon, stars and
earth in their relative positions

is
OM*

--40-e11/Y INN GO

-------------------A freely suspended bar magnet will al-

ways tend to align itself with the North
and South magnetic poles of the earthfor example-the magnetic compass.
This occurs because unlike poles of a

magnet arc always attracted to each

The atoms possessing these magnetic
characteristics are grouped into regions
. A Domain is the
called domains
.

other by invisible lines of force whereas
like poles repel each other.

.

smallest known permanent magnet. 6000
domains would occupy an area compar-

able in size to the head of a common
pin.

A domain is composed of approximately

one quadrillion (l,000,000,000,000.000) at-

If an atom were the size of a
oms .
1.i inch ball, then a domain would con.

tain enough of these halls to surround
the earth with a band 30 miles wide.

In unmagnetized ferromagnetic materials the domains are randomly oriented
and neutralize each other.

The horse -shoe shape is most commonly

used in magnetic separators because its
lines of force are more adaptable to the
tasks which must be performed in the
separation of ferrous from non-ferrous
materills
A piece of iron placed
within the effective range of a magnet
will, in turn become magnetized. It will

HOWEVER,THE MAGNETIC FORCES
ARE PRESENT!

have its own North and South poles
which will be attracted to the parent.
or larger magnet in proportion to its

mass.
Fig. 17-21. A simple explonotoon of magnetism. (Goa ----- , Indiana Steel Products
Co.)
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core will vary with the changing state

411,11"

of magnetization on the tape, and cause

a voltage to be generated in the head

,

"°'

(a) Repulsion of like poles.

it

(b) Attraction of unlike poles.
Fig. 17-22. Repulsion and attraction of

winding.
It is to be observed that the voltage
is proportional not to the
magnitude of the flux, but to the rate ol
change. Therefore, the playhack voltage
generated is dependent upon the fre-

generated

quency, and for constant -current recording (recording constant -current for
all frequencies) the output voltage varies

in direct proportion to frequency.

The output voltage may be equated:

two magnetic poles.

Wavelength is directly proportional to
tape speed and inversely proportional
to the frequency of the applied signal.
Therefore,

E=N (dOdt)
where,

E is the induced voltage,

N is the number of turns of wire in
the head winding,

(rl ch dt)

flux.

A = V/F
where.
A

is the recorded wavelength,

is the rate of change of the

Fig. 17-24C illustrates the reproduction

of a relatively long wavelength on a

portion of the magnetized tape in contact with the head gap is bridged by the

tape passing over the reproducer head
gap, and Fig. 17-24D shows a short
wavelength equal to the reproducer
head -gap height. In the latter circumstance, the average magnetization in the
gap is zero and does not change with
tape travel; therefore, the output of the
head will be zero. The high -frequency
response can be increased by either reducing the height of the reproducer

magnetic core of the head, and the tape
in its passage over the head gap causes

head gap, or by increasing the linear
speed of the tape. However, if this is

magnetic lines of force to be induced

carried too far, the voltage output from

into the core of the head, thus generating a voltage. The magnitude of this
flux is a function of the average state of
magnetization of the portion of the tape
spanning the head gap at any given instants. As the tape passes over the gap,

the

V is the linear speed of the tape in
inches per second,

F is the frequency of the applied signal in hertz.
During playback the magnetized surface
of the tape is passed over the gap of the
reproduce head, which is similar in construction to the recording head. The

the amount of flux through the head

head

decreases

to

an

unusable

amount, and a compromise must be
made. If the reproducing gap of 0.00025
inch is used and the tape transported at
a linear speed of 60 ips, it is possible to
reproduce a frequency of 100,000 Hz or
1600 sine wave cycles per inch of tape.
TAP( DIRECTiON
TAPE

.4
Or
Or

-e

Si sAl

Fig. 17-24A. Tape showing how the meg.

netic field is induced in the tape.

Fig. 17-248. Basic construction of a recording or reproducing head.
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This relationship
17-24E and F.

shown in

is

harmonic distortion to the minunum
signal which can be recorded. The minimum signal level is determined by the
inherent noise level for the system. Stability relative to the amplitude is deter -

Figs.

The dynamic range (signal-to-noise
ratio) is the ratio of the maximum sig-

nal that can be recorded for a given

00025
MAGNETIC
FIELD

mAGNE TIC

FIELD

AVERAGE

Al

AVCRAGE STTk CF
mAGNETIZAT ION

1.

A TO 0 SOME
POSITIVE vALLIt

STATE OF
MAGNETIZATION

4

TO B ZERO

Fig. 17-24C. Showing the gap effect of
a reproducing head when playing back
a low frequency.

Fig.

back

17-24D Gap effect when playing
a high frequency equal in wave length to the head gap.

g,

0

WH FREQUENCY
EIROP-OFF AS

WAVE LENGTH
APPROACHES
GAP WIOTH

IWi

1011112

10/36Mt

FREQUENCY IN NERTZ

F 9. 17-24E. Linear speed versus frequency. Not. the 6 dl per octave rise.

sees
Sohn
ISops

1

SO

I

MHZ

?SANS SOIANT 00N4

FREQUENCY IN HERTZ

Fig. 17.24F. Linear recording speed Venus the frequency response for a constant gap
width.
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20
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10- 0

500

likH2

RIECWEIPOCY N HERTZ

Fig. 17-24G. Basic scheme of equalizing magnetic tape.

mined by the surface of the recording
media If the surface is rough, large
lapses or reduction of signal levels will
result, causing dropouts. This is dis-

The recording equalization compensates
for the recording -head core losses and
self -demagnetization of the short wave-

cussed in Question 17.159.

mensions.

Because the magnetization curve of
magnetic

oxide is

linear, some
means of reducing the distortion during
recording is necessary. This is accomplished by the application of a high -frenot

quency bias current to the recording
head along with the audio signal, as explained in Questions 1739, 17.40, and
17.44. It is highly desirable that the gap

in the reproducer head be as small as
possible, so that it will intercept less
than one wavelength of the recorded

signal on the tape at the highest frequency to be reproduced. Modern recorders use gaps of 0.25 mil to 38 mil-

lionths of an inch (0.000038 iuch). As
previously mentioned, as the gap is re-

duced in height the voltage falls off
rapidly. The voltage output may be
equated:

E = B.V...rrea/),
where,

E is the induced voltage,
B.,

is the maximum flux density of

the recording media,

is the linear velocity of the tape.

rr is the gap height,
A is the wavelength of the recorded

lengths approaching the head -gap diIt should be remembered that as the
frequency is decreased, the output voltage from the reproducer decreases at a

rate of 6 dB per octave, nntil it approaches the inherent noise level of the
playback amplifier. At this level, it is
impossible to recover the signal by further equalization. This situation may be

termed the low -frequency limit of the
system. Bandwidth is also important
and is the determining factor in low frequency reproduction, because the 6
dB per octave response starts with the
highest frequency and continues to fall
off at a constant rate, regardless of the
tape speed, until the noise level is
reached. Thus, the lowest frequency is
dictated by the signal-to-noise ratio of
the system. The effective bandwidth for
magnetic recording is approximately 10
octaves.

The essential components of a magnetic recorder are: a transport system
that will provide a constant linear speed
in moving the tape over the recording
and reproducing heads; an equalized
amplifier system for both recording and

and high -frequency equalization is used

reproduction that will result in a uniform frequency response; a high -frequency bias system of low distortion;
and an erase head that will return the
tape to its original state of demagnetization. The function of both recording
and reproducing heads may be combined into one unit. The erasure head

in the recording circuits (Fig. 17-24G).

may be eliminated if bulk degaussing is

signal.

To achieve an overall uniform frequency response. equalization is employed in both the recording and reproducing circuits. Low -frequency equali-

zation is used in the playback circuits
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available. (See Question 17.66.) Another
very important effect noted in magnetic

recording is that of the fringe effect at
the reproduce head. This subject is discussed in Question 17.199.
17.25 What are the advantages offered by magnetic recording over photographic (optical; film recording?-For

original sound tracks or rerecording,
magnetic recording offers several ad-
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in a temperature range of 60 to 80 de-

grees Fahrenheit, with a relative humidity of 40 to 60 percent. The perforation and pitch of magnetic film must not
be compared to that of unprocessed

photographic motion picture film, because the magnetic film employs a positive perforation pitch. Perforation pitch
can only he measured using a calibrated

perforation pitch gauge, or an optical

vantages. They are: greater signal-tonoise ratio, wider frequency range,

comparitor. Both 16 -mm and 17.5 -mm

lower distortion, immediate playback.

magnetic film have sprocket holes on

recording media without an appreciable

one edge only.
For the recording of motion pictures.
it is essential that absolute synchronization be maintained between the picture
camera and the sound recorder. The use

transfer loss. The transfer losses per

of sprocket holes in the magnetic film

generation are quite small.
As a rule, except for stereophonic
release prints, the final magnetic sound
track is transferred to an optical sound
track on the saine base as the picture.
Different methods of reproducing magnetic and optical sound track are discussed in Section 19. The transfer of
magnetic sow A tracks for release prints

base

no processing required, the tape may be
used many times over, and the recorded

material may be transferred to other

is discussed in Question 17.202.
17.26 What type winding is used
with 1/4 -inch tapT-It is wound with

the magnetic oxide side in (see Question 18.139). For recorded tapes to be
stored for any length of time, the start
of the program material should be on
the inside end (hub).
17.27 What are the standard tope

widths used for magnetic recordinglNormal 1/4 -inch tape is actually 0.246,
plus -minus 0.002 inch. The thickness
shall not exceed 0.0022 inch. Mylar tapes

use a base thickness of 0.5 to 1.5 mils.

assures

(See Figs. 17-147D and E.)
17.28 What is magnetic film?-A

standard motion picture film base (triacetate) is coated with a magnetic oxide. The base carries standard sprocket
hole perforations for 18 -nun, 17.5 -mm
or 35 -mm film. The perforations in
magnetic film are the same as for
positive photographic film. Perfora-

tions in magnetic film are affected by
both temperature and humidity. However, this condition is reversible and returns to normal when the film is placed

at

all

motor system.
17.29 Why was paper discarded in

favor of plastic as a base for magnetic
tape? -Originally, all tape used a paper base backing. Because the noise level of
a tape is dependent on the smoothness
of the base surface and the smoothness

of the oxide surface, with the paper
base being somewhat rough an uneven
surface was reflected in the tape coating; also, the paper base was subject to
moisture absorption and tore readily.
Modern tapes employ a base of Mylar

or cellulose triacetate from 05 to

1.5

mils in thickness. Plastic -based tapes

have a noise level from 20 to 30 dB
lower than a paper -based tape. The
roughness of a tape surface causes recording noise and dropouts. The dropout, in decibels, may be calculated;

Professional equipment may be designed to use 1/4-, 1,4-, %- and 1 -inch
tapes. The 1 -inch tape is generally used

with three or four heads; however, up
to eight tracks are also used with the
1 -inch tape for special applications.

synchronization

times, as both the camera and sound
recorder are driven by a synchronous

dB = 54
where,

d is the departure of the tape from the
head in inches,

is the recorded wavelength on the

tape in inches.

The affect of dropouts is most serious
at the higher frequencies, particularly
where the nodules of foreign particles
in the tape coating approach the recorded wave length. Most manufacturers of magnetic recording tape and film
inject a lubricant into the magnetic oxide coating as it is being milled, to reduce head wear, noise, and dropouts,
the result being a much higher quality
recording.

MAGNETIC RECORDING
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-

PAPE9 bast -

(b) Paper base, rough.

(a) Plastic base, smooth.

Fig. 17-29. Comparison of surface smoothness of a plastic -base tape to that of a
paper -base tope.

Blow-ups of paper- and plastic -base
tapes are shown in Fig 17-29. It will be
noted the surface of the paper base is
reflected in the coating surface while
the plastic -base tape is quite smooth.
Unevenness in the base produces modulation noise. Noise may also be induced

into the tape by the machines used for
manufacturing the tape. particularly if
any amount of mechanical vibration in
the 40- to 60 -Hz range is present.

Fig. 1 7-30A. 35 -mm full -coot magnetic

film.

of

derneath. Fig. 17-30C shows a 17.5 -mm

full -coat film; it is the same as that in
Fig. 17-30A except for the width. The
16 -mm full coat film in Fig. 17-30D is
available in either single or double perforations. Single perforation is used
for edge recording, and double perforations for center -track recording, which
is now considered obsolete. The sprocket
tape of Fig 17-30E is a standard 1/4 -inch
tape, with a 2 -mil base and 16 -mm perforations. This tape was used before the
advent of 1/4 -inch sync -pulse recording,
discussed in Question 17.179.

Fig.

17-30C.

17.5 -mm

full -coat mag-

netic film.

17.30 Describe the different types
magnetic tam.-Several different

types of magnetic film are available;
however, the ones most frequently used

are shown in Figs. 17-30A through D.
That appearing in Fig. 17-30A is 35 -mm
full -coat, tape used for music and mul-

tiple -track recording. It may also be
obtained with a clear edge for identify-

Both the 35 -mm and 16 -mm film
may be obtained with a high output
magnetic oxide, which increases the signal-to-noise ratio, as discussed in Question 17.164. The 35 -mm magnetic film
may also be obtained with a clear edge
and full coating only between the inside

edges of the sprocket holes. This

is

sometimes used to aid in editorial work.

ing edge numbers on a picture. Fig.
17-30B shows 35 -mm stripe tape, using
a 300 -mil sound track area, placed 200
mils from the edge and a 100 -mil bal-

ance stripe at the opposite edge. The
purpose of the balance stripe and the
small stripe in the center is to prevent
the film front warping. This film is used
for editorial purposes and has a clear
center for viewing n picture placed un-

Fig. 17-30D. 16 -mm full -coot mujnctor
film.

If the film with edge numbers is not
available, it may he numbered by running it through an edge -numbering machine. Edge numbers are placed at one foot intervals, for identification of a
Particular sound or action. When completely synchronized, the edge numbers

000000000000000 oonc
Fig.

17-301.

35 -mm stripe
film.

magnetic

Fig. 17-30E. 1/4 -inch sprocket tape mag-

netic film.
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of the sound track and picture are
keyed together on a cue sheet for future
identification. Magnetic film may be

to exceed 0.15 percent at 15 ips,
and 0.2 percent at 744 ips. Using a
weighted network, these values
become 0.05 and 0.07, respectively.

purchased with either an "A" or "B"
wind, as discussed In Question 18.139.
Two grades of striped film, (1) new
base and magnetic oxide, and (2) reclaimed base with new coating, are
available. It is policy of most large stu-

However, most professional machines do not exceed 0.10 percent.

This type measurement includes
the flutter contributed in hoth the
record and reproduce modes. For

dios to manufacture their own striped
film by reclaiming print stock and
clearing off the picture and striping. If
the base is not damaged, it is quite satisfactory.
17.31 What are the standard speeds
for 1/4 -inch tape recorders?-The NAB
Standard (April, 1965) specifies the preferred speed to be 7.5 ips plus -minus 02
percent. Supplementary speeds are 15
ips and 3% ips. In addition to the above
mentioned speeds are 17/s ips and I34r.
ips, although they are not mentioned in
the Standard. Machines using these lat-

ter speeds are generally portable and
are classed Special Purpose Limited
Performance Systems. Also, 30 ips is
frequently used for special recording.
17.32 Whet are the standard speeds
for magnetic film? - Standard speeds
are: for 16 mm, 36 fpm; 17.5 mm, 45

fpm; 35 mm, 90 fpm. In some instances

the 35 -mm magnetic film may be run
45 fpm.
17.33 What is the base thickness
for magnetic film?-The base has a

thickness of 4.5 to 5.0 mils, with a magnetic -oxide coating of 0.3 to 0.4 mil in
thickness.
17.34 Give the minimum specifica-

tions for magnetic recorders.a. Frequency response-for semiprofessional and professional, as given
in Figs. 17-162A and B. For limited

limited

service,

unweighted

an

curve is generally used, and the
flutter is not to exceed 0.3 percent.

e. Distortion-to be less than 3 -percent THD at 400 Hz, including that
contributed by the tape, recorded

at a level that will be reproduced
6 dB above the standard NAB recording

level.

(See

Questions

17.139 and 17.140.)

Flutter measurements may be made in
two different ways. First, record a 3000 -

Hz signal, then play the tape hack and
measure the flutter; second, use a flutter tape and measure the flutter. Since
standard flutter tapes are recorded at a

frequency of 3000 Hz, with not more
than 0.03 percent total rms flutter, these

tapes should not be rewound for storage.

17.35
What ore the minimum specifications for magnetic film recording sys-

tenisPa. Signal-to-noise ratio -60 to 65 dB
below a total harmonic distortion
(THD) of 3 percent at 400 Hz.
b. Frequency response - for 16 -mm
film (36 fpm), see Question 17.174.
c. Frequency response-for 17.5 -mm
(4.5

fpm) and 35-nim (90 fpm).

see Question 17.175.

d. Harmonic distortion-although the
specifications (a) state 3 -percent

use, as in Fig. 17-162C. (Also see

THD, it is the policy of most motion picture sound departments to

Figs. 17-172 and 17-173.)

operate

b. Signal-to-noise ratio-for limited
use, given in Fig. 17-159B.

as

closely

to

1 -percent

THD as possible, and less in some
instances.

c. Signal-to-noise ratio-professional
equipment, as in Fig. 17-159B. It

e. Flutter -0.05 to 0.15 percent total.

should be remembered that values
given for signal-to-noise ratios are
the minimum values. Most professional machines fall between 58 to
65 dB, and some types 80 dB. Signal-to-noise measurements are
generally made using a weighted
network, as discussed in Question

nism.
17.36 What is perpendicular mag-

5.98.

d. Flutter-for professional machines
the total unweighted flutter is not

f. Running time-absolute synchronetisation of the recording medium?-A
method of magnetizing the recording
medium perpendicular to its direction
of travel as shown in Fig. 17-36. The
recording medium is magnetized by
varying the intensity of the applied
magnetic field. The maximum frequency
that may be recorded is limited by the
thickness of the pole pieces.
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Fig. 17-36. Perpendicular magnetization.
Fig.

17.37

17-38.Tr

e

magnetization.

What is longitudinal magnet-

ization of the recording medium?-The

magnetic

longitudinal method of recording (Fig.
17-37A) on magnetic tape is the one
most commonly employed in commercial recording of tape and magnetic
film. except that the actual design of the
head is a ring as shown in Fig. 17-37B.

Marvin Camras of the Illinois Institute
of Technology Research (formerly the
Armour Research Foundation of Illinois
Institute of Technology). The purpose
of the cross -field head design is to
improve the recording resolution by
sharpening the critical zone, especially

The maximum frequency that can be
recorded is limited by the size of the
head gap, and the linear speed of the

tape is a development of

tape.

Fig.

17-37A. Longitudinal
magnetization.

17.38

What

is

method of

transverse magnet-

ization of the recording mediuml-Magnetization of the recording medium per-

pendicular to its direction of motion and

parallel to the greatest cross-sectional
dimensions in tape from edge to edge.
INPUT

(See Fig 17-38.)
/7.39 Describe the X-Ilield (cross field) method of recording.-The X -field
or cross -field method of recording on
UPPER
GAP

17-39A. X -field head with back
pole -piece. (Courtesy, Illinois Institute of
Technology Research Institute
Fig.

RECORDING AMPLIFIER
AND BIAS OSCILLATOR

TAPE

LOWER
GAP

MAGNETIC FIELD
CAUSED By AUOO
SIGNAL IN RECORDING
READ

Fig. 17-37B. A ring -type magnetic recording head, showing how the head induces
magnetic pulses in a magnetic tape or film.
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at the bottom of the surface of the tape
layer adjacent to the head gap. By add-

ing a vertical field to the semicircular
field of the conventional recording head,

the resultant is more intense

at

one

time, preserving the space -field pattern.
Special heads using this principle have
been developed with a 125 -micron gap,

for use with relatively deep magnetic
layers, where high field densities are

edge of the gap, with a sharper gradient
at the other gap.

required.

Fig. 17-39A shows the design of a
X -field head. The core, with its two

A cross-sectional view of an X -field

conventional head

head, designed for quarter -track stereophonic use is shown in Fig. 17-139B. A
two -gap erase section precedes the X -

with a very small gap over which the

field gap and the recording playback

tape rides. A second core with a single
coil and a back pole piece overhanging
the gap, separated by enough distance
to allow the tape to be conveniently

gap. The X -field gap is energized by the
erase winding, so that only two coils are
required per channel. Elimination of the
separate erase head compensates for the
additional X -field structure. making the
overall design cost comparable to heads

coils, resembles

a

threaded over the head, has been added.
The three coils are energized with high frequency bias current and audio signal,

therefore, the field intensity varies with
MK. GAPS

of conventional design. This design is
particularly adaptable to linear tape
.05MIL GAP

SHIELD HOUSING
SPACER

SPACER

CENTER
SEPAPATOR

5-O SE T
SCREWS

ll

BRIDGE CORE
ERASE CORE

RASE WIRDMG
MOUNTING
BLOCK

ERASE CORE

CORE SPACER

Fig. 17-39B. X -field head designed for stereophonic recording and reproduction.
iCourtesy, Illinois Institute of Technology Research Institute
.;
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Fig. 17-39C. Constant -current response of X -field head at 17/sips. Recording current
0.7 rnA, played bock through on amplifier hosing Ilea -frequency characteristics
(no equalization).
17/11
ipa and lower. A plot of
the head characteristics using a linear

of 38 millionths of an inch (0.000038),

speed of 1% ips unequalized, with a

tremely minute gap height is necessary
to record and reproduce the very short
wavelength of 13,000 Hz at linear tape

speeds of

constant recording current of 0.7 milliampere is given in Fig. 17-39C.
A somewhat different type X -field
recording head is used in the Roberts
Model 770A recorder -reproducer described in Question 17.222. Here the X field system employs three heads,
namely the erase, record -reproduce,

and a separate head for the recording
bias current. This latter head provides
only the recording bias (Fig. 17-39D)
and swings out of the way during playback (Fig. 17-39E). In operation, the
bias head is never in actual contact with
the tape but is spaced 0.110 inch from

the tape surface: thus, the recording
bias is supplied only with the audio
signal in the recording head.

The bias -current head gap has a
length of 250 mils and a height of 120
mils. The record -reproduce head is a
two -head in -line cluster, constructed of
NC -88 steel and employing a gap height
ERASE CURRENT
ERASE
HEAD

with a length of 0.43 inch. This ex-

speeds of 1% ips.
In the conventional recording system,
the passage of the tape over the recording and reproduce head wears down the

pole pieces, changing the gap dimensions which, in turn, affect the bias
current and thus the recording of high
frequencies. Since the Roberts X -field
method of recording bias is applied
from a separate head not In actual contact with the tape surface, the effect of
head wear on the recording bias current is eliminated.
17.40

P AAAAA CA SIGNAL VOLTAGE

RECORONP CURRENT

RECORD/PLAY
HEAD

Describe the focus -yap method

of recording.-The focus -gap head is a
development of D. P. Gregg and Keith
0. Johnson, of Fairchild Recording
Equipment Corp., designed to increase
the dynamic range of magnetic recording. The design is based on the anhystercttc process, in that the bias magERASE
HEAP

REEORO/PLAv
HEAD

5155
HEAD

Oaks CURRENT

Fig. 17-39D. During recording, the bias
head is brought near the tape but does
not make actual contact

Fig.

17.39E. During playback, the bias

head is cut off and swings away from
the tape.
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17-40A. Focused -gap magnetic recording head.

netic field is made to decay at much
faster rate than the audio -frequency
17-40C. Close-up of focused-gop

magnetic field. It is claimed for this
head that the low -frequency output
and high -frequency saturation levels

Fig.

are increased by 6 dB. The signal-to-

distorted and resemble a beam profile

noise ratio for conventional recording is
limited by the bias -induced noise and
the amplifier system. In this new technique, the bias and even -ordered harmonic components from the bias oscillator are prevented from recording on the

which is similar to that generated by

tape

surface. The bias -oscillator fre-

quency is increased to around 4 -mega-

hertz, and even higher. This prevents
recording of the bias frequency because
the magnetic -oxide particles are approximately the same physical length as

the bias wavelength on the recording
media. In addition, the even -ordered

harmonics of the bias frequency are
suppressed by a bias oscillator buffer
amplifier.

The construction of a

focused -gap

recording head is shown in Fig. 17-40A;

construction of a conventional head is
shown in Fig. 17-40B. Enlarged views of
a conventional and focused -gap heads
are given in Figs. 17-40C and D.
A focus -gap head has a reduced reluctance path around the core to reduce
losses at the bias frequency. A conductive material, which behaves as a

head.

the conventional head gap As the tape
travels over the gap, the bias field decays at a faster rate than the audio
signal.
17.41

Describe the boric principles
of a transport system for o 1/4 -inch tape
recorder and a magnetic film recorder. Referring to Fig. 17-41A, a transport
system for a 1/4 -inch magnetic tape recorder, the tape A leaves the supply reel

and passes over a tension arm B and
flutter filter C, which has a fly -wheel
mounted at the rear. Leaving the flutter
filter the tape passes over the erase, record, and reproduce heads D, E, and 1.
The heads generally are mounted on a
mechanical arrangement that can be

moved downward when the tape is in
motion to apply pressure between the
heads and the tape to assure proper
head contact. At G is a steel capstan

ary currents. The resulting magnetic

mounted on the motor shaft. Above the
capstan is a neoprene puck H termed a
pinch -wheel, that applies pressure to
the tape which contacts the capstan and
pulls the tape through the transport
system, over take-up tension arm I, and
up to the take-up reel.
Semiprofessional machines usually
use a single motor which pulls the tape,
and by a group of friction idler wheels.

field opposes the core flux, since the

operates both the supply and take-up

shortest path of least opposition occurs
outside the conductive path. The bias
flux lines around the gap region are

reels. In machines designed for professional work, three motors are generally
used - two permanent split -capacitor
torque motors for the supply and takeup reels, and a multispeed hystetrinssynchronous motor for driving the tape

shorted turn in a transformer winding,
is placed in the head gap. With the bias
frequency operating in the megahertz
range, this gap generates strong second-

Fig.

17-4011.

Conventional
heed.

recording

Fig.

17-40D. Close-up of conventional
gap head.
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Fig. 17-01A. Simplified transport system for 1/4 -inch magnetic tape recorder.
capstan.

(See

Question

3.70.)

wheel is moved downward, forcing contact between the tape and the capstan.
The purpose of lever 1 is to apply

The

torque motors apply constant tension to
the tape as it leaves the feed -reel
(slight backward pull), and to the takeup reel.

tension to the tape as it winds. Other
devices, such as automatic stop if the
tape breaks, and record iuterlocking

In the record or playback position,
the torque motor, although rotating
counterclockwise, applies a clockwise

and editing controls are bnt a few of the

torque to hold hack the tape and apply
an even tension as it unwinds. The
take-up motor is rotating counterclockwise with sufficient torque to supply the
correct tension to the tape for a smooth
wind. In the rewind position, the supply
motor has a high torque in a clockwise
direction, and the take-up motor has a
low torque in a counterclockwise direction. When thrown to the fast forward
position, the supply reel rotates counterclockwise, but with low torque in the
reverse direction, while the take-up reel
moves counterclockwise with a high

different manufacture.
A second type capstan drive system

torque.
Electromechanical
brakes
mounted on the torque motors hold and

required at the head area, and better

added features which will vary with
termed a dual -capstan or differential
drive, is illustrated in Fig.
17-14B. Certain designs of this system
rely on the reeling functions to establish
the tape tension over the head areas,
similar to a close -loop system to be described later. However, most transport
capstan

systems of dual -capstan design turn
each capstan at a slightly different

speed and establish the tape tension
with differential action. This system has
the advantages of less external tension
isolation from the feed and take-up reel
is afforded. This system is also referred

stop the supply and take-up reels to
prevent the reels from spilling the tape.
Two methods are used for operating
the capstan motor. In the first method,
the motor runs continuously; in the second method, the motor rotates only

to as a dual -capstan closed -loop system.

Another type transport system eliminates the pinch -roller completely by
employing a capstan with a high surface

when the start button has been de-

friction and a large tape -wrap angle.
When used with a dual -capstan drive

either design, the pinch

(differential), better isolation from reel -

pressed. In

1ST PiNcm
ROLLER

GUIDE

210 PINCH
ROLLA",
GUIDE

GUIDE

GOUGE OA

CHUTE

ST CAPSTAN

2ND CAPSTAN

GUIDE OP
CHUTE

TAPE

Fig. 17-418. A

-inch tape transport system using two pinch rollers.
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Fig. 17-41C. Davis tight -loop transport system used with magnetic film recorders
and reproducers.

ing perturbations is obtained. Variations
of this system appear in models of dif-

idlers J and K, and to take-up reel L.

A Mumetal shield 0 prevents stray

ferent manufacture. Removing the
pinch wheel (pinch roller) removes one
more source of irregularity in tape

magnetic fields from being picked up by
the recording head. Monitor head M is

speed, and tape guiding is eliminated.
Pinch rollers with surface deformities,
slick and sticky surface spots, or noisy
bearings all contribute to tape irregularity (flutter).
The transport system shown in Fig.
11-14C is a tight -loop system, devel-

shield N.

oped by Charles C. Davis of the Westrex
Corp., and is used in both magnetic and

photographic (optical) recorders. Start-

ing at the film feed -reel A, the film
passes over idler B, to a second idler C,

also protected in a similar manner by

Idlers E and H are mounted on a
cantilever at the rear, connected with a
system of springs and an air dash -pot.
As the machine is brought up to speed,
idlers E and H oscillate in a vertical
plane until the system settles down to
a steady linear speed. The inner end of
impedance drum G carries a heavy fly

wheel to iron out irregularities in the
speed of the film, thus reducing the
flutter to a minimum. It is not too un-

which lines up the film with the driven
sprocket D. Leaving this sprocket, the
film passes over idler E, which is a part
of the tight -loop filter system. The film

common to have a total flutter (ems) of
0.05 or less with this type of transport

then passes over roller P, which may be
replaced with an erase head, if desired.
Leaving the roller, the film passes
around the lower surface of impedance

corders

drum G, which has a heavy fly -wheel
on the opposite end of its shaft. Magnetic recording head F is mounted in
such a manner that it overhangs the impedance drurn and makes contact with
the magnetic oxide on the magnetic

film. Leaving the drum the film then
passes over a monitor head M, and then

to idler H, which is also a part of the
tight -loop system. From this idler, the
film contacts driven sprocket 1, then to

system.

In some types of photographic rea free -loop system is used,
which is not spring loaded. This system
is discussed in Section 18.
17.42 Show the mechanical design
el a 1/4 -inch top* recorder.-The front
panel view of a Model 1024 Magnecord
stereophonic quarter -track tape re-

corder.

manufactured by Midwestern

Instrument

Inc.,

is

shown

in

Fig.

l7 -42A, with the principal components
indicated. The tape leaving the supply
reel A. passes over tape -break compliance arm B and stabilizer roller C to the
head assembly D. where it encounters
erase, record, and reproduce heads At

MAGNETIC RECORDING
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Fig. 17.42A. Front panel view of Magnecord Model 1024 quarter -track stereophonic
1/4 -inch magnetic tape recorder.

E is a pinch wheel; and at F a capstan.
The tape is pinched between these latter two items and pulled over the head
assembly. Take-up compliance arm G
also provides a guide for the tape on its
travel up to the take-up reel H. Items I
are push -buttons for selecting the vari-

ous modes of operation. Pane. J carries
the VU meters and various controls.

An interior view with the front panel
removed is given in Fig. 17-24B, showing the mechanism associated with the

front panel controls and the transport
system. Starting at A is the supply -reel

Fig. 17-428. Front interior view of Magnecord Model 1024 recorder.
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Fig. 17-42C. Rear interior view of Magnecord Model 1042 tape recorder.

spindle and turntable with its braking

cause the linear speed of the tape

mechanism B, which also is linked with

dependent on both these items. The capstan and pinch wheel should be cleaned
frequently, as both pickup dirt and

the braking mechanism D of take-up
spindle E. A pulley F mounted on a
two -speed capstan motor hell drives the

capstan flywheel G. The pinch -wheel
mechanism H is solenoid -controlled in
both the record and playback modes.
The take-np compliance arm is shown
at I. Solenoid J raises and lowers the
head assembly on the tape. When the
transport system is at rest, the heads are

pulled up and away from the tape. The

fourth head K provides a means of
playing back half-track prerecorded
stereophonic tapes and is activated by

changing the position of level L. Item
M is the stabilizer roller, N is the tape break compliance arm, 0, P, Q, and R
are the heads, and S is the control pushbutton assembly.

is

small pieces of magnetic coating which
can cause slight irregularities in the
linear speed. Several cleaners are available for this purpose. Any slippage between these two components can cause
the machines to run slow and, in some
instances, induce a pronounced flutter.
17.44 Describe the use of bias current and its purpose.-The normal characteristic of magnetic tape or film used
for recording sound is quite nonlinear.
It was discovered by W. L Carlson and
G. W. Carpenter of the General Electric
Co., in 1927, that if a high -frequency

current of several times that of the
highest frequency to be recorded is ap-

plied to the tape along with the audio

The rear of this same section is pic-

tured in Fig. 17-42C. At A and B arc
two split -capacitor torque motors for
the supply and take-up reels, and at C
is the capstan drive motor consisting
of a two -speed hysteresis -synchronous

motor with a large fly -wheel D. Item E
is a solenoid for operating the pinch wheel, and at F is a group of resistors

BIAS SIGNAL
FREQUENCY

.00025

TOO NIGH TO

BE RESOLVED
BY REPRODUCE NERD

MAGNETIC

FIELD

for adjusting torque motors A and B.
The motor -starting capacitor is shown
at G.
17.43
What effects do the capstan
and pinch wheel hare on the reproduction of a tope recorded-Both the capstan and pinch wheel have a pronounced effect on the reproduction, be-

BIAS SIGNAL

Fig. 17.44A. Reproduce head gap showing an audio signal and bias current
combined on the tape.
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Fig. 17-448. Characteristic of magnetic
film or tape without bias current.
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SENSITIVITY
LF,

S

the result is a signal of low distortion with a considerable increase in
the signal-to-noise ratio. Although the
signal is referred to as bias current, it
is not really a bias current but only a
high -frequency current added to the
audio signal to place the audio signal on
the linear portion of the 13-11 curve.
There is no modulation of either fresignal,

quency by the other. When the optimum ratio of the bias current to the
audio signal is reached, the output from
the tape or film is maximum, distortion
lowest, with the greatest signal-to-noise
ratio.

The combining of the bias and the
audio signal is accomplished by linear
mixing, without sum and difference frequencies being generated. The application of a bias current is not an amplitude -modulation process, as the bias
frequency does not enter into the recording or playback process. Since the
wavelengths of the bias frequency are

small, they are not resolved by the
playback head. An illustration of how
the reproduce head sees the bias frequency is given in Fig. 17-44A. It will
be observed that a wavelength of the
bias frequency is considerably shorter
than the head gap.
The theory of high -frequency bias

WOE
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BIAS

0 1._
o

2

1

SENSITIVITY

'j

K

1

4

8

to

9

BIAS - MILLIAMPERES

Fig.

17-44D. Characteristics dependent
on the bias adjustment.

recording is quite complex; however, a
rather simple explanation can be illus-

trated by the cnrves in
(I)

Fig. 17-44B.

the magnetic oxide response. Curve (2) is a pure sine
wave applied to the input. The output
curve (3) as will be noted, is distorted
at the zero crossover point, because of
the characteristic of the magnetic oxide.
Although curve (1) is not linear, when
taken over its entire length It does have
portions that are linear, (a to h) and (c
to d). If the signal can be recorded on
Curve

represents

the linear portion of these curves, the
is lowered. This is accomplished by the application of a high distortion

frequency bias current.
The bias current is a minute amount
of high -frequency alternating current,
independent of the audio signal, and is

applied to the recorder head. The bias
current moves the audio signal to the
central area of the oxide characteristic
into

the linear portion of the curve
4m4

yo

C H AC TE AST IC
C UR v

NONLINEAR
BIAS OUTPUT

(KT AUDIBLE)

BIAS (Fr Al

Fig.

17-44C. Bias current applied with
audio signal.

Fig.

17-44E.

Low -frequency

versus bias current.

sensitivity
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(Fig. 17-44C). The amount of the bias
current is quite critical and will vary

highest frequency to be recorded

with different type recording heads and
tape manufacture. Bias current affects

quency

to

prevent beats between the bias freand the highest audio frequency. Professional recording equipment employs frequencies between 50
and 250 kHz. This frequency must be of
low harmonic distortion.

the sensitivity of the tape at both the
low and high frequencies, as well as the
frequency response, distortion, output,
and signal-to-noise ratios. This relationship is shown in the curves of Fig.
17-44D. The proper values of bias current may be determined by the method
described in Question 17.52.
Curve (1) of Fig. 17-44E is a plot of
sensitivity, centered
low -frequency
around a bias current of 4 milliamperes

17.06 What ore the characteristics
of unequalized magnetic tope and film?

-The coating used on magnetic tape
and film is the same. However, because

of the method used to record-and the
linear speed-to obtain a uniform frequency response during playback pre equalization is required during recording and postequalization when repro-

for a given brand of tape, while curve
12) is for a second brand of tape. It will
he noted that curve (1) is much broader.

ducing. Typical tape characteristics arc
shown in Fig. 17-46 for unequalized
playback using a constant -current recording characteristic, for linear velocities of 5.1 to 24 ips.

therefore, the bias setting is less critical.

Curve (2) has a sharper peak and is
more critical to the bias setting, and will

require a stable bias supply to prevent
slipping off the peak current. With the
correct bias setting, the output waveform is almost linear, therefore the distortion will he quite low. Equalization is
required in both the recording and reproducing amplifiers, to obtain a uni-

17.47

Hots

is

the

high -frequency

bias oscillator coupled to the recording

heoell-As shown in Fig. 17-84. The os-

cillator may be push-pull or single ended with a coupling transformer in its
plate circuit for coupling to the record-

form

ing head circuit. A series capacitor is
connected in the output to resonate the
head circuit for maximum bias current.

netic tape or film is termed the direct

The recording head is connected to a
potentiometer to control the amount of

record -reproduce characteristic.
The above method of recording on magmethod of recording
17.45 What arc the frequencies employed for high -frequency bias current?The frequency of the bias oscillator

bias current fed to the head. A parallel resonant circuit is connected across the
recording amplifier to prevent the bias
current from entering the output circuit

should he at least five times that of the
50

FREQUENCY RESPONSE OF 'SCOTCH' SOUND
RECORDING TAPE AT VARIOUS SPEEDS
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Fig. 17-46. The frequency characteristic of on uncquolised magnetic tape, using a
constant -current input to the head. ;Courtesy, Minnesota Mining and Manufacturing
Company)
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of the recording amplifier. The circuit
shown may be used for either 1/4 -inch
tape or magnetic film recorders.
17.48

What effect

does

the bias

Current hove on the output leve17-The
relationship between the bias current
and the relative output level for a typical magnetic film recorder is shown in

the lowest distortion and a maximum
signal-to-noise ratio.

Typical bias current values versus
frequency response for a given set of
conditions are shown in Fig. 17-49A.
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output for a frequency of 1000 Hz.
plotted by recording 1000 Hz at a given
recording level for various values of recording current over a range of 20 mA.
The tape was then played back and the
variation in the output level measured
17.49 What effect does bias current
hare on the frequency response?-The
bias current has considerable influence

11111

loot"

zoipoo
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(a) Frequency response at 7.5 inches
per second for a 0.5 dB change in bras
current.
6 65
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(b) Relationship between recorder output and harmonic distortimi as the recorder input signal level is changed. at
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16 -mm magnetic

film recorder.
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on the frequency response and distortion, and must be taken into considera-

tion when selecting the bias -current
value for a given distortion and signalto-noise ratio. High values of bias cur-

rent will partially erase the high fre-
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OUTPUT IN MT
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(c) Relationship between recorder output and harmonic distortion as the recorder input signal level is changed,
at 100 Ilz.

quencies as they are recorded; thus, the

17-498. The effect of increasing

recorder will show a loss of high fre-

Fig.

quencies when played hack. It is always

and decreasing the high frequency bias

a compromise between the best frequency response and bias current for

current above the

value

required

peak output at 1000 He.

for
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At a speed of 36 -feet per minute or less,

tion, or by adjusting the bias current for
a given value of harmonic distortion at
400 Hz. (See Question 17.52.)

bias erasure will be more noticeable
because of the lower linear speed and
the shorter wave lengths. A definite
change in the overall frequency char-

When adjusting a recorder for optimum bias current, the input signal to
the recorder is set to a fixed level sufficiently low, that recorder amplifier is

acteristics will be noted when the bias
current is increased above a given

amount. After a given value of bias

not overloaded, as this would introduce
nonlinear distortion. Oscillator should
be one of low harmonic distortion.
17.50
What effect does harmonic

current has been selected, a frequency
measurement should be made.
LeBel,

Radocy, and Kramer con-

ducted a series of tests to determine the

effect on the frequency response,

distortion in a bias oscillator hove on the
recorded signal?-High values of inter -

of

changing the bias current for a one-half
dB change in output signal level, above
and below that obtained at the optimum

modulation are produced by beating of
the oscillator harmonics and the harmonics of the program material. Also, a
nonsymmetrical waveform in the bias oscillator current will cause magnetization of the recording head.

bias current setting. These tests were
made using a one -quarter inch tape recorder running at a speed of 7.5 inches
per second using an input signal of 1000
Hz. The results of these tests are shown
in Fig. 17-49B. It will be noted at part
(a) in Fig. 17-49B, changing the bias
current to a value which will reduce the
output signal one-half dB below that at

17.51
What percentage of harmonic
distortion con be tolerated in a bias -cur-

rent oscillator?-The harmonic distortion should not be over 0.5 percent. To
achieve this low distortion. the oscillator

the optimum bias value, and one-half
dB above the optimum bias value, reduces the high -frequency response at

circuit should be of push-pull design.
Such oscillators may be designed to
have as low as 0.10 percent harmonic
distortion. Excessive harmonic distor-

12,000 Hz 7 dB, and at 15,000 Hz 11 dI3,

tion in a bias oscillator, if used for eras-

when compared to the optimum bias
value. At 15 inches per second these
effects virtually disappear. This clearly
indicates the importance of adjusting
and maintaining the bias current at its

ing, will

decrease the signal-to-noise
ratio of the tape.
17.52
What is the relationship between the bias current and harmonic dis

tortionP-The harmonic distortion will

correct value.
The effect of the change in bias current, on the harmonic distortion is shown
at parts (h) and (c) in Fig. 17-49B,
using three -percent harmonic distortion
at 1000 Hz as a reference.

be at a minimum for a given bias value.
The proper bias current is found by
making a family of bias curves as shown
in Fig. 17-52A. This is done by recording a 400 -Hz signal for various values

of bias current at several different recording levels. The recorded 400 Hz is

The optimum bias current may be
determined by one of two methods. By

played back and the harmonic distortion
measured for each value of bias current.
Fig. 17-52B shows how the bias value
may affect the waveform of the 400 -Hz

applying a signal of 1000 Hz to the input

of the recorder and adjusting the bias
current for a maximum signal output
level disregarding the harmonic distor-

Die

20

Z2

signal if incorrect. It will be noted that

24

26

20

30

BIAS CURRENT tmal

Fig. 17-52A. Bias current versus harmonic distortion for o tope velocity of 36 feet
per minute.
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for no bias and half bias the distortion
is

quite high. When the correct bias

current is applied, the distortion is at a
minimum. The final value of bias current should be that which results in the
lowest distortion, greatest signal-tonoise ratio, and the best frequency
response.

back circuit, it may be eliminated by
the use of a low-pass filter, described in
Question 7.107, or by connecting a 0.50 to 1.0 -AF capacitor across the playback

output circuit. When making distortion
or signal-to-noise ratio measurements.
the filter may he left in the circuit, but
in the case of the capacitor, it may be
necessary to remove it. The use of the
capacitor or filter is limited to playback
output circuits of 600 ohms or less. (See
Question 23.73.)
When making playback measure-

(a) No bias current.

ments using a standard test tape, a reference signal is generally given which
precludes the overloading of the play-

(b) One-half bias current.

back amplifier. However, it is well to
remember the playback equalization increases the frequency response at 50 Hz.

15 to 20 dB. Therefore, if a reference
Correct bias

(c)
Fig.

level is used that is not below the maxi-

flirri'il!

17-526. Waveforms for incorrect
and correct bias current.

17.53

At what level are frequency -

response measurements made on a rnagnetic recorder? - Frequency response
measurements are always made 10 to 20
dB below 100 -percent modulation of the

recorder. This applies to both magnetic
tape and film. One hundred -percent
modulation is defined as the operating
level for a given recorder and value of
distortion. As an example: the 100 -percent level is established for a given

THD, or

in

instances where the VU

meter is set to a fixed level (as so many
1/4 -inch machines are), the level of the
input signal is adjusted to 100 -percent
at a reference frequency of 400 Hz. The

mum equalization of the playback circuits, the playback amplifier may be
overloaded.
Certain manufacturers

of

1/4 -inch

alignment tape record the tapes in such
a manner that they may be played hack
at the 100 -percent or normal -operating
level of the recorder without overloading the system. Before using an alignment tape, the manufacturer's data
sheet should be consulted. (See Question 17.105.)
17.54 What is the average current
used for erasure?-The bias current

used for erasure will depend on the
head, and varies with different design.
However, the erasure current is always
quite high. As an example, the bias cur-

rent in the Ampex Model AG -300 described in Question 17.219 requires ap-

level is then lowered 10 to 20 dB, and
the frequency run made. If this precau-

proximately 60 mA, at a frequency of

tion is not observed, serious overloading

is the bias current supplied to a three- or four -channel stereo.
phonic magnetic recorder? - By means

of the reproducing amplifier may occur
because

of

the

low -frequency

post -

100.000 Hz.
77.55 How

equalization used in the playback circuits. and the higb-frequency equalization used in the recording circuits. This
is particularly true in the case of a re-

of circuits similar to those shown in

corder running at 33/4 and
ips, as the
high frequency pre -equalization may be
15 to 25 dB above the reference level of

coupling transformer. A bias -current
trap or low-pass filter is connected be-

400 Hz, as shown in Fig. 17-172A. It is

plifier and the point where the

assumed that before the measurement is

oscillator connects to recording head.

made, the azimuth has been adjusted,
the bias set to the proper value, and the
heads cleaned and degaussed.

if diffi-

culty is encountered with the bias voltage appearing in the output of the play-

Figs. 17-55A and B. The bias current to
each head is supplied from a separate
winding on the bias -oscillator output
tween the output of each recording am-

17.56

Is

bias

it possible for the erase

current to induce noise in the tape when
erasingl-Yes. If the erase or bias oscillator has noise or high -harmonic distortion components, noise will be induced
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Fig.

17-55A. A bias oscillator circuit for

a three -channel stereophonic magnetic
film recorder.

in the tape as it is being erased. Noise
will also be induced if a strong magnetic
field is permitted to encompass the

current frequency. The design of such
filters is discussed in Section 7. For 1/4 inch tape recorders, a trap circuit similar to that of Fig. 17-55A may be used.
17.58 How is the voltage of o bias current oscillator measured?-With a
high -frequency vacuum -tube voltmeter.
17.59 How is the bias current measured in a recording head?-By connect-

erasure head. This Is also true for the
playback and recording heads.
17.57

How

is

the

high -frequency

bias current prevented from entering the
recording circuits?-In magnetic film re-

cording by the use of a low-pass or

ing a 10 -ohm noninductive resistor in
series with the recording head and
reading the voltage drop across the resistor with a vacuum -tube voltmeter.

band -suppression filter as shown in Fig.
17-57. The filter is connected between

the output of the recording amplifier
and the recording head. The frequency
characteristics of the filter are such that
it has no effect on the operational characteristics of the recording head or amplifier. The band -suppression filter may
consist of two tuned circuits, one resonated to the fundamental frequency of

The current is then calculated by Ohm's
law:
E

R

the bias current (Fr) and the other to

17.60 How is the audio frequency
current in a recording head measured?

the second harmonic (Fe) of the bias -

By cutting off the bias -current
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Fig. 1 7.5 5I3. A basic oscillator circuit for a four -track stereophonic magnetic film
recorder.
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Fig. 17-57. Recording circuit with bias filter to p
the bias current from affecting the VU meter and other sections of the recording circuits.
tor and then measuring current at 1000
Hz as described in Question 17.59.
17.61
How is the erasure current
measured?-By connecting a 10 -ohm resistor in series with the head and measuring the voltage drop across the re-

sistor with a vacuum -tube voltmeter.
(See Question 17.59.)
17.62 How much signal current is
required in the average recording head?

-For a recording head of 10 -ohms impedance, about 2.5 mA. Again, the cur-

rent will vary with the design of the
head.
17.63

B -H curve?-A
characteristic of a magnetic material.
What

is

a

The subject of B -H curves for magnetic
tape and film is discussed in Question
17.142.

17.64 How arc previously recorded
signals erased from a magnetic tapelBy the use of a high -frequency current
passing through an erase head over

which the tape passes before arriving at

the recording head. As a rule, the same

high -frequency bias current used for
recording is also used for erasing. The
tape in passing over the erase head is
demagnetized or neutralized before being recorded on again.
17.65 Is it necessary to degausse
magnetic tape or film with high -frequency current?-No, it may be erased
by means of a bulk eraser or degausser
using the regular house current. A typical bulk eraser is pictured in Figs.
17-65A and B.

Erasures made using a bulk eraser
generally result in a 4 to 6 dB greater
signal-to-noise ratio than those erased
on a recorder using the high -frequency
bias oscillator alone. Magnetic -recording equipment manufactured for motion
picture use, as a rule, does not include
an erasure head because of the danger
of accidental erasure. Also, it permits

the high -frequency oscillator to he of
smaller design. The interior view of the

Fig. 17-65A. A magnetic tape or film bulk eraser manufactured by the Hellen Corp.
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Fig. 17-658. Interior view of bulk eraser showing erasing coils laminations.

eraser shown in Fig. 17-65A is given in
Fig. 17-658. The schematic diagram of
single -coil bulk eraser appears in
Fig. 17-65C.
17.66 Describe the techniques used

a

with bulk erasing.-The purpose of a

Fig.

bulk eraser or degausser is to remove
all traces of previously recorded signals
from the magnetic emulsion and leave it
in a completely demagnetized state. This

is quite important from the standpoint
of minimizing both noise and distortion.

17-65C. Circuit diagram of a single -coil magnetic film or tape bulk eraser
(degausscr).
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Experience indicates that the direction
of the erasing field with respect to the
tape is of considerable importance in
securing an effective erasure.
To obtain a satisfactory erasure, the
tape must be rotated in the field of the
degausser and not slid into the field, as

only certain segments would thus be
exposed to the field of the degausser.

Erasure is accomplished by saturating the tape in a strong magnetic field
which orients the previously recorded
signals. Upon removal of the magnetic
tat tat

field,

the

tape

magnetization

may

change but will not assume any orderly
pattern associated with previously re-

corded signals. To fulfill this latter requirement, the tape must be removed
from the saturating field while the field
is cycling and gradually diminishing in
intensity. If the reduction in amplitude
does not exceed approximately 10 percent during one cycle, the tape will be
completely demagnetized.

As a rule, a spindle is provided on
the top of the eraser for rotating the
tape reel over the top of the erasing
field. The roll of tape should not be
rotated at a speed of over two inches
per second. Higher speeds will result in
recording the ac field of the degausser
in the tape and defeat the purpose. Also,

a jerky motion when rotating the tape
will result in noise bursts which will be
reproduced as a swishing sound behind
the signal, thereby increasing the background noise. Such noises have a once around characteristic and are often mistaken for trouble in the recorder.
The degaussed roll of tape should be

Fig. 17-66A. Elementary diagram of an
automatic degousser for magnetic tape
and film.

Fig.

17-6613.

Studio

type

auto-

matic magnetic tape and film di-.
gausser, manufactured by Radio
Corporation of America.

slowly removed from the field of the
degausser to a point well beyond the
influence of the field, then slowly returned for a rotation in the opposite
direction in the field of the degausser.
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the magnetic tape makes several complete revolutions at the rate of approximately two revolutions per minute

while the Variac is being cycled. The
above degausser unit is typical of those
used in the motion picture industry for
degaussing magnetic film and tape.
Such a device assures an even erasure

with a maximum signal-to-noise ratio
and requires no attention.
An automatic degausser, manufac-

Fig.

17-66C. Hand bulk eraser manu-

factured by the Amplifier Corporation

of America.

tured by Radio Corporation of America
and designed for degaussing magnetic
tape, film and video tape is pictured in
Fig. 17-665. Normally the turntable of
this device is to the right front. The
tape or film to be degaussed is placed on
the table and moved into the coil, which

The tape must be rotated in both direc-

tions of the degausser field. The degausser should never be energized or
shut off with the tape anywhere in the
degausser field, as the heavy surge of
current through the degausser coils will
induce a pattern in the tape which will
be very difficult to remove. The best
method is to employ a variable auto
transformer, as described in Question
8.8, in the power line to the degausser
and slowly bring the line voltage from

automatically starts the erasure cycle.
Both audio and video signals may be
erased down to the noise level of the
medium in about 18 seconds. The coil
opening is of sufficient size to take 6
rolls of 1/4 -inch tape, 3 rolls of 1,i -inch
tape, 2 rolls of 16 -mm magnetic film, I
roll of 35 -mm film, or I roll of 2 -inch
video tape. The degaussing coil requires

220 Vac at 12 amperes. Power -factor
correction capacitors are included in the
cabinet.

zero to maximum and down again to
zero while the roll of magnetic tape is
being rotated in the field of the de-

A small hand degausscr, manufactured by the Amplifier Corp. of Amer-

gausser.

placed over the roll of tape to be degaussed and rotated not more than 2
ips; the tape is then turned over and

A sketch for an automatic degausscr
is given in Fig. 17-66A. It consists of a
bulk eraser A mounted on a stand with
a nonmagnetic turntable 13 mounted
above the degausser coils and driven
by a motor C through a gear reduction

unit D. A second motor (not shown)
drives a Variac E which slowly in-

ica, is shown in Fig. 17-66C. This unit is

degaussed a second time. A pencil de -

LINES OF FOIL(

emsa DEGAuSSER

EIETREEN POLLS

creases the line voltage supplied to the
bulk eraser from zero to maximum.
When the maximum voltage is reached,

ROVE in TINS
DIRECTION

the motor reverses and reduces the
voltage to zero again. At this point in
the cycle the two motors are automati-

cally shut off. The turntable rotating

REGORGING NE Glum

Fig.

17-66E. The roll of tape or film

is

slid into the field of the degausscr as
shown. If the lines of force in the degausser are not known, remove the
Fig.

17-66D.

Pencil

eraser

manufac-

tured by Cinema Engineering Co.

cover and determine their direction. The
tape must be rotated at a steady rate of
not more than
to 2 inches per second.
1
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gausser, manufactured by Cinema Engiueering Co., for degaussing small

portions of sound track and splices is
shown in Fig. 17-66D.
In using the bulk

eraser of

Fig.

17-65A, if the device does not have a
spindle for rotating the tape the cover
should be removed and the direction of
lines -of -force marked on the top of the
degausser to permit the media to be rotated at right angles to the magnetic

field (Fig. 17-66E). Experience indicates
that regardless of the type of degausser
used, the magnetic media must be degaussed first in one direction, turned
over, and degaussed again in the other
direction.
17.67 What is a constant -current
recording

characteristic? -A method

used for measuring the recording characteristics of magnetic recording tape.
The recording current is held constant
for each frequency of interest by reading the voltage drop across a 10 -ohm
noninductive resistor connected in series with the recording head. The current is then calculated by Ohm's law:
E
Ft

The recorded frequencies are played
back through a flat -amplifier system
and the amplitude of each frequency

Fig.

17-68A. Construction of a magnetic recording head.

gap. Audio -frequency current flowing
through the coils causes a varying flux
to be generated in the gap between the
pole pieces of the core which is similar
in characteristic to the applied audio frequency currents.
This changing flux causes a field to
be introduced into the tape, aligning the
molecules of the magnetic emulsion into
patterns similar to the impressed audio frequency currents.
The
head
must he thoroughly
shielded from the effects of stray magnetic fields. An interior view of the construction of a typical magnetic head is
pictured In Fig. 17-6813. In some instances, the record and reproduce heads
are identical and may be interchanged.
(Sec Question 17.147.)

measured and plotted as shown in Fig.
17-46.

A typical measuring circuit is shown
in Fig. 17-67.

17.68

How is a magnetic recording

head constructed?-The outline for

a

typical magnetic recording head is
shown in Fig. 17-68A. The core A con-

sists of a laminated iron ring wound
with several hundred turns of very

Fig.

17-68B. Interior view, of o typical

small wire 13 The ends of the core arc
separated by nonmagnetic shims C. and
C. forming minute gaps D.
The magnetic tape or film E is pulled

over the upper poles of the core at the

ACCORDING

oiED

ATv1/1

17-67. Circuit for measuring the
recording characteristic of magnetic
tape.
Fig.

magnetic recording head.

/7.69 How is a magnetic reproducing head constructed?-A magnetic reproducing head is constructed in a
manner similar to a recording head. In
fact, many semiprofessional recorders
use one head for both recording and
reproduction. When recording, a magnetic flux, varying in intensity, Is generated in the recording -head gap and
induced into the magnetic tape. When
reproducing, the tape passes over the
gap in the head and the magnetic flux
in the tape, and in passing causes a
voltage

to he generated m the head

windings. These minute voltages are
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then amplified and reproduced in the

GAP WOTH O

usual manner.

FRONT Gym

The output voltage of a reproducer

head may be approximated

by

LENGIM -

the

equation.

E = 10' fwn

where,

E is in microvolts,
f is the frequency in Hz,

w is the width of the sound track in
mils,

n is the number of turns on the head
coil.

The foregoing equation may only be
used for frequencies recorded on the
linear portion of the recording characteristic.
17.70

What

is

a

record -reproduce

head?-A magnetic head designed for

POLE PIE CE

BACK GAP

Fig. 17-76. Magnetic recording and reproducing head nomenclature.

both recording and reproduction
17.71

Why do some magnetic re-

corders employ three magnetic hoods?-

To perferm three separate functions:
erasure, recording, and playback. The
playback head is used to monitor the
signal as it is recorded or for normal
playback
17.72

When two magnetic heads are

Hy -mu 80, NC -88, and Permalloy. To
achieve full benefit from these metals,
the head laminations are generally less

than 0.004 inch in thickness and annealed after working. The laminations
are cemented together, using a very thin
birder
17.75

What is the gap height in a

used, what ore they?-They may be an

recording head?-Generally, on the or-

erase and a recording head, or they may

der of 0.00025 inch or less. The maximum height for wide -range recording

be recording and playback. Magnetic
recorders used for motion picture recording generally employ only the recording and playback heads. Erasure is
performed on a bulk eraser. (See Question 17.66.)
17.73

What

ceramiclike

is

a

ferrite core?-A
under

substance molded

high pressure and composed of iron,
manganese, and copper.
The compound is molded into the desired shape and fired similar to any
other ceramic.
Ferrite cores have extremely low
nickel, zinc,

eddy -current losses. Also, they are quite
hard compared to the conventional

metal core used for magnetic heads,
which accounts for the reason they have
not been generally accepted. Because of

the hardness, it is difficult to secure
sharply defined edges in the gap when
the height is of small proportions. Ferrite cores arc capable of recording extremely high frequencies, but they are
not as efficient at the lower frequencies
when compared to conventional metals.
Where wear is a factor, ferrite may be
used to good advantage.
What type metals are used in
magnetic head construction?-Mumetzl,
17.74

cannot exceed 0 0005 inch.
17.76
magnetic

What is the nomenclature for
recording

and

reproducing

heads? --The nomenclature is that as
given in Fig. 17-76. In some instances

the gap length

is

referred to as the

width.
17.77 What is the relationship of
gap height to frequency response?-

When the height of the gap in a reproducer head equals the recorded wave-

leugth, no output signal will be generated because the edges of the gap are
on points of equal magnetic potential.
The same holds true for integral multiples of the wavelength. The relationship
of frequency to gap height may be expressed:
V
2C

where,

G is the gap height in inches,
V is the linear velocity of the tape in

inches per second.
In practice, the maximum frequency
that may be reproduced for a given gap

height is somewhat less than that obtained mathematically, because the gap
does not have sharp edges.
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Fig. 17-77. Gap height versus the voltage response for a playback head of negligible
losses. Tope recorded constant-flus density at 7.5 inches per second.
Fig. 17-77

404mAGNET

illustrates how the fre-

quency response at a given speed

sI.i

is

affected by the gap height.
17.78

What is the advantage of a

second gap in a magnetic head? -1t
divides the head into two separate
halves making it insensitive to surrounding magnetic fields. This type
structure becomes hum -bucking.
/7.79 What determines the resolving power of a magnetic recording and
reproducing
system? - - The
shortest

wavelength or highest frequency that

Fig.

17-808.

A

three -gap

ring -type

erasure head.

may be recorded or reproduced.

When two gaps are used (Fig.
17 -BOA), a closed -core -type construction is used. For a three -gap head (Fig.

the sing -type construction is
used with one gap at the lower portion
of the magnetic structure.
17.81 What is wrap around?-The
amount of curvature the magnetic tape
or film makes in its passage over the
pole pieces of the magnetic heads. This
term is also applied to sprockets and
idler rollers.
17.82 What is the value of erasure
current used in the average recorder?For an erasure head with an impedance
of 500 ohms, from 150 to 300 milliam17 -BOB)

Fig.

17-80A. A

two -gap window,
closed -core erasure head.

or

17.80 How is an erasure head constructed?-Very similarly to a recording

head, except that one or more gaps may

be used. The gap length is generally
longer than the width of the recorded
sound track to assure a complete erasure. Also, the gap height is several
times the height of the recording gap.

peres.

17.83 What is a dc erasure head?Art erase head to which direct current
is applied rather than alternating cur-

rent. This method of erasure is not gen-
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Fig. 17-83. The effect of dc current versus noise for a dc erasure system.
orally used as it introduces a high noise
level in the tape with considerable harmonic distortion. Fig. 17-83 shows how
the noise increases with an increase of
direct current.
Dc erasure is often used in inexpen-

bias current is read by the meter across
the 10 -ohm resistor R. In commercial
recorders, the current is sometimes read
by the VU meter.
17.85 Can permanent magnets be

sive tape recorders, particularly those
using transistors. In this instance, current from the batteries is applied to the
sity for a heavy bias oscillator. Erasure

method described in Question 17.83, it
induces a considerable amount of noise
and distortion into the tape. Permanent
magnets are sometimes used with very
small inexpensive portable magnetic re-

of this nature increases the distortion
and is similar to the permanent -mag-

corders to eliminate the current drain
of a heavy high -frequency oscillator.

erasure head. This eliminates the neces-

net -type erasure described in Question

used for erasure?-Yes, but like the dc

The method of placing the permanent

17.85.

magnets along the tape travel for era-

17.84 How is an erasure toil connected to the bias -current oscillator?As shown in Fig. 17-84. The output of
the oscillator feeds the erasure head in
series with a variable capacitor and a

sure purposes is shown in Fig. 17-85. By
the use of permanent magnets, erasure

10 -ohm resistor. After the oscillator has

leave the tape fully magnetized to satu-

been set to its correct frequency, the
head circuit is resonated for a maximum current through the head by ad-

ration, resulting in a very high noise

justing the variable capacitor C. The

45 CURRENT
METER

is easily obtained but permanent magnets leave the tape magnetized in one

direction. A single -pole magnet will
level with a high degree of even -order
harmonic distortion. To minimize this
effect, more than one magnet is used

RECORDING
NERO

I. 300mA

Fig. 17-84. Erasure and recording heads connected to the output of a high -frequency
bias current oscillator.
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Fig.

785

17-85. An erasure system using permanent magnets. (Courtesy, Minnesota
Mining and Manufacturing Co.)

and so placed that the tape is left Ill

The circuit shown is designed for an

a nearly demagnetized condition.
To secure a completely satisfactory
erasure, a large number of magnets of
opposite polarity, gradually decreasing
ir. strength, would be equivalent to an

output current of 35 mA and is used

ac erasure, but impractical. A simple
permanent -magnet erasure system is
shown in Fig. 17-85. Successively opposite field maxima are experienced by

the tape at points A, B. and C. At A the
tape contacts the magnet and is satu-

rated, which obliterates any previous

for supplying the recording bias only. If
the oscillator is to be used for both recording and erasure service, a tube with
a greater output should be used
17.87 What is the height of the gap
ge erase head?-The averin the

age height is from 2 to 7 mils, with a
length slightly greater than the width
of the tape. As a rule, magnetic film
recorders do not employ erase heads;
however, when they do, the erase -head

recordings on the tape. The function of
the fields B and C is to leave the tape
in such a condition that it is essentially
demagnetized. To accomplish this in a
satisfactory manner, the fields must be

gap

of the correct strength and properly

signed without erase heads?-For two
reasons, (1) to prevent accidental erasure of sound tracks, and (2) to elimi-

spaced for the linear speed of the tape.
Practical spacings for 7.5 inches per
second arc: Point A bears on the tape:
at A the spacing is approximately 0.003
inch; and at C approximately 0.028 inch.
17.86 Show the schematic diagram
for a high -frequency push-pull bias currant oscillator.-A typical push-pull
high -frequency bias current oscillator
is shown in Fig. 17-86. The coil in the

grid circuit is tuned to the resonant
frequency by the capacitor C. The coil
is of high Q design.

is made slightly longer than the

width of the sound track, which
200 mils.
17.88

Why ore magnetic film

is

re-

corders for motion picture recording de-

nate the need for a heavy current oscillator. Erasure is accomplished by the
use of a hulk eraser, discussed in Question 17.65. Erasure heads are sometimes
included in magnetic film recorders

when they are used for looping

(see

Question 17.223) and are automatically
energized and turned off. Erasure heads
are also employed with special magnetic
pickup recorders as discussed in Question 17.238.

Fig. 17-86. A low distortion 60 -kHz recording -bias oscillator circuit.

786
17.89

THE AUDIO CYCLOPEDIA
What

causes

a

recording

head to become magnetised?-Working
around the head with magnetized tools;

removing tubes when the machine is
in the record position; disconnecting
the head in the record position; testing

ends to prevent marring the poles of the
recording head.
17.91
HOW is a degaussing
tool

used?-By passing the coil of the de-

the head with a volt -ohmmeter; surges

gaussing tool slowly over the device to
be demagnetized and then slowly removing it. The degaussing tool or coil

created by the motor system, if operated too quickly after throwing to the
record position from playback; and an
unsymmetrical waveform in the bias

must be energized before slipping it
over the part to be demagnetized and
must not be shut off until removed a
distance of several inches away from

oscillator. A magnetized recording head

the demagnetized part.

will decrease the signal-to-noise ratio
6 to 10 dB. Also, it will gradually erase
the high frequencies during playback.
17.90

Hon are magnetic heads de-

gaussed?-By the use of a hand -type
degausser as shown in Fig. 17-90A. The
most convenient type degausser is that

made from a 250 -watt soldering gun.
The normal soldering tip is removed
and in its place is connected a coil of
heavy wire wound large enough to slip
over the head or other parts to be de-

Fig. 17-908. A degaussing tool for
inch tape recorders.

4-

gaussed.

Three coils are generally required.
One consists of 12 turns of number 6
enameled wire about 31,4 inches in diameter wound in a single layer with
the turns closely taped together. Two

If the above precautions are not observed and the degaussing coil is energized or de -energized near the part, It
may magnetize the part rather than

other coils of number 8 and 14 wire each

should be OFF to prevent a heavy signal from being applied to the amplifier
input and possibly damaging the inter-

containing 12 to 15 turns, respectively,
are constructed in a similar manner.
The large coil is used for demagnetizing
the impedance drum of a recorder or
projector and the smaller coils are used
to degauss sprockets and recording and
reproducing heads. Erase heads do not
need degaussing as they are continuously being demagnetized.
A degaussing tool is shown in Fig.

17-908. The poles are coated on the

demagnetize it. The amplifier system

nal components.
17.92
How many times can magnetic tape and film be degaussed and re-

vise-The number of times a tape or
magnetic film can be used depends entirely on how the tape has been handled
or cared for. If the base has not been

stretched or warped or the magnetic
oxide abrased, it can he reused many

Fig. 17-90A. A degaussing tool made from a 250 -watt soldering gun.
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Fig.

17-93D.

A worn head with two

slots. (Courtesy, Audio Devices, Inc.)

Fig. 17-93A. Top View of a new and a
worn hood with a flat. (Courtesy, Audio
Devices, Inc.)

times. To enable the tape or film to be
used over and over requires that the
recording machines be in perfect condition relative to their transport systems
and head alignment If the magnetic
oxide is damaged in any manner, dropouts and changes in level may be encountered. Tape or film having highlevel recording should be erased as soon
as possible; if not, it may be rather diffi-

cult to erase them down to their original noise level. (See Question 17.66.)
-bill

shown in Fig. 17-93C. On the other
hand, if the tape is undersize, it will

slide against the side of the groove wall
and kink, inducing flutter and variations

in both recording and playback, with
possible dropouts.

In some instances, two grooves are
worn in a head as shown in Fig. 17-93D.
Some manufacturers of 1/4 -inch tape
recorders use heads with a slight rise in
the center, to prevent slotting the head
(Fig. 17-93E). It is assumed the head
will be replaced when it has worn even

with the sides of the pole pieces. The
use of an extended pole piece requires
that the tape guide system must be in
continuous good alignment. One effect
of head wear is that the inductance of
the head falls off with the wear of the
pole pieces.
17.94 What may be done to salvage

a worn recording or playback headl---It
(hM »I LE.

may be honed down by using an Ar-

17-9311. End view of a new and a
worn head with a slot (Courtesy, Audio

kansas stone, slightly oiled However, if
the honing is done with too great a
pressure. the head may be completely

Devices, Inc.)

ruined. Polishing tapes may also be used

Fig.

to hone the head if the tape is of the
Show the effects of wear on a

same base thickness as the tape or film

1/4 -inch tape head.-The abrasiveness
of the tape emulsion wears a flat in the
pole pieces as shown in Fig. 17-93A, or
a groove as shown in Fig. 17-93R. If the
tape is slightly oversize, it wall climb

that is normally used for recording. If
stoning is not practical and polishing
tapes are not avalable, a loop of the

the sides of the groove, reducing the

compound applied to the surface of the
tape. This loop is then run until the desired amount of honing is accomplished

17.93

contact and affecting the frequency rewith possible dropouts, as
sponse
TAPE KING 044
l ECM WE OE Co/000W

same tape that is normally used for re-

cording may be used, with polishing

The tape or film that is used to make
the loop must be free from warping or
SASE

EX TENCIED POLE MCC./

HUD 10

VEEPLACIO

EINE111100110 EMS LE VEL

TAK

WMON1
I MAN
EVOOVI

Fig.

TAPE IN
44101

GEO 0,

17-93C. The effect of tape width

on worn heads. (Courtesy, Audio Devices,
Inc.)

17-93E Extended pole -piece head.
Head is replaced when worn down to
Fig.

the level of the main pole piece.
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twists. A satisfactory polishing compound is Carborundum Polishing Compound AA 600 -V5 -OS, an Aluminum
Oxide with a grit of 600. (See Question
17.125.)
I 7.9 5

How important is tope contact with the head? -If a ring -type head
is used, it is essential that the tape be
in intimate and unvarying contact with

the surfaces of the head pole pieces.
The principal loss because of poor contact takes place at the high frequencies,
because the field of the pole pieces falls
off more rapidly as the tape is separated
from the pole -piece surface. It has been
demonstrated

that when the

tape is

separated from the pole pieces as little
as 0.00075 inch, the response at 5000 Hz

will drop 30 dB compared to the level
at 1000 Hz. For a separation of 0.0015
inch the loss at 2000 Hz is 28 dB. Thus,
it may be seen that the contact the tape

makes with the head is all-important.
The foregoing data is for playback
heads, but there is good reason to believe the same effects hold good for recording heads.
One of the reasons for poor head
contact

is

stepping of

the head. A

stepped head is one in which one edge
or pole piece has raised above the other
pole piece due to mechanical slippage.

The result is a step. Heads that have
become stepped will show a very poor
high -frequency response. Stepping of
heads will generally occur only once.
The step may be removed by honing.
17.96

How is the head -wear pattern

of a magnetic head checked? -By coating the surfaces of the head pole pieces

with layout blue (Prussian blue). The
tape is then run over the head at its
normal speed long enough for it to wipe
off the blue. The area of contact may be

clearly seen after removing the tape.
The head angle is adjusted for a smooth
even contact by securing an even wipe -

off of the layont blue. If good contact
L GMIN AT IONS

GAP

17-968. Magnetic hcod using
tapered pole pieces, after considerable
Fig.

wear.

cannot be achieved by normal adjustment, honing of the head may be done
as described in Question 17.94.
If the head construction is of the
tapered pole -piece type (Fig. 17-96A),
as the wear progresses the pole pieces
are worn down as shown in Fig. 17-96B.

For a head in this condition there is
only one solution-replacement. Head
polishing may be carried out as described in Question 17.125. However, it
must be done carefully, as it is quite
easy to ruin a perfectly satisfactory
head by excessive polishing.
17.97 What is contact noise?-

Noise generated within the tape by
irregular contact with the recording or
playback head.
77.98 How may a magnetic record-

ing head be tested for contact?-By recording a 3000 -Hz constant -amplitude
signal, then playing it hack while measuring the output with a VU meter and
listening to the reproduction.
Assuming that the tape is of good
quality and the machine has a low per-

centage of utter, variations in output

level may be due

to the following

causes:

a. Tape bouncing on playback head
as it passes over the pole pieces,
b. Tape does not make good contact
on recording head but does so on
the playback head,
c. Splices in the tape causing bouncing,
d. Scratches or abrasions in tape
emulsion,
e. Dirt on emulsion or on pole pieces,
f. Head worn,

g. Drop -outs caused by poor head
contact.
CCITM Of GAP

Fig.

17-69A. Magnetic hcod using
tapered pole pieces, before weor.

High -quality tape when played hack on
a good reproducer will show a variation
in level of approximately plus or minus
0.25 dB and 1 dB from roll to roll.
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If the contact pressure on the playback head is too great, high -frequency
losses will occur. This is also true if
contact

the

pressure

is

not

great

enough. When the contact pressure of
the playback head can be adjusted, it
is advisable to adjust the pressure until
maximum output is obtained and then
increase the pressure until the playback
level drops 1 dB. This is done to insure
that the correct amount of pressure will
be present at the surface of the tape.
17.99 Is it possible to have large
variations in magnetic tape due to manufacturing defects? --Yes, tape of ques-

head

is

completely

enclosed

in

the

shield, except for a slot to permit the
tape to make contact with the head
pole pieces. The cases are nested as
described in Question 8.51.
17.104 What is on azimuth adjustment?-An angular adjustment in a

horizontal plane moving in a clockwise
direction. (See Fig. 17-104.) In a magnetic recorder or reproducer, it is the
angle the gap in the head deviates from
a right angle with respect to the direction of travel of the tape. This adjustment is similar to that of adjusting the
recording slit in an optical film recorder.

tionable manufacture will show large
variations in output level and dropouts. Also, the noise and distortion can

GAP

be high, varying from one section to
another. High -quality tape will show
about plus -minus 025 dB and 1 dB
from roll to roll.
17.100

How does the manufacturer

test magnetic tape for consistency of
output level?-By recording a reference
signal on the tape as it passes through
the dry -box after being coated. The signal is recorded on an automatic -level
recorder, and if it varies more than the
manufacturing tolerances, a warning
signal is sounded.
17.101
What solutions arc recommended for cleaning magnetic heads,

tape, and film? --Several commercial so-

lutions are available for cleaning magnetic heads, tape, film, and the metal
parts

around

the

transport system.

Among them are Freon TF, which is
nontoxic. noninflammable, and nonexplosive. Also available is a Xylenc solution in 0.1 -percent Aerosil; however,
this solution should not be used for
cleaning the capstan or the pinch wheel.
Tape guides, capstan, and the pinch
wheel should be cleaned with denatured
alcohol. Under no circumstances should
carbon tetraeltioride be used because of

its toxic nature. In some areas its use is
forbidden by law. Cleaning solutions are
applied to the head with a cotton swab
and wiped ofT with a lint -free cloth.
17.102 What effect does magnetization of the heads have on recording
and reproduction?-The noise and distortion are increased.
17.103

How are the heads of a mag-

netic recorder shielded from the influence of external magnetic fields? --By
placing the heads in shields of Mumctal
alternated with copper shields. The

p90'
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17-104. Azimuth adjustment of
magnetic head. For correct azimuth the
angle of the gap to the direction of tape
travel equals 90 degrees.
Fig.

17.105

How

ore

test

tapes

re-

corded?-Test tapes are generally recorded to comply with the NAB Standard (April, 1965) using a 400 -Hz reference level tone recorded 10 to 15 dB
below a THD of 3 percent, with the tape
running at a linear speed of 73/4 ips, and

the bias adjusted to its optimum value.
These are the levels established for the
NAB Primary Reference Tape.
NAB Standard test tapes are desig-

nated by the number 65, the linear
speed, and recorded full track. Therefore, if they are used with a reproduce
head that is less in width than full
track, a low -frequency rise may be expected. Instructions are given with the
tape for this correction. The frequencies
standardized for test tapes are given in
Fig. 17-105A. In addition to the frequencies shown, an azimuth adjustment

frequency of 5, 10, or 15 kHz is given
depending on the linear speed of the
tape. The recorded reference level in
dB below 100 -percent modulation is
given at the top of each column, for different linear tape speeds. Each frequency has a duration of 12 seconds, the
reference tone 20 seconds, and the azi-

muth adjustment 60 seconds. Also included is an additional program reference tone of 1000 Hz. In recording test
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15

ips

7.5 ips

5.!,..4 ins

17/8 ips

dli

-15 dB

0 dB

-10dB

75

15 kHz
12 kHz
10 kHz

15 kHz
12 kHz
10 kHz
7.5 kHz

-

10 kHz
7.5 kHz

5 IcHz

5kHz

5kHz

--5kHz

2.5 kHz
1 kHz
750 Hz
500 Hz
250 Hz
100 Hz
75 Hz
50 Hz
30 Hz

2 kHz
1 kHz

2.5 kHz
1 kHz

2.5 kHz
1 kHz

7S kHz

Azimuth 15 kHz

750 Hz
500 Hz
250 Hz
100 Hz
75 Hz
50 Hz
30 Hz
15 kHz

750 Hz
500 Hz
250 Hz
100 Hz
75 Hz
50 Hz
30 Hz

10 kHz

750 Hz
500 Hz
250 Hz
100 Hz
75 Hz
50 Hz
30 Hz

5 kHz

Fig. 17-105A. Standard NAB test frequencies used for recording test tapes. The zero
level frequency on tapes for linear speeds less than 15 ips is lower by 10 to 15 dB to
prevent overloading the playback system, because of equalization.

tapes for speeds other than 73/4 ips, they

are recorded to supply the same ideal

in Figs. 17-106A, B, and C show the effects of improper azimuth alignment for

nead-flux at the same wavelength as the

one -quarter, one-half, and full -track 1/4 -

Primary Reference Tape, when measured on an ideal reproducing system.

inch tape recorders. Azimuth can also
be affected by deformation of the tape

Because of the multiplicity of equip-

which is caused by skewing as it travels
over the heads and tape -guiding mech-

ment in the field, test tapes cannot be
completely changed to conform to the
NAB Standard of April, 1965. Therefore,

most tape manufacturers can supply
tapes having characteristics used before

the adoption of the present standards.
To obtain the accuracy required in the
manufacture of test tapes, each tape is
an original. It will be observed in Fig.
17-105B that the frequencies for magnetic cartridge test tapes arc slightly
different than those for the conventional
recorder -reproducer.
Manufacturers of standard test tapes

hold the recorded frequency level to
plus or minus 0.25 dB or less. A voice
announcement precedes each frequency
for identification.
17.106 What are the effects of improper azimuth adjustment?-The tables

anism.

Skewing is caused

by

tape

wound too tightly or unevenly on the
reel, cramped against the flange of the
reel, and moisture absorbed by the base
material causing ripples along the edge
of the tape. The amount of this bending
loss at 1/2 -mil wavelength varies somewhat with the tape, but it is generally

on the order of 0.5 dB. It will be observed that the adjustment of the azimuth is quite critical for a full -track
head, more so than for one of less than
full -track. On a full -track machine, reproducing 15.000 Hz with only two minutes of azimuth error, the loss will
range from 0.5 dB at 15 ips, to over 5 dB
at VA ips. By study of the tables, losses

may be extracted for different wavelengths and sound -track configurations.

400-1 iz Calib. Level. 10 dB below Standard Ref.
400 -Hz Standard Ref. Level. plus -minus 0.25 dB
15 kHz
12 kHz
10 kHz
8 kHz
5 kHz
Fig.

2.5 kHz
1.0 kHz
600 kHz
300 kHz

150 kHz
75 kHz
50 kHz
30 kHz

17-105B. Standard NAB test frequencies used for recording magnetic tape
cartridge test tapes.
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1 -Mil Wavelength

1/2 -Mil Wavelength

Vs -Mil Wavelength

Loss

Azimuth Error

Loss

Azimuth Error

Loss

Azimuth Error

in dB

in Minutes

in dB

in Minutes

in dB

in Minutes

0.5 dB
1.0 dB
2.0 dB
3.0 dB
4.0 dB
5.0 dB
6.0 dB
7.0 dB
8.0 dB
9.0 dB

14.86

0.5 dB

7.43

20.90
29.21

1.0 d13

10.45

2.0 dB
3.0 dB
4.0 dB
5.0 dB
6.0 dB
7.0 dB
8.0 dB
9.0 dB
10.0 dB

14.60

0.5 dB
1.0 dB
2.0 dB
30. dB
4.0 dB
5.0 dB
6.0 dB
7.0 dB
8.0 dB
9.0 dB
10.0 dB

10.0 dB

17.67

20.16
22.16

24.08
25.68

27.09
28.36
29.50

3.71

5.22

7.30
8.83

10.08
11.13
12.04
12.84
13.54

14.18
14.75

Fig. 17-106A. Loss due to azimuth misalignment for 43 -mil quarter -track. (Courtesy,
Ampex Corp. Test Tape Laboratory )

1 -Mil Wavelength
Loss

in dB
0.5 dB
1.0 dB
2.0 dB
3.0 dB

4.0dB
5.0 dB
6.0 dB
7.0 dB
8.0 dB
9.0 dB
10.0 dB

Azimuth Error
in Minutes
8.52
11.98
16.75
20.27
23.12
25.53
27.61

29.44

1,42 -Mil Wavelength

Loss

in dB
0.5 dB
1.0 dB
2.0 dB
3.0 dB
4.0 dB
5.0 dB
6.0 dB
7.0 dB
8.0 dB
9.0 dB
10.0 d13

Azimuth Error
in Minutes
4.26
5.99

8.37
10.13
11.56
12.76
13.80
14.72
15.53
16.26
16.91

1/4 -Mil Wavelength
Loss

in dB
0.5 dB
1.0 dB
2.0 dB
3.0 dB
4.0 dB
5.0 dB
6.0 dB
7.0 dB
8.0 dB
9.0 dB
10.0 dB

Azimuth Error
in Minutes
213
2.99

4 18
5.06
5.78
6.38
6.90
7.36
7.76
8.13
8.45

Fig. 17-106B. Loss due to azimuth misalignment for 75 -mil two -track. (Courtesy,
Ampex Corp. Test Tape Laboratory )

1 -Mil Wavelength
Loss

in dB

Azimuth Error
in Minutes

0.5 dB
1.0 dB
2.0 dB
3.0 dB
4.0 dB
5.0 dB
6.0 dB
7.0 dB
8.0 dB
9.0 dB

2.5

10.0 dB

10.0

3.6
5.0
6.0
6.9
7.6
8.3
8.8
9.3
9.7

1/2 -Mil Wavelength
Loss

in dB
0.5 dB
1.0 dB
2.0 dB
3.0 dB
4.0d13
5.0 dB
6.0 dB
7.0 dB
8.0 dB
9.0 dB
10.0 dB

1:4 -Mil Wavelength

Azimuth Error
in Minutes

Loss

1.3

0.5 dB
1.0 dB
2.0 dB
3.0 dB
4.0 dB
5.0 dB
6.0 dB
7.0 dB
8.0 dB
9.0 dB
10.0 dB

1.8

2.5

3.0
3.5
3.8
4.0
4.4

4.7

4.9
5.0

in dB

Azimuth Error
in Minutes
0.64

0.89
1.25
1.52
1.73
1.91

2.07
2.20
2.33
2.43

2.53

Fig. 17-106C. Loss due to azimuth misalignment for 250 -mil full -track. (Courtesy,
Ampex Corp. Test Tape Laboratory )
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The NAB Standard specifies that the
azimuth of an NAB -65 test tape must
be within plus -minus 1 minute of arc,
with respect to the edge of the tape.

monitoring a signal as it is recorded.
The lineup tape is played back and the
azimuth of the playback head rotated

This means the slitting of the tape, during manufacture, and the tension and
winding of the tape on the reel must be
carefully controlled to prevent stretching and warping of the edge. These precautions must also be observed by the

gaussed tape is then threaded on the
recorder and a signal of the same frequency as the lineup frequency is re-

user.
17.107

What frequencies ore used
for magnetic film azimuth alignment?The Society of Motion Picture and Television Engineers

(SMPTE)

and the

USASI (ASA) Standards specify 7000
Hz for 16 -mm magnetic film running at
a linear speed of 36 fpm; 8000 Hz for

for a maximum output signal. A de-

corded,

while

monitoring the

signal

from the playback head
The recording head is rotated for a
maximum signal at the playback output. When the output is maximum, the
azimuth of the recording and playback heads arc the same. This adjustment should be made at a level of 10
to 20 dB below the maximum recording
level.
17.110

How

is

the azimuth of a

11.5 -mm running at 45 fpm, or 35 -mm
at 90 fpm. However, most studios em-

combination record and playback head

ploy a frequency of 9000 Hz for both

playback position. As the same head and

17.5 -mm and 35 -mm film.

The azimuth of the playback head

gap are used for both playback and
record, the azimuth adjustment is not

must first be established before the recording head azimuth can be set. This is

too important, unless the recorded material is to be played back on other

accomplished by playing back a stan-

equipment.

dard azimuth film of either 7000 or 9000
Hz and measuring the amplitude of the
azimuth signal at the output of the
playback amplifier. The playback head

17.111
Is the azimuth adjustment
of the erase head important?-No, as
long as it is approximately at right

is

rotated for a maximum signal and

locked into place.

A well degaussed magnetic film is
threaded on the machine, and
either a 7000- or 9000 -Hz signal rethen

corded while observing its amplitude at

the playback amplifier The recording
head is then rotated for a maximum
signal and locked in place. The record-

ing head will now have the same azimuth as the playback head. Azimuth

aligned)-By aligning the head in the

angles to the direction of motion of
the tape, it will be satisfactory as the
gap is quite wide.
17.112 What are the distortion
characteristics of magnetic tope?-Severnl distortion curves made by the
Minnesota Mining and Mfg. Co. on their
Type 111 magnetic tape are shown in
Fig. 17-112. The third harmonic distortion at 400 Hz is shown for several
values of bias and recorded level. These

may be measured by making the sound
track visible, as discussed in Question

four curves and distributed around the
optimum value of bias current.
17.113 Whet is the relationship of

17.133.

linear tape speed to frequency response?

To what accuracy ore azimuth test tapes and film retarded?-For

-As it was shown in Fig. 17-46, the

1/4 -inch tape, plus -minus 1 degree of
arc; for magnetic film tape, 3 degrees of

an increase in linear speed. Nearly all

arc, regardless of size. Because of the

quency response of magnetic tape are
not frequency dependent, but rather
dependent upon the wavelength of the

17.108

extreme accuracy required in such
tapes and films, each one is an original

recording. In the instance of magnetic
film, azimuth test films may be obtained
from the SMPTE in various lengths.
However, azimuth tests arc generally
included in most multiple test films.
17.109 What is the procedure for
lining up the maanctIc heads on a tope
recorder?-Assume the recorder has a
playback head which may be used for

high -frequency response increases with

of the factors affecting the high -fre-

recorded signal.

Doubling the speed of the tape doubles the highest frequency that may be
recorded. It is understood that such
factors as the recording and reproducing head -gap heights and azimuth ad-

justment must all be taken into consideration as well as the linear speed
of the tape, for best results.
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Fig.

17-112. Third -harmonic distortion as a function of output level versus bias
current. (Courtesy, Minnesota Mining and Manufacturing Co.)

17.114
What is the lowest linear
speed that may be used for magnetic
recording?-Speeds down to a fraction

of im inch per second are in current

will remain the same with some improvement in the low -frequency response.

dynamic range of 35 dB.
17.115 What is the relationship between the width of a magnetic sound
track and the output level? -The output
level is directly proportional to the
width of the sound track If the original
track is 200 mils in width and it is reduced to 100 mils, the output level will

The particles of the gamma ferric
oxide are dispersed throughout a resin
binder and have a very definite effect
en the characteristics, which depend on
the shape, size, and orientation of these
particles. Frequency response, signalto-noise ratio and the general sensitivity are all interrelated not just to each
other, but to how close to optimum the
gamma oxide is handled in manufacture. The particles may be visualized as
a group of needles which must be oriented in parallel lines, and their mag-

drop 50 percent or 6 dB. U the width

netic fields such as to reinforce each

is reduced to one -quarter of its original

other. As these particles measure 1 micron by 0.2 micron (1 micron equals
1/1000 of a millimeter), it is rather a dif-

use for scientific recording. One commercial recorder uses a linear speed of
irria inch per second. The frequency
range is from 300 to 2500 Hz with a

width, the output will drop to 25 percent of original value or 12 dB.
17.116 What effect does the particle

thickness

and physical alignment

have on the characteristics of magnetic
film or tape?-The thickness of the
magnetic emulsion has a very definite
effect on the frequency response of the
recording medium. U the high -frequency bias current is adjusted for the

best frequency response using a medium which employs a thick magnetic
coating and then one employing a thin
magnetic coating is substituted, a reduction in the high-f:equency response
will result.
If the high -frequency bias current
of a recorder is adjusted for the best
frequency response using a thin magnetic coating and a heavy coating is
substituted,

high -frequency

response

ficult manufacturing operation to get
them into alignment.
During manufacture, the particles arc
put into a ball mill, a massive stainless steel drum with about two million steel
ball bearings, and are tumbled. A
binder to act as a suspension is also put

into the drum as the particles arc tumbled As the ball bearings tumble, they
shear the honeylike suspension, separating the individual particles, and coat-

ing them with the binder to prevent
them from making contact with one
another.

In the early days of tape manufacture, the particles were cubical in shape,
requiriug that the tape be operated at n

linear tape speed of 30 Ips for good
quality recording. However, cube -type
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Fig. 17-116. Comparison of frequency response for various magnetic -oxide coatings

running at 71;2 ips. (Courtesy, Magnetic Products Div., Minnesota Mining and
Manufacturing Co.)
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particles cause a loss of sensitivity,
elongating the hysteresis curve, and in-

oxide should not be confused with the

creasing the print -through. The milling
time (tumbling time) is critical to
within 1 percent, with temperature and
humidity playing their part, also. When
the magnetic oxide is first placed on the
base, the particles are in random fashion. While the coating is still soft, the
tape is passed through a very strong

used on high -output tape, described in

magnetic field that physically orients

the particles in a lengthwise direction,
end to end and parallel to each other,
and they remain so throughout the life
of the tape. Three groups of frequency
versus coating thickness for linear
speeds of 7.5 ips are given in Fig. 17-116.
(See Question 17.120.)
17.117 What causes modulation

noise?-Modulation noise can be caused

by irregularities in the magnetic coating. It manifests itself by a fuzziness
in the reproduction and varies with the
percentage of modulation, because the
noise is modulated by the signal frequencies. Modulation noise is only apparent when a signal is present. (See
Question 17.160.)

7.719 What is the difference between black and red oxide tape-The
black oxide has a higher coercivity than
the red oxide, although they both have
approximately the same frequency response. The black oxide was originally
used with paper base tape, and is now
obsolete. (See Question 17.29.) Black

dark green magnetic oxide which

is

Question 17.164.
17.179 What causes dropouts in
magnetic recording? - Dropouts
are

caused by discontinuities in the magnetic coating and, if great enough, cause

noise pulses which act as a spurious
signal. Dropouts are caused by a lack
of magnetic coating at the point where
a signal is recorded and lead to an explanation based on the more frequent
occurrences of small inclusions, called
nodules, in the magnetic coating. These
nodules can be classified as oxide
clumps. acetate particles, embedded
filter fibers, etc.

Oxide clumps which protrude from
the otherwise fiat surface of the tape
force the main body of the tape away
from the recording and playback gaps.
During recording, the presence of a
nodule reduces the sharpness and intensity of the recording field. On play-

back, when the rate of change of the
recorded flux is observed, the already
reduced steepness of the flux front is

observed from a distance which further reduces the rate of change of flux
in the reproducing head. This combination results in a decrease in output

which is called a dropout.
Two groups of curves showing the
effect of dropouts and the attending loss
of level are given in Figs. 17-119A and

SPACING -IA.S

Fig. 17-119A. Curves showing the fall -off of recorded signals versus spacing from
recording head. (Courtesy, Minnesota Mining and Manufacturing Co.)
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17-119B. Curves showing fall -off of reproduced signals versus spacing from
reproducer head. (Courtesy, Minnesota Mining and Manufacturing Co.)

with the appearance of a typical

B,

dropout recorded by means of a graphic
level recorder.

It is the general practice in the tape
manufacturing

industry to record a

wavelength of about 37.5 mils on the
product at a constant input level. This
signal is then played back, filtered, and

the output signal at particular critical
wavelengths recorded using a graphic
recorder. Tin1 rccordcd response for in -
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MIME MEE =MEE
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EIEMBE

stantaneous dropouts caused by foreign
matter in the coating or on the surface
is shown graphically in Fig. 17-119C. To
evaluate surface smoothness and tape to

head contact, a wavelength of 1 mil is
used. These two tests used together aid
in evaluating the lubrication, slitting of
the base material, and the oxide hinder
characteristics. The smoother the re-

sulting record the more uniform the
magnetic sensitivity. The graphic recording in Fig. 17-1I9D shows typical
results using the above test methods.
The above data apply equally well to
both magnetic film and tape.
17.120 What is meant by orientation of the magnetic emulsion particles?

-It is the process of orienting the individual particles of iron oxide so that
they face in the same direction, thereby
increasing their overall magnetic effect. Orienting of the iron -oxide particles results in lower distortion and an

NEEE
mown
"ipll....

Fig. 17-119D. Upper trace;
smoothness and tape -to -head

surface
contact

Fig

17-119C Graphical appearance of
a magmatic tape with dropouts, using a

test, using a 1 -mil wavelength. Lower
trace; test for foreign matter on tape
surface, using o 37.5 -mil wavelength.

37.5 -mil wavelength. :Courtesy, Eastman
Kodak Co.)

These two tests arc for a high -quality
coating. (Courtesy, Eastman Kodak Co.)
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A

B

RECORD DIRECTION

(a) Nonoriented.
Fig.

(b) Oriented.

(a) Direction of tape travel.

17-120. The arrangement of non -

oriented

oxide

particles

and

BASE THICKNESS

oriented

BASE B 0510E COATING

oxide particles.

THICKNESS

TAPE

IS OXIOE IN
WINDING)

increase of 2 to 3 dB in the output level
for a given set of conditions.
During the manufacture of the mag-

netic tape, a strong magnetic field is
applied while the tape is drying and
hardening. The particles line up longitudinally (Fig. 17-120) and have a cooperative magnetic effect which im-

V

COATING NOB
-

master tapes.
sl I
TAPE
Is OXIDE IN
CA: WINDINGf

What is print-through?-The

HOB

unwanted transfer of a signal from one

layer of tape to another by magnetic
induction. Print -through is caused by
overmodulation or recording at excessively high levels approaching saturation.

When tape or magnetic film is wound

from reel to reel, each layer of tape is
in the magnetic field of its neighbor.
Since any magnetic material subjected
to a magnetic field tends to become
magnetized, each layer of tape will he
magnetized to some extent by the adjacent layer. The effect is nonlinear, and
is somewhat like recording without bias

current. The transfer level decreases
about 2 dB for each 1 -dB decrease in
the recording level. Generally, transfer
effect is only noticed for the most highly

BACKWG

(b) Tape stored on take-up reel. This
method of storage is recommended for

proves the recording characteristics.
17.121

OXIDE

(c) Tape stored on stock reel
Fig. 17-121. Showing how print -through
is generated.

heavier base, does not suffer as much
from print -through as does the 1/4 -inch
tape; however, the same precautions
should be observed relative to magnetic
fields. If the head end of the tape or film
contains music, for storage it should

not be rewound, but left tail out. This
prevent echo effects of print through.
will

Since the amount of print -through
received by a given section depends
upon its separation from the section
carrying the print signal, the next outer
layer will receive more print -through

modulated sections. The transfer effect
increases with the time of the storage,
the conditions of storage, and with increased temperature. Therefore, tape
and magnetic film should be stored in
a cool place, and in metal cans if possi-

than the next inner layer, in a normal
oxide -in winding. This is true because

ble. The tape must also be kept away

through only the base material. To print

from stray magnetic fields, both ac and

de, as such fields can cause a transfer

the printing field must reach the top
surface of the oxide coating undergoing

print -through. Thus, to print the next
outer layer the print signal must pass

the next inner layer, the print signal

this type should be used for critical

must pass through the base and an additional thickness of oxide. To illustrate
these points, the direction of recording
(greatly enlarged) is shown in Fig. 17121 part (a). Fig. 17-121 part (b) shows
a tape stored on the take-up reel, with
section C undergoing maximum print through. As playback section C goes

recordings. Magnetic film, because of its

past the playback head, the printing

from a few dB to 30 or 40 dB. Good rules

to follow arc do not drive the tape into
saturation, avoid exposure to magnetic
fields, and avoid high temperatures.
Several manufacturers can supply tape
with a low ratio of print -through, and
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signal is heard as a postprint, or as is

used,

commonly called, an echo.

though professional magnetic tape arid
film are held to close tolerances, there
is some variation between manufacturers; therefore, if possible, a complete
set of measurements of bias, frequency
response, distortion and signal-to-noise
ratios should be made on sample rolls.
It is the practice of several of the major
motion picture studios to degauss and
measure the bias requirements for each
roll of magnetic film just before using.
The bias current is measured for each
roll of film on the recorder it is to he
used with. Experience has shown this
has its advantages in the long run, as
the recording levels must be the same

In Fig. 17-121 part (c), the tape is
shown rewound and stored on stock
reels, with section A receiving the maximum print. Under these conditions,
when played back, section A precedes

the printing signal past the reproduce
head and appears as preprint. The
method of storage illustrated In Fig.
17-121 part (h) is recommended for
storing master tapes because it results

playback, of the two printthroughs appearing stronger as post print and weaker as preprint. Postprint
is less troublesome than preprint because it is likely to be masked by the
original signal. Preprint may be quite
noticeable if it is strong and if preceded
by a quiet section of tape.
Print -through is transient. Its level
drops quite rapidly upon removal from
the printing field and will show a drop
of 6 dB or more after removal. By storupon

what

tests

ore

required?-Al-

from roll to roll and it is an assurance
of the best recording conditions at all
times. Generally, a special test circuit is

installed as an integral part of the recorder so that the test may be accomplished quickly. Measuring in advance
and marking the bias current on each
roll is not always satisfactory, as the

ing tailout and rewinding just before
playback, the printed signal intensity is
reduced, and generally there is not sufficient time for a new signal to be

bias setting could be overlooked by the
operator.
17.124

What causes volume compression in magnetic tope or film?-Excessively high recording levels which
drive the tape into saturation. However,
this may be easily detected because as

printed.
17.122

How should magnetic tape
be stored?-In a temperature of 60'F to

70'F with a relative humidity of 40 to
60 percent, sealed in a metal container,
and stored away from magnetic fields,

tape approaches saturation, the
high -frequency distortion is increased,
resembling heavy sibilance.

the

as even a weak field will cause print through. Tape stored in a high tempera-

17.125

What

is

lapping

tape?-

Lapping tape is used for applying a
high polish to the surface of finished
products for many devices. It may be

ture will experience a life reduction of
about 90 percent. Curves showing how
temperature affects the transfer of a

signal from one layer to another for

obtained with grit so fine that as little
as 3 microns (3 thousandths of a milli-

two different types of magnetic tape are
given in Fig. 17-122.
17.123 If a tape of different manu-

meter) can be removed. Such tape can
be very useful in resurfacing magnetic
recording and reproducing heads. Lap -

facture is substituted for that normally
40
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Fig. 17-122. Layer to layer signal transfer. (Courtesy, Minnesota Mining and Manufacturing Co.)
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ping tape is available in standard mag-

idly even a small distance from the pole

netic film and tape widths and is obtainable from most manufacturers of

pieces.

magnetic tape. Before purchasing or
using such tapes, the tape manufacturer

should be consulted for recommendations as to the grit size. (See Questions
17.93 and 17.96.)

17./26 Explain the use of lapping
tape and what precautions must be observed in its use?-If a magnetic head

has been reset because of an uneven
wear pattern, provided precaution is
observed, lapping tape may be used to
resurface the pole pieces by splicing a
piece of lapping tape about 10 inches in

length into a loop of leader stock of
about 3 feet in length. After two or
three poses of the lapping tape over the
head, the loop is lifted and the pole
pieces are inspected under a magnifying glass and the wear pattern is noted.

Only a very minimum amount of lapping should be used, as it can wear the

pieces down quite rapidly. The
new wear pattern can be made visible
by the application of machinist blue to
the pole pieces, then a clean leader is
run over the head. The wear pattern
will become visible by the removal of
pole

the

machinist

blue.

(See

Question

17.96.)

17.127 What is the relationship between output voltage and frequency from
a magnetic reproducer head?-The voltage generated in the playback head coil

is proportional to the rate of change of
the magnetic flux in the tape linking

17.130 What is ha tape noise?Frequency modulation of the recorded
signal as it passes over the recording
head because of the varying frictional
forces acting on the tape in its contact
with the pole pieces of the head.

The effect of fin noise is similar to
that generated by drawing a bow across
a violin string; however, the tape being
highly damped does not produce a tone,

only the noise. Frequency modulation
of the signal may also be caused by
minute irregularities in the oxide coat-

ing of the tape and variations in the
speed of the transport system of the
recorder. In the latter case, it is referred to as flutter.

There are two ways of identifying
frequency modulation noise from that
of magnetic noise. Fm noise is sensitive
to the frequency of the recorded signal
and as a rule, low frequencies are rela-

tively free of this effect, whereas the
higher frequencies are quite sensitive.
The second method of test is to alter
the tape tension, or the tape guides, and

to note the effect on the high frequencies. As a rule, increasing the tension
increases the noise, while a decreased
tension lessens the friction and noise is
reduced. The application of an oscillator

to the input of the channel, set to midrange high frequency, will generally be
of assistance in identifying and locating
the source of trouble.
17.131 What is the effect when a

the coil.

magnetic recording head is overloaded?

How are coils in a magnetic
head connected? --They are connected
series aiding or as one continuous coil,
or hum -bucking as described in Ques-

-The core saturates and produces the
same effect as if the gap had been

17.128

tion 8.98.

widened. Overloading also increases the

harmonic distortion and reduces the
signal-to-noise ratio.
17.132

What causes beats or tweets

in the reproduction from a magnetic recorder?-The beats are only heard when
the tape is reproduced arid are caused

by the frequency of the bias -current

appear between the poles of a recording
head?-As shown in the exaggerated
cross-sectional view in Fig. 17-129. The

oscillator beating with the applied audio
frequencies when the tape was recorded. Beats may be the result of cross
talk between the oscillator and recording circuits or poor filtering in the bias current circuits. If the frequency of the
bias oscillator is less than five times that
of the highest frequency to be recorded,
beat notes may result.
17.133 Can magnetic sound tracks

strength of the field falls off quite rap-

be made risible?-The sound track re-

Fig. 17-129. Magnetic field distribution
around the pole pieces of a magnetic
recording head.
17.129

How do the lines of farce
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Fig. 17-133A. A magnetic sound track made visible by the use of carbonyl iron in
hcptanc. (Courtesy, Minnesota Mining and Manufacturing Co.)
corded on magnetic tape may be made

visible by means of a method similar
to that used in the mapping of fields
around

magnets.

The

iron

particles

must, of course, be much smaller than
iron fillings. The particles which are

used are carbonyl iron with a diameter

of about 3 microns, or about 3 thousandths of a millimeter. In addition to
being small, the particles must be able

to move about so that they can settle in
regions where the tape is strongly magnetized. In order to provide the desired
mobility, the carbonyl iron may be dispersed in a light oil or in a volatile substance such as heptane. Even ordinary
water may be used. The simplest
method is merely to pass the recorded
tape through a suspension of carbonyl
iron in heptane. The heptane quickly

This is the word "TAPE" as re
corded on an Ampex machine

(30 in /sec ,full 1/4 in width
recording). Most of the length
of the recording is the "A"
sound

Fig. 17-1338. A magnetic sound track with the word "tape" mode visible by the use
of carbonyl iron in heptanc.
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evaporates leaving the carbonyl iron

sults are obtained if the carbonyl iron
is dispersed in a light oil instead of be-

causing mechanical modulation of the
recording head laminations. The resulting modulations are recorded as noise,
and sound similar to running gears.
Head vibration may also take on the
sound of rubbing noise, and in most
instances appears only during modulation periods. This type of noise or distortion is quite hard to detect and has
the effect of distorting the program material In such a manner that it is not
easily associated with any particular
portion of the transport system. At
times the noise may be heard between

ing suspended in heptane.

portions of dialogue; however, as a rule,

The track made visible in the manner described above has a number of
uses. One application of the method is
to permit an evaluation of the degree of
alignment of the magnetic heads. This
requires a study of very short wavelengths. One can determine with a niicroscope whether a recorded track is
perpendicular to the direction of tape

it is

travel. Relative positioning of the sound
tracks in multitrack recording may also
be examined. Defects in the gaps of

will many times supply a clue as to
which section of the transport system

particles settled on the regions which
are most strongly magnetized. The photographs in Figs. 17-133A and B illustrate typical sound -track patterns

which have been made visible in this
manner. The longer wavelengths recorded on the tape are evident to the
naked eye. Very short wavelengths, as
short as 0.001 inch, may also be observed. However, in the case of the
short wavelengths, more satisfactory re-

recording heads may be revealed and
some idea of fringing effects may be
obtained. Occasionally, by using a microscope to examine the visible track,
one may find tape defects which contribute to noise. The method cannot be
used to reveal weakly recorded signals
and for hest results a fairly high signal
level is necessary.
Two commercial solutions are available, under the names of Visa-Mag and
Magna -See. A mechanical device, man-

ufactured by Minnesota Mining and
Manufacturing Co., and sold under the
trade name of Scotch Magnetic Viewer,
permits the direct viewing of the sound

track. The viewer is about 2 inches in

only heard when modulation

signal on the playback head. The noise
will appear behind the oscillator signal.
The frequency of the oscillator signal

is causing the vibration.
If the noise is below 800 lIz it may
be caused by gears, motor unbalance,
helts, or a combination of all. If it is
of a high -frequency nature, it may be
caused by the transport system vibrating the tubes in the recording or playback amplifiers causing microphonics.
(See Question 11.58.)

Each recorder will exhibit its own
characteristics, depending on the number of motor poles and the method of
coupling the motor to the transport
system. Also, the tension of the supply

and take-up reels must be such that
they do not induce vibration.
Microphonic tubes will induce noise
in the modulations during recording

diameter and contains a mobile solution
in which are dispersed finely powdered

because of mechanical

magnetic

recording

particles.

This

solution. is

sealed between a thin nonmagnetic dia-

phragm on the bottom of a glass top.
When placed over the sound track modulations, the particles suspended in the

liquid arrange themselves in accordance with the modulations, thus the
track becomes visible. The pattern is
removed by rubbing the back of the
diaphragm with a circular motion.
17.134 What effect does mechanical vibration have on a magnetic recorder?-If the vibration is great

enough the recording head is vibrated,

is

present.
Such noises can be detected by
sweeping an audio oscillator slowly
from 200 to 3000 Hz through the system,
while simultaneously monitoring the

vibration. A

simple test is to tap the tubes in the
amplifier while

recording.

Noise due to microphonics will be recorded as a ringing sound. If no noise
is heard it may be assumed that the
tubes are not contributing to the noise.
If microphonic noises are heard when
playing back an unmodulated tape, the
playback amplifier tubes are micro phonic.
17.135
What is the couu of cross
talk in a multitrack recorder -reproducer?

-Cross talk between recording heads is
caused by magnetic coupling and the
transformer action between the head-
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Fig. 17-135. Crosstalk levels between heads 1 and 3 of a 3 -track 35 -mm magnetic
film recorder using a track width of 200 mils. Recording level plus 10 dl3m.

coil windings. This may be reduced by
separation of the windings and introducing a grounded shield between the
windings. In reproducing heads, cross
talk is caused by leakage between the
windings and the fringing effect at the
lower frequencies.
(See
Question

time delay between the original sound
and certain areas in the house. Time delay units are used for eliminating
confusion or interference. Basically, the
device

is

a

magnetic

tape

recorder,

Fig. 17-135, that the cross -talk ratio is
the greatest at the midrange frequencies
and lowest at the lower frequencies. For

using a continuous loop of tape, which
is first erased then recorded on. Playback heads are placed along the path of
the tape loop, and the recorded signal is
picked up at various intervals, inducing
a time delay between the original sound
and the reproduced sound. As an ex-

frequencies above 1000 Hz., only a slight

ample: assume it is not possible to cover

reduction in the ratio is noted.

the entire floor of a theater or auditorium having a balcony from a single or

17.199.)

It can be observed in the curve of

The measuremeuts shown were made
by applying a constant -amplitude signal
to head 1, and measuring the cross talk

or leakage across head 3, and various
combinations of the three heads. The
results shown are typical for a three track 35 -mm magnetic film recorder,
using a sound track of 200 mils in width.
17.136 Describe a magnetic time delay and a magnetic t
beration unit.
-Magnetic time -delay units are used in
auditoriums and theaters to induce a

group of loudspeakers concentrated at
that single point. Loudspeakers placed
high over the stage can be adjusted to

cover most of the main floor and the
balcony, with a minimum of acoustic
feedback. However, they will not cover
the under area of the balcony. Adding
speakers at the sides of the stage only
increases the acoustic feedback. This
difficulty can be overcome by placing

speakers under the balcony. In this

Fig. 17-136A. Model 301 magnetic time -delay unit manufactured by Audio Instrument Co.
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OELAY

Fig. 17-136B. Transport system and head layout for Audio Instrument Co., magnetic
time -delay unit Model 301.

instance, the coverage at the back wall
will be satisfactory, but an area of confusion and unintelligibility will exist
when the stage speakers and those
under the balcony have the same sound
power level (SPL). This is true because

the sound from the stage speakers is
delayed and arrives a considerable time
after the sound from under the balcony

speakers is heard. This condition may

be overcome by delaying the sound
from the speakers under the balcony up
to 50 milliseconds beyond the time it
takes the sound arriving at the front of
balcony from the stage speakers.
The Haas effect states: The first

sound to be heard takes command of
the ear, and sound arriving up to 50
milliseconds later seems to arrive as a

To achieve the required time delay,
a magnetic unit such as Model 301 time

delay, manufactured by the Audio Instrument Co. (Fig. 17-136A) may be
employed. This device uses a 33 -inch
loop of hardened surface tape, running
at a linear speed of 30 ips (other models
may run 20 and 90 ips). The recording
and reproducing heads at the left are

movable and may be adjusted for a
time delay of from 25 to 180 milliseconds, at 60 Hz. Such a tape loop will
give about 20 hours of service at 30 ips.
or about 8 hours at 90 ips.

Delay devices may be obtained for
either monophonic or stereophonic use.

Equalizers are included for increasing
the midrange high frequencies and re-

part of and from the same directions as
the original sound. This restores intel-

ducing the low -frequency response. The
transport and head placement is shown
in Fig. 17-136B. (Sec Questions 2.35 to

ligibility and eliminates confusion.

2.37.)

Mg. 17-136C. The Model 42A magnetic reverberation unit manufactured by the
Audio Instrument Co.
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Fig. 17-136D. Block diagram for Audio Instrument Co. Model 42A magnetic reverberation unit.

A magnetic reverberation unit, using
a 1/4 -inch magnetic tape and 7 playback
heads that may be used to add synthetic
reverberation, manufactured by the

Audio Instrument Co., is shown in Fig.
17-136C. The signal to be reverberated
is first recorded, then reproduced by
one of the several heads at the desired

delay time. A portion of the delayed
signal is then returned to the recording
head and passed around a recirculation
loop again, with diminished amplitude.
Thus, the signal is caused to drop in
amplitude in the same manner as a
sound wave diminishes during a multiple reflection from the interior walls of
an enclosure. The ratio of reverberated

sound to direct sound may he widely
altered, corresponding to a shift in the
microphone -to -orchestra distance. Included are high- and low -frequency
equalizer circuits for correcting and
attaining the desired frequency response. An elementary block diagram

of the internal connections is given in
17-136E.

Fig. 17-136D.

Fig.

A magnetic reverberation unit of different design is shown in Fig 17-136E,

Model S-1000 surrounding sound rever
beration unit.

manufactured

by

Bauer

Bauer

Electronic Corp.

Electronics

Corp., and it utilizes a rotating recording head around a circular drum. Two
playback heads, one variable and one
fixed, are also a part of the tape loop
system. Reverberation effects are accomplished by sampling the incoming
program material, processing and recording this sample on a closed -loop
magnetic tape with a variable time -

delay repeat, amplifying the signal, then
mixing it with the original program

material. A short loop of magnetic recording tape encircles the tape drum
and passes over erase, record, and playback heads. Selection of the tape speeds

and the head spacing determines the
delay time of a specific audio signal recorded on the tape. The physical sepa-
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Fig. 17-136F. Block diagram for Bauer Electronics Corp. magnetic tope reverberation
unit.

ration on the record and playback heads
makes possible the variable dimension

effect. A block diagram of the system
appears in Fig. 17-136F.

The record head is mounted on an
arm that may be rotated about the tape
drum to vary the distance between the
record and number one channel playback head. In addition, the number two
channel playback head, mounted after
the first head, is also movable, making
a controlled multiple delay possible.
Any portion of this controlled signal or

record, playback, and program channels. The electronics are solid state,
using a cadmium cell for switching to
eliminate the possibility of noise. The
power supply is mounted at the lower
portion of the cabinet.
It is quite common practice to use
reverberation units in radio broadcasting to increase the signal strength at the
fringe areas of transmission and for
enhancing certain types of records and
effects in commercials.
17.137 Describe the electron cloud

other variation made within the elec-

magnetic head. -Several different de-

tronic portion of the surrounding sound

signs of magnetic heads have been developed to reproduce magnetic sound
tracks. Since most of these designs require rather elaborate construction, the
simple coil and core construction used

unit can be mixed with the incoming
program material to achieve a desired
result. The tape is fed from a Cousins
Audio Vender which holds a quantity

of tape, and is pulled downward and
upward by the action of two pinch
wheels and a capstan below the tape

in the majority of tape recorders has
been retained. In July, 1939, a novel

0.1 to 130 second arc possible by rotat-

design was suggested by A. M. Skellett
(patent 2.165,307) which resembles a
cathode-ray tube, in which pole pieces
arc substituted for the beam -deflecting

ing the recording head (under hand)

coils. At the face end of the tube, the

around the tape drum. Speeds of 10 and
20 ips are available by throwing a
switch.

beam strikes a pair of target plates. The
magnetic flux from the tape in passing
over the head deflects the beam and un-

Referring again to the overall view

balances the current flow to the target
plates. The output of this transducer is
directly proportional to the flux recorded on the tape, rather than to the
rate of change. Therefore, signals at

supply, as used in the conventional tape

recorder. Time delays ranging from

of Fig. 17-136E, variable equalization is

provided using an equalizer similar to
that described in Question 6.12. Two
VU meters provide monitoring of the
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extremely low speed can be reproduced
even if the tape is at rest; thus, the low frequency response is uniform and does

not require 6 dB per octave equaliza-

tion. The principal objection

to this
form of a transducer is its sensitivity to
extraneous magnetic fields, even to the
earth. The transducer requires extensive magnetic shielding which makes it
rather bulky. Also, magnetic pole pieces
must be included within the glass enve-

lope.

17.138

Describe a staggered sound

track recorder.-In the design of early
model stereophonic recorders and reproducers, because the technique of
building in -line magnetic heads had not

been mastered, the heads were staggered, as shown in Fig. 17-138, to inthe cross talk -to -signal ratio.
Modern recorders and reproducers now
use in -line heads and shielding between
heads to reduce the cross talk. It is not
uncommon for telemetering equipment
to use 12 or more heads in a single in line stack (cluster). (See Questions

crease

17.135 and 147.)

The reference level is recorded 8 dB
below a level that will produce 3 -percent third -harmonic distortion. All NAB
test tapes contain this reference level
and are within 0.25 dB of the standard
reference level.

The use of an 8 -dB level below the
3 -percent third harmonic does not imply a failure to meet the 10 -dB overload
margin, but is rather a practical, convenient method of specification consistent with magnetic recording and reproducing systems.

The motion picture industry uses a
somewhat different method in determining the recording level. As most of
the sound track produced in a studio is
used internally on their own equipment,
the recording level is based on the maximum practical signal-to-noise level for
a given percent harmonic distortion. As
a

rule, most studios operate with

a

maximum distortion of 0.5 to 1 percent

THD, for a signal-to-noise ratio of 60
to 65 dB.
to

If a composite print for theater use is
be released using magnetic sound

track, the maximum distortion on the
sssszm

17.138. Staggered sound tracks
used in early recorders to reduce crosstalk. (Now obsolete).
Fig.

17.139 What is the standard NAB
reference and program level for 1/4 -inch
tope recorder-reproducers7- The NAB
Standard (April, 1965) specifies that the
reference level shall be 400 Hz and
equal to the recorded level on the NAB

primary reference tape. The standard
recorded program level shall produce
the same reference deflection on a Standard Volume Indicator Meter (VU

meter USASI (ASA) Standard C16.51961) as that produced by a 400 -Hz
sine -wave signal recorded at the standard NAB reference level. The NAB
standard reference level is 2.2 dB below that formerly used. It will be found
that some test -tape manufacturers use
the older higher level. In this instance,

the gain must be reduced 2.2 dB to
equal the present NAB level.
The NAB primary reference tape is
recorded at 7.5 ips, with the bias cur-

rent adjusted for a maximum output
level on an average good quality tape.

release print may be increased to 2 percent, and in some instances even 3 per-

cent. Increasing the maximum distortion also permits a higher level to be
recorded on the release sound track.
This higher distortion is permissible because the theater reproducing systems
are generally adjusted for an 8000- to
10,000 -Hz cutoff frequency, with some
installations using a cutoff frequency of
6500 Hz. However as the frequency
range is increased, the distortion must
be lowered if good clean reproduction
is to be had. It should be pointed out
that some theater systems use no cutoff

at all, but let the system drop off with
the head characteristics. As most magnetic heads in projectors employ a head
gap of 0.25 mil, the fall -off starts about
10,000 Hz, then falls quite rapidly. For
magnetic tape cartridges, the same reference levels are used as given in the
first paragraph.
17.140 What is the standard /or distortion relative to 1/4 -inch tape?-The
NAB Standard specifies the overall
record -reproduce total hartnonic distor-

tion (THD) including the tape shall he
less than 3 percent rms for 400 -Hz sine
wave, recorded to achieve a reproducing level 6 dB above the NAB Standard

Reference Level. Recording levels for
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motion picture recording equipment are
established somewhat differently. The
standard is the same for magnetic tape
cartridges. (See Question 17.139.)
17.141 What is a split -film recorder7-A magnetic film recorder using
17.5 -mm full -coat film, with 35 -mm
perforations, running at linear speeds of

45 Ipm. The term split -film is a carry-

over from the early days when split
photographic film was used in recorders
and reproducers. The term is now obsolete.
El am OR

0.11

B, OR Os

B, OR 0,

B FLUX DENSITY
B. FLUX
ElAPPUED FORCE
NT COERCIViTY

Fig.

1 7-1 4 2A.

Typical

8-11

curve for

magnetic tape or film.

Fig. 1 7-1 4 2 8. Ideal squareness factor.

out the applied field and measure only
the flux increase caused by the sample.
Squareness Ratio =
flux (13,1

Saturation flux (BO X 100
factor,

Quality tape and magnetic film gener-

relative to magnetic tope and him.-

ally have squareness ratio factors on the
order of 75 percent.
Magnetic materials are characterized
by the nonlinear characteristics between the magnetizing force and the re-

17.102

Explain

squareness

Squareness factor for magnetic tape and
film is the shape of the B -H curve of

the magnetic -oxide coating and has a
shape similar to that shown in Fig.
17-142A. It will be observed in this illustration, the upper and lower portions
(termed the "knee" and "toe") are quite
rounded and the sides are widely

spread. An ideal curve would be one
with straight sides (Fig. 17-142B); however, this is not achieved in actual practice. The term, squareness ratio, is a
coined term, used by tape manufactur-

ers, to provide a quantitative description of the hysteresis loop. Multiplication of 4,/g/.. or B,/B. by 100, gives the
squareness ratio in percentage, or X
percent of the saturation magnetism
which remains as useful remanent flux
after the applied field is removed. This
may be taken as a ratio of efficiency for
tape and magnetic material. In reality,
it is a plot of eti-H versus H. Since the
permeability of a magnetic tape or film
is quite low, it is more satisfactory in
analyzing the magnetic properties of

such materials to subtract or balance

sulting state of magnetization. This at
first glance would tend to eliminate
them for high -quality sound recording.
Fig. 17-142C shows the relationship existing between the magnetization force
H applied to the tape over the recording
head gap and the resulting magnetiza-

tion 13, starting at 0 with a completely
demagnetized tape. The magnetizing
force H is proportional to the product
of the number of turns in the coil of the
recording head, and the current flowing

through the windings. Assuming this
force is H, at a given instant as the tape

is about to pass out of the recording
head gap, its magnetization will be B,
while still in the gap, but will drop to
II, as it leaves the gap. B, is the remanent magnetization on the tape after the
magnetizing field has been removed, or
the tape has left the head gap.
Plotting the values of remanent mag-

netization B, corresponding to various
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the reproduce mode, the unweighted

and weighted flutter content, when reproducing an essentially flutter -free re-

BR -

cording of 3000 Hz at any portion of the

reel, shall not exceed the values given
in Fig. 17-144A. The standard further
specifies that unweighted flutter measurements are to be made over a range
of 0.5 to 200 Hz, falling off at a rate of
6 dB per octave, above and below these
frequencies.

At the lower frequencies, where the
meter movement follows the waveform,
magnetization
curve existing between the magnetizing
force applied to o magnetic tape or film.
over the recording head -gap and the
resulting magnetization.
Fig.

17-142C.

Typical

values of magnetizing force H results in

a curve, the actual recording characteristic of the recording medium (Fig.

the maximum deflection shall indicate
the rms value. The indicating meter is
to have standard VU meter characteristics, using a full -wave rectified average

measurement law, and must be calibrated to read the ems values of a sinusoidal variation. This latter specification
conforms to VU meter USASI (ASA)
Standard C16.5-1961, discussed in Question 10.3. The meter is read for random

17-142D). This plot illustrates the non linearity of the recording medium:
however, portions of the characteristics
arc linear. By the application of a high -

periods throughout the length of the

frequency bias current, the recording
signal is moved into the more linear
portion of the characteristic. This sub-

any 10 -second period. This is the average flutter.

ject is discussed in Question 17.140.
(See Question 23.158.)
- e,

tape, and noting the average peak read-

ings, excluding random peaks that do
not reoccur more than three times in
Weighted flutter measurements are
made in the same manner, using the
same measurement system, except that

a weighting network is used with the
frequency characteristic given in Fig.
17-144B. In some type flutter meters the
weighting network may be included in

its circuitry, therefore the manual for
a particular flutter bridge should be
RECORLCD

MAGNETIZATION
ON TAPE

values and are generally less in most
professional equipment. Although the
value of maximum flutter is not given

APPLIED
SIN( WANE

Fig. 17-142D. Nonlinear characteristics
of magnetic tope or film without high frequency bias.
17.143

consulted. (See Question 5.98.)
The unweighted values of flutter
given in Fig. 17-144A are the maximum

What is a dual or two -track

for 30 ips, these machines usually have
0.10 -percent

flutter or

Tape speed

less, using

a

Flutter (rms)

Unweighted flutter

rocordert-In the early days of stereophonic recording, recorders were manufactured using two heads placed side by

15 ips
7% ips
ips

side. However, this method is now obsolete, with three and four tracks machines now taking their place. (Sec

15 ips

0.15 percent
0.20 percent
0.25 percent

Weighted flutter
0.05 percent
7'. ips
0.07 percent

Question 17.147.)
17.144 What arc the standards for
flutter, relative to 1/4 -inch tape record-

Fig. 17.144A. Maximum flutter content

ers1-The NAB Standard states that in

for NAB Standard recorders.

33,4 ips

0.10 percent
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Fig. 17-1448. Frequency characteristics for weighted network used with flutter
measurements. iCourtesy, DIN 45-507 Oct. 1962 National Association of Broad-

casters)

weighted response, while for 17/s and
1 ips, the unweighted flutter must not
exceed 0.25 and 030 percent respectively For magnetic tape cartridges the
total flutter shall not exceed 0.3 percent_
The frequency response for a weighted

response network with the frequency
tolerance is given in Fig. 17-144B. Magnetic film equipment may be measured
in a similar manner.
17.145
Describe the purpose of a
weighted curve flutter measurement.-

Unweighted flutter measurements are
made using a flutter bridge, with a flat
frequency characteristic. Weighted flutter measurements are made using a

weighting network, with a frequency
characteristic as shown in Fig. 17-144B.
This network provides a frequency
characteristic similar to the average

human ear hearing characteristic and
for certain types of flutter is more realistic. However, when hearing is not involved, the flat characteristic is desirable.

Fig.

17-147A. A 16 -mm magnetic recording head.

17.146

What

are

the

standard

widths for magnetic film?-The standard

widths for magnetic film are: 16 mm,
17.5 mm, and 35 mm. The 16 mm is run
at 36 (pm; the 17.5 mm at 45 fpm; and

the 35 mm at 90 fpm. The 16 mm and
17.5 mm are generally used for dialogue
recording on motion picture production,

although 16 mm may also be used at
times for music recording. The 17.5 mm

is a 35 -mm film split down the center.
Running I7.5 -mm film at a speed of 45
fpm doubles the time of recording over
35 mm run at 90 fpm and has the same
frequency response, but

reduces

the

initial cost of stock.
17.147

Describe

the

various

type

heads used for magnetic tope and film
recording.-In the manufacture of magnetic recording and reproducing equipment, one of the most closely guarded
proprietary secrets is the manufacture
of magnetic heads. Therefore, only the
basic principles of design and construction will be discussed.

Fig.

17-147B. A 35 -mm magnetic recording head
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A group of recording and reproducing heads are shown in Figs. 17-147A to

G manufactured by Lipps Inc. In Figs.
17-147A and B are edge -track heads for

16 -mm and 35 -mm magnetic film recording. The shoe at the upper end of
the head supports the film parallel to the
pole -piece surfaces and prevents warp-

ing of the film in its passage over the

Fig.

17-147E. A 4 -track head for
inch magnetic tape.

1/2 -

These larger gap heights may be used
since the frequency response is generally not over 10,000 Hz. Head gaps for
I/4

-inch tape vary in both height and

length, depending on the nature of the
head, and vary also if for half or quarter track.
Fig. 17-147C. A 3 -track 35 -mm head.

head. A three -track cluster for 35 -mm
film appears in Fig. 17-147C. Heads
shown in Figs. 17-147D and E are for
%-inch magnetic tape. A four -track
head cluster designed for 16 -mm magnetic film is pictured in Fig. 17-147F,
with a prealigned 8 -track assembly,
consisting of an erase, record and reproducing heads is shown in Fig. 17-147G.
To reduce cross talk between heads
(see Question 17.149), Mumetal shields
are

inserted between the heads and

grounded, with end shields used to prevent pickup from stray magnetic fields.

Fig. 17-147D. A 3 -track head for

Fig. 17-147F. A 4 -track head for 16 -mm

magnetic film.
The characteristics of a head are gen-

erally stated for a given bias and recording current with its inductance.
Older type heads used high inductance;
however, the inductances for newer
heads are considerably lower and range
from 400 to 500 mH for record -playback
heads, and 30 to 65 mH for a single recording head The inductance of a magnetic head for motion picture recording
equipment is generally of low value. on
the order of 6 mH, and is operated into
an impedance -matching transformer.

1/2 -

inch magnetic tape.

After the heads are assembled and
aligned, they arc encased in an epoxy like compound, ground, and polished to

shape. The round cases of the heads
shown in Figs. 17-147A and 13 are Mu metal shields.

Recording and reproducing heads for
motion picture recording equipment use

sound tracks of 150 and 200 mils

in

width. The recording gap is on the order
of 0.50 mil and the reproducer 0.25 mil.

Fig. 17-147G. Prealigned 8 -track assembly with record, reproduce, erase heads.

The use of this low impedance reduces
the pickup from stray magnetic fields as
the amplifiers in rack -mounted equipment are generally some distance from
the head. Typical values for such heads
are 6 to 30 ohms impedance at 400 flz
17.148 Describe thu three bask adjustments for aligning magnetic heads.Three basic adjustments are required to
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TAPE

TAPE

TAPE

90*

9°:

(a) Azimuth.

(b) Zenith.

(c) Parallelism of the
pole pieces with the surface of the tape.

Fig. 17-148. Three basic adjustments for aligning magnetic heads.

align a magnetic recording or repro-

dB or greater, and for reproduction, a

ducer head. They are: azimuth, zenith.
and paralleling of the surfaces of pole
pieces to the surface of the tape or film.
as shown in Fig. 17-148. In some type
machines all three adjustments have to
be considered, and in others only the
azimuth and zenith are adjusted. The
parallel adjustment of the pole pieces is
relative to the tape surface being fixed.
For head assemblies such as that shown
in Fig. 17-147G, the heads are pre aligned and require no further adjustment. They are installed or removed
by the locking lever at the top of the

separation of 45 to 55 dB. For 1/4 -inch
tape, the NAB standard reference Is

used; for motion picture recording, the
system is set up as discussed in Questions 17 135 and 17.139.

For magnetic tape cartridges, the signal -to -cross -talk ratio for monophonic
reproduction is such that cue -tone to
program -channel system cross talk at
the NAB standard reference level is to
be not less than the following:
At 150 Hz, 50 dB
At 1000 Hz, 55 dB
At 8000 Hz, 50 dB.

assembly.
17.149 What arc the standards for
signal -to -cross -talk ratio in 1/4 -inch mag-

For stereophonic reproduction under

netic recorders)-The NAB Standard for
cross talk specifies: for 1/4 -inch two -

17.150 Show the sound track placement for dual -track 1/4 -inch tape record-

and four -track stereophonic recorders,
the adjacent signal -to -cross -talk ratio
shall not be less than 60 dB in the range

ers.-The dimensions for 3/4 -inch multi -

of 200 to 10,000 Hz. When making these
measurements, the bins voltage is

turned off. In the reproduce position,
the separation between channels shall
not be less than 40 dB between 100 and

the same conditions, not less than 50 dB.

sound track recorders are shown in
Figs. 17-150A, B, and C. In the four track arrangement, the tracks are centered on the tape with the heads evenly
dispersed across the tape width. The

,

10,000 Hz. For motion picture recording.
signal -to -cross -talk level should be 60

t

,

__.tTt
FF 02461PM:14-r
± 0 002 NCH
I

-0.238 MN

+0.01 101
-0.004 NCH

I

1

-

0 042 *CM -

t

00212401

0 062 4401
± 0 002 INCH

0 246 INCN t 0 002 PICH

0 156 *Cm --I

to 004 INC/I

Fig. 17-150A. Full -track monophonic or
stereophonic Vs -inch tape recording.

Fig. 17-1508. Two -track !half-track)
monophonic or stereophonic 1 -r -inch tope
recording.
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(a) Full -track.

(b Half-track
monophonic.

2

3

4 1.0-

(c) Hall -track

(d) Four -track

stereo.

monophonic.

.134

I- 002

-000

IN
4.002

-I
11111

-000

2

Fig.

for

11111

17-150C. Sound track dimensions
3

four -track, I C.inch tape, monophonic or stereophonic recording.

outer edges of tracks 1 and 4 are coincident with the edges of the tape. The
alignment is based on a tape width of
0.244 inch.
17.151 Give the terminology used
with 1/4 -inch multitrack recording. -

Much confusion has arisen in the terminology used with 1/4 -inch tape recorders

sold to the public for home recording.
Such recorders are referred to as halftrack, quarter -track, and four -track
machines. This terminology can be clarified by referring to Fig. 17-151. The

direction of tape travel is indicated by
the arrows. In the stereophonic versions, the heads are made in clusters of
two.

At part (a) is a full -track monophonic sound track recorded by using a
single head covering the full width of
the tape. At part (b) is a half-track or
two -track monophonic recording. using

two heads, each slightly less in width
than half the tape width. At part (c) is
a half-track stereophonic recording. Referring to part (d), a quarter -track

monophonic recording is shown using
four heads slightly less in width than
one -quarter the actual tape width. At
part (e) is shown a quarter -track stereophonic recording, using four heads.
The illustrations show the appearance
(if they could be seen) of the sound
tracks as viewed from the hack of the
tape (smooth side).

.1

4

11111

+a

(e) Four-troek stereo.
Fig.
used

17-151. Sound track combinations
with

I.:4 -inch

magnetic

tape

re-

corders. These positions ore in accordance with the NAB Standard April 1965.

It will be observed at part (b) that
the sound track is recorded first to the
right and then to the left, while at part
(c) the sound tracks are both recorded
to the right. For four -track monophonic
at (d), tracks 1 and 3 are recorded to
the right and tracks 2 and 4 to the left.
Thus, long playing selections can be
played hack by running the tape
through the machine in the usual manner, rather than transferring from the
take-up position to the feed -position
and rewinding.
It Is standard in two -track stereophonic recorders for track 1 to carry
the left channel as viewed from the audience, and track 2 the right hand channel. The recording head -gaps are to be
of the in -line type phased for reproduc

tion on equipment so connected that
when a full -track recording is reproduced, it produces in -phase signals in

the two -channel reproducer outputs.

For stereophonic four -track recordings, sound tracks 1 and 3 are used
simultaneously for one direction of

travel, and tracks 2 and 4 for the reverse. Tracks 1 and 3 arc used first as

the tape is unwound from the supply
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reel. Tracks 1 and 4 carry the left channels and 2 and 3 the right channels.
Equipment designed for the rerecording of motion picture use multiple

OE VAT Oh
FROM VERTICAL.

NEAR TILTED
BACKNARD

sound tracks and heads; however, the
terminology is quite different. Such recorders do not use reverse sound tracks.

Three- and four -track head machines
may be used for either monophonic or
stereophonic recording. The input of
each sound track recording amplifier
appears in a patch -bay and may be
selected for any combination of recording. For three -track monophonic recording, the dialogue, sound effects, and

music are recorded on separate sound
tracks, through a three -section mixer
console as described in Question 9.46.
Four -track machines used for stereophonic recording, carry left, center, and

right sound tracks in that order, with
the fourth track carrying miscellaneous

material. Later, these tracks may be
combined in other combinations and a
submaster made for transferring to theater release prints, as each print is an
original recording transferred from the
submaster (second generation master).
This method of snaking release prints is
discussed in Question 17.202.
TAPE

GlADE POSTS

MOVEMENT

Fig. 17-152B. Head out of vertical
alignment.

not perpendieMar to the tape travel, the
tape will tend to skew in the direction
indicated by the arrow.
Head wear is generally indicated by
the appearance of the wear pattern and

the necessity to increase the bias current (assuming the same brand and

type tape is being used as when the
heads were originally installed), and the
loss of high -frequency response. Typical
wear patterns are given in Figs. 17-152C
and D. In Fig. 17-152C the wear pattern
indicates that the vertical alignment is
such that the head is tilted too far back

at the top and more pressure is being
applied to the lower portion of the tape.
In the two -head cluster in Fig. 17-152D,
the keystone wear pattern indicates that

the alignment in the vertical plane is
tilted too far forward, applying more
pressure to the upper head than to
lower.

*EAR PATTERN

NE AD

TAPE

Fig. 17-152A. Worn guide posts permit
the tape to wobble or skew in its travel
across the head.

Fig.

17-152C.

Typical

wear

pattern

encountered for head tilted bock at top.
/7.152

Whot ore the factors affect-

ing head wreor?-With the components
guiding the tape and the heads properly
aligned, head wear will be at a mini-

mum. However, even under the best
conditions, and using high quality tape.

the heads will require replacement in
time. Fig. 17-152A shows the effect of
worn guide posts on the tape travel.
Here the post is worn to a point where
the tape can skew or wobble as it passes
over the head. This condition will cause

the tape to go in and out of azimuth,
even with a properly aligned head. A
cross-sectional view of an improperly
aligned head cluster is shown in Fig.
17-152B. If the surfaces of the heads are

Worn recording heads are generally
manifested by one or more of the following: peak bins current decreases actual bias current increases, inductance
of the head decreases, recording sensitivity increases with an increase of recording current, and if the head is permitted to wear enough, the linearity of
the gap decreases and opens. If the recorder employs pressure pads greater
wear may be expected.
In the playback position the sensitiv-

ity may increase with an increase of
high -frequency response, with respect
to the low -frequency response. In the
recording process, the increase of bias
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current reduces the high -frequency response by overbiasing.
Head life is principally governed by
the design of the machine, head alignment, and the quality of the tape used.
Factors such as humidity and dust also

have their effect. Life expectancy will
run from 400 hours to as high as 4000
hours of use, again depending on the
design, alignment, and local environment. A tape recorder used 5 hours a
day, running at a linear speed of 3.75
ips, passes 640 miles of tape over the
head surfaces; this is a good illustration

of why the head wear increases

so

rapidly.

is shown in Fig. 17-154B. Here a control

is connected in the grid returns of the
oscillator tubes and is used to adjust
the symmetry of the oscillator waveform. It is similar to the circuit used in
most of the modem recorders employing
transistors.
17.155 Describe the procedure for
adjusting the equalization of a 1/4 -inch
tape recorder.-The azimuth and bias
current are adjusted first, and the playback equalization is set by the use of a
standard test tape. After adjusting the
playback equalization for as near a uni-

form response as possible, a good quality tape is threaded on the machine and
a series of test frequencies recorded

using the same frequencies as on the
test tape. This tape is then played back
and the frequency response noted. If it
does not fall within the limits of the test
tape, the recording equalization is ad-

WEAR PAT TERN

Erb
121!D

Fig. 17.152D. Typical wear pattern encountered for heads that ore tilted forward or top.

justed until such a response is obtained.
The final playback curve is then the record -playback characteristics of the
machine. The recording level should be
at least 10 dB below 100 -percent modu-

lation of the normal recording level. If
17.753

Give recording 1,me versus

linear speed and length of tope.-Recording time for various tape speeds
and reel size is given in Fig. 17-153. By
the use of a 1 -mil base, the footage
capacity for a given reel size is increased by 50 percent.
17.154 Describe a noise reduction
circuit as used in 1/4 -inch tape recorders.
-A method sometimes used in 14 -inch
tape recorders to cancel the effects of
residual magnetization in recording

heads is shown in Fig. 17-154A. A dc
voltage is applied to the recording head.
Residual

magnetism

is

cancelled

by

running an unrnodulated tape throngh

the machine with only the recording
bias current on. A vacuum -tube voltmeter is connected across the playback
output and the noise cancelling potentiometer is adjusted for a minimum noise

indication on the meter. It shonid be
pointed out that the lowest noise setting
is not always the point of lowest distortion; therefore, the distortion should be

measured after making the noise -reduction adjustment, and a compromise
made if necessary. Magnetization of the

recording head can be caused by an
unsymmetrical waveform in the bias
oscillator.
A second method of noise adjustment

the machine is eqnipped with
reproduce head, the effect of changing
the recording equalization may be
monitored.
17.156 How is the time delay between a recording and monitoring head
calculated? -The time delay in seconds
ma) Le calculated:

Time =

D

where,

D is the distance between the gaps of
the two heads in inches,

is the linear velocity of the tape in
inches per second.

17.157 What is the equation for
calculating the wavelength of o recorded frequency?

Wavelength where,

V
F

is the linear velocity of the tape in
inches per second,

F is the frequency in Hz.

In magnetic tape or film recording, the
velocity is constant; therefore, it has
little effect on the frequency response

except to limit the highest frequency
which may be recorded. A graph from
which the wavelength for a given frequency and velocity may be read with-
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TAPE SPEED
IN. PER SEC.

FOOTAGE

TAI'E

REEL
SIZE

2 min.

4 min.

8 ruin.

16 min.

32 min.

1 hr. 4 min.

1 min.

2 mm.

4 min.

8 min.

16 min.

32 min.

150

4 min.

8 min.

16 min.

32 min.

1 hr. 4 min.

2 hr. 8 min.

2 min.

4 min.

8 min.

16 min.

32 min.

1 hr. 4 min.

300*

8 min.

16 min.

32 min.

8 min.

16 min.

12 min.

24 min.

16 min.

32 min.

48 min. 1 hr. 4 min.

1 hr. 4 min. 1 hr. 36 min. 2 hr. 8 min.

2 hr. 8 min. 3 hr. 12 min. 4 hr. 16 min.

32 min.

I

1800'
2500'
I

101/2"

3600'

500(Y

14"

12 min.

24 min.

24min.

48min.

1 hr. 36 min.

3hr. 12min.

33 min.

1 hr. G min.

2hr. 13min.

4hr. 26min.

8hr. 52min.

24min.

48min.

1 hr. 36min.

3hr. 12 min.

6hr. 24 min.

33min.

1 hr. Gmin.

2hr. 12min.

4hr. 24min.

48min.

I hr. 36min.

3hr. 12min.

6hr. 24min.

1 hr. 6 min.

2hr. 13min.

4 hr. 26min.

8hr. 52min.

8hr. 48min. 12hr. 48min. 17 hr. 44min.

12hr. 48min. 17hr. 36min. 25hr. 36min. 35 hr. 28 min.

16 ruin.;

33 min.

48 min. 1 hr. 6 min.

1 hr. 36 min. 2 hr. 12 min.

3 hr. 12 min. 4 hr. 24 min.1 6hr. 24min.

6hr.24 min. 8 hr. 48 min. 1211r. 48min. 17 hr. 44min.

DUAL TRACK RECORDING

6 min.

12 min.

24 min.

48 min. 1 hr. 4 min.

1 hr. 36 min. 2 hr. 18 min.

4 hr. 16 min.

4 hr. 16 min. 6 hr. 24 min. 8 hr. 32 min.

4 min.

8 min.

16 min.

32 min.

1 hr. 4 min.

1200'

7"

SINGLE TRACK RECORDING

900'

2 hr. 8 min. 3 hr. 12 min.

600'

5"

Magnetic tape using a Mylar polyester base will provide 50 percent more foo age on a given
: reel size, because of the thinner base material.
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.001

Fig. 17-154A. Noise reduction and erase head coupling circuits used in
magnetic tape recorder.

cover a space of 0.018 inch and at 30
inches per second, a space of 0.03 inch.
77.158 How ore tope speeds rneosereell- The NAB Standard speed is 71/2
ips, plus -minus 0.2 percent. Supplementary speeds 15 and 3' ips, plus -minus

a

I -inch

boscopic bars are illuminated by a neon
light supplied from the power line.
Measurements are made at normal room

temperature. The tape thickness

is to

be 0.0019 inch, plus -minus 0.0002 inch,

corresponding to the thickness of a tape

0.2 percent. The tolerances arc applicable to any portion of the reel in use.
The linear speed is measured by apply-

using a normal base thickness of 1.5

ing a precision pulley on precision bear-

diameter of 1.4305, plus 0.0002 inch
minus 0.000 -inch, upon which is at-

ings one -quarter inch in width to the
surface of the tape, between the capstan and the head assembly. The rotational speed of the pulley as it is driven
by the tape, may be measured by an ac

mils.

The design calls for a pulley with a
tached a stroboscopic disc, having

72

and 36 equally spaced dots or lines. A
neon lamp operating from a 60 -Hz

tachometer or by a stroboscopic disc,
mounted on the upper surface of the

power source flashes at 120 Hz. When
the disc is illuminated by this lamp, it
will indicate the 7Va- and I5-ips tape

pulley. (See Question 13.116.) The stro-

speeds. For 33....4 ips, a diode is connected

RECORDING

HEAD

:65N7GT

Fig. 17-1548. A noise reduction circuit with the noise adjustment potentiometer in
the grid circuit of the push-pull bias oscillator.
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Fig. 17-157. Velocity of recording media versus recorded wavelength in inches for a
given frequency.

in series with the lamp, causing it

to

quencies below 1000 Hz. (See Question

flash at 60 Hz. No more than 14 dots per

2.93.)

minute are permitted to drift past a

Signal-to-noise ratio, when given in
terms of the NAB Standard, is a figure
of merit for the comparisons of noise
between recording systems. It does not

fixed reference point in either direction
for 71/2 or 15 ips; for 31'4 ips, the drift
per minute is not to exceed 7 dots on the
36 -dot disc. The limits given correspond
to a speed tolerance of plus -minus 0.20
percent for the specified speed.
17.159 What are the standards for
1/4 -inch tope relative to signal-to-noise

ratio?-The NAB Standard

specifies

that the noise be measured over a frequency range of 20 to 20,000 Hz. The re-

sponse of the measuring circuit is to be
plus or minus 0.3 dB 30 to 15,000 Hz.

take into account the program level
which may be recorded without excessive distortion. Therefore, the noise
level relative to the program level peaks

may be better by 8 to 10 dB than the
figures given. It will be noted that the
signal-to-noise ratio is lower at 15 ips
than at 71/2 ips, using a weighted curve.
This is due to the playback equalization

20,000 Hz is to be 3 dB below the 400 -Hz

Unweighted signal-to-noise

level, and falling off at a rate of 12 dB
per octave thereafter. The method used

to record a 400 -Hz signal, cut the
signal off, and let the tape continue to
run with only the bias current on. The
is

tape is then played back, and the noise
level is measured in reference to the
standard signal, with or without a

weighting network.
Weighted curves are made using the

network given in Question 548. Unweighted curves are made using the
measuring system with uniform frequency

characteristics

as

described

above. A weighted network simulates
the human ear characteristics at fre-

measurements.
Tape
speed
15 ips
71/2 ips
31'4 ips

Fulltrack

Twotrack

50 dB
50 dB
46 dB

45 dB
45 dB
46 dB

Four -

track
Not used
45 dB
45 dB

Weighted signal-to-noise
measurements.
15 ips
71,2 ips
33/4 ips

58 dB
60 dB
57 dB

53 dB
55 dB
54 dB

Not used
52 dB
52 dB

Fig. 17-159A. NAB Standard recorders,
using unwcighted and weighted measurements.
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being the same for both speeds, while

have

the tape noise increases with tape speed.
The use of a weighted signal-to-noise

ratio measurement is desirable as it results in a more realistic indication of the
subjective signal-to-noise ratio than

wandering of the tape, caused by the
side of the reel striking the tape, can
cause poor frequency response, noise,
and distortion. Also, it may induce a
considerable amount of flutter in the

does the unweighted response. Minimum values of signal-to-noise ratio for
various types of recorders are given in

transport system.
17.162 What are the frequency -response limits for 1/4 -inch tape recorders?

Fig. 17-159A. It should be remembered
that these values are the minimum values and arc generally exceeded. It is not
uncommon for a certain type of equipment to have a signal-to-noise ratio of

-The reproducing tolerances for NAB
Standard recorders are given in Fig.

80 dB.

Special purpose limited performance
systems, unweighted.
Full -track
46 dB
Two track
43 dB
Four track
40 dB
Professional equipment, weighted.
Number
Tape
Track
I5 or
of tracks
width
71/2 ips
width
1

1/4

inch

0234 inch

2

Y4 inch

2

1/2 inch
1/2 inch
1/2 inch

0.074 inch
0.200 inch
0.100 inch
0.070 inch
0.250 inch
0.180 inch
0.095 inch
0.070 inch

3
4
3
4
6
8

1 inch
1 inch
1 inch
1 inch

70 dB
65 dB
69 dB
66 dB
65 dB
70 dB
69 dB
66 dB
65 dB

17-159B. Signal-to-noise ratios for
NAB special purpose limited -performance recorders and for professional
equipment, using 14 -inch to 1 -inch tape,
with multiple -track heads.

on

a

magnetic

recorder? -- The

17-162A, with the recording limits given
in Fig. 17-162B. The reproducing limits
in a positive direction are not to exceed
those shown when using a NAB Standard test tape or its equivalent. It is
recommended that the response above
and below these limits be rolled -off at a
rate of 6 dB per octave. Since all NAB
test tapes are recorded

full -track, a

low -frequency rise may be expected

when they are played back on a two track, half-track, or four -track machine.
The rise at the low -frequency end is
due to the fringing effect and head
bumps discussed in Question 17.199. The

tolerances shown in Fig. 17-162B arc
the maximum limits the recording char-

acteristic can vary and still meet the
reproducing characteristic
Fig. 17-162A.

shown

in

sie"so,

Fig.

Fig. 17-159B shows a table of signalto-noise ratios for recorders using Ili to
1 -inch tapes and multiple heads. It will

be observed the minimum value is 65
dB and the maximum is 70 dB.
For cartridge magnetic tape reproduction, the signal-to-noise level for

o

140,
0,V4
Fig. 17-160. A Borkhausen, or modulation pattern. This is also called behind the -signal noise.

which has become magnetized or has an
uneven coating. Barkhausen noise,

If the recorder meets the requirements of these characteristics, relative to
signal-to-noise, distortion, cross -talk to -signal ratio, flutter, and other requirements as set forth in the Standard,
the machine may he classified as a NAB
Standard recorder. For portable and
special -service systems, the Standard is
as given In Fig. 17-162C. Recorders
within these limits are classified as Special Purpose Limited Performance Sys-

viewed on an oscilloscope, has an ap-

tems. It will be observed that for this

pearance as shown in Fig. 17-160.
17.161 What effect do warped reels

stringent as for the first classification.

monophonic recording is 45 dB, and for
is 42 dB, measured in
the manner given above.
17.160 What is Barkhausen noise in
a magnetic recorder?-Barkhausen noise
is modulation noise or behind -the -sigstereophonic it

nal noise.

It may be caused by tape

class machine, the tolerances are not as
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Fig. 1 7-1 6 2A. NAB playback frequency tolerance limits for equipment classified as

NAB Standard recorders.

For this latter classification, tape speeds

have a tolerance of plus -minus 2 percent, flutter not to exceed 0.5 percent,
signal-to-noise ratio of 46 dB for full track and 40 dB for a four -track machine. The measurements are performed

as for the NAB Standard recorder.
For magnetic tape cartridge reproduction, the response falls within the
limits of Fig. 17-162A for 7.5 ips. The
recording tolerances are those of Fig.
17-162B for 7.5 ips.

+5

17.163 Describe the procedure for
setting VU meter lead in recording systems. -Because of the complex nature
of dialogue, music, and sound effects,
such waveforms cannot he recorded at
the same level as a sine wave. In complex waveforms, peaks may be encoun-

tered that are 8 to 12 dB higher than
those indicated on a standard VU meter
(USASI (ASA) C16.5-1961). These
peaks can cause severe overloading of
the recording system, with consequent

7 5sps

0

I

-5
+5

15sps

0
5
Cal

45

3 75 sps

0

I

5

20

40

00

400

200

N
Mgt

214Hr

41011

101tHr

20IkH:

FREQUENCY IN HERTZ

Fig. 17-162B. NAB recording frequency tolerance for equipment classified as NAB
Standard recorders.
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Fig. 17-162C. NAB record -reproduce limits for special purpose limited -performance
systems, running 1 Vs, 3%, and 71/2 ips.
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distortion. Very often, when this is
heard on playback it is taken for excessive sibilance, while it is actually high -

frequency distortion. To prevent overloading, the VU meter is given a lead or
made more sensitive to compensate for

the unseen peaks. As an example, a
recording channel is lined up for a
hridging bus level of plus 12 dBrn (100
percent on the VU meter) using a sine
wave of low distortion (Fig. 17-163).
The distortion at plus 12 dBm is 1 percent and is the desired operating level.
An 8 -dB lead is inserted in the VU
meter by turning back the meter
attenuator to plus 4 dl3m; thus, the
meter is now 8 dBm more sensitive and
compensates for the unseen peaks. A
lead of 6 dB is the very minimum.
VU

FOR SINE WAVE

METER

SET TO +i2dBin
FOR COMPLEX

WAVE SET TO
44(111,n

RECORDRIG
AMP

12dBT

output oxide. The high -output type will
permit a greater recording level to be
used, thus increasing the dynamic range
and the signal-to-noise ratio for the
same percentage distortion. The average

recording level between the two types
is 8 dB. The frequency response of the
two coatings is approximately the same
the high -output type has a
greater sensitivity at the lower frequencies, and thus has a rising characteristic. The magnetic coating is 0.65 mil
except

as compared to the 0.55 mil of the red
oxide. Bias current requirements arc
approximately the same. High -output
magnetic film is principally used with
16 -mm recording eqnipment and with
35 -mm full -coat for music recording.
17.165 What is a boundary displacement or borderline magnetic re-

cordert-A magnetic recorder which records on either tape or magnetic film,
hut magnetizes the tape to saturation at
all times. The conventional high -frequency bias oscillator is not used.

RECORDER
MAGNETIC TAPE

BRIDGING BLJ5

Fig.

17-163. Procedure for setting VU
meter.

If only dialogue is being recorded
and it is an original sound track to be
used for a 16 -mm picture, the lead is
the same and the dialogue is recorded

Fig.

at an average level of 75 to 80 percent,

recorded with a boundary displacement

or about 2 to 3 dB below the 100 -percent
indications of the meter. For 35 -mm re-

recorder.

cording, the average level is 50 to 60
percent or 6 dB below 100 percent. For
straight narration tracks, the average
level is approximately 75 percent.
The same reasoning may be applied
to any type recording system. However,
in some recording activities, a lead of
10 to 12 d13 is used. It is suggested that

the reader consult Section

10

before

making such adjustments. If a peak -indicating meter is used rather than a VU
meter, no lead is used; 100 percent on
the meter equals 100 -percent modulation of the recording channel. (See
Questions 17.139, 17.159, and Fig. 18-82.)
17.164 Describe the difference be-

tween standard and high -output oxide

coatings.-Two types of magnetic film
are available; the redish-brown standard oxide, and the dark green high -

oovoiser

17-165. A magnetic sound track

With no modulation applied to the
recording head of a boundary displacement recorder, one-half the tape is
polarized opposite to the other half by
means of two small permanent magnets
mounted on each side of the recording
head. An unmagnetized boundary in
the center of the tape divides it into
North and South polarized areas. (Sec
Fig. 17-165.) The boundary is shown as

a heavy black line between the two
polarized areas. When the audio -frequency currents are applied to the recording head, the unmagnetized boundary is displaced in proportion to the

modulating currents applied to the recording head. Standard reproducer
heads are used to reproduce the sound
tracks, the head scanning the entire
boundary displacement area. The signal

121
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voltage is generated, when reproducing,
by the side to side motion of the bound-

ary line arid may be likened to a varioptical film recorder described in Section 18.
The advantages claimed for this type
recording are:
able -area

a. The maximum output corresponds
to full tape saturation.

b. A high degree of amplitude lin-

17-167. Sound track placement
dimensions for 16 -mm magnetic film.

Fig.

earity is obtained.

c. The dynamic range is equal to a
magnetic recorder using the conventional high -frequency bias oscillator.
The disadvantages of a boundary recorder are:

a. The harmonic distortion is greater
than for the conventional magnetic
recorder.

Ceuter-track placement
considered to be obsolete.
166.

is

now

What ore the sound -track
1 7.1 67
placement measurements for a 16 -mm

magnetic film recorder?-They are as
shown in Fig. 17-167
17.168 What arc the sound -track
placement dimensions for 17.5 -mm magnetic film? ---They arc shown in Fig.
17-168.

b. Special recording heads are required.

c. The noise level is higher than in
the conventional recorder and is
comparable to a dc erasure system as described
17.83 and 17.85.

in

Questions

17.166 What are the dimensions for
recording?-Alcenter -track
16.mm

though the center -track placement has
been superseded by edge -track recording, many 16 -mm magnetic film record-

ers still employ this track placement.
Center -track placement may be used
with either single- or double -perforated
stock; however, the double perforation
is preferred Dimensions for the center -

track placement are given in Fig. 17200

209t901

tes

0339 !Q99.

Fig.

17-168.

Sound

track

placement

dimensions for 17.5 -mm magnetic film.
17.769

What arc the sound -track

placement dimensions for 3- and 4 -track
magnetic film recorders?-For studio

equipment, dimensions are as given in
Figs.

17-169A

and

B.

Sound -track

placement for release prints is given in
Section 19.
17.170 Show the frequency response

for magnetic recording on 6 -mm film.The frequency response specified in
USASI (ASA) PH 22.134-1962 Standard, sponsored by the SUPTE, is
shown in Fig. 17-170. The film speed is
to be 24 perforations per second, approximately 18 feet per minute, with a
mean

film -speed

tolerance

of

plus -

minus 0.5 percent.

17-166. Center sound -track placement with track dimensions for 16 -mm
magnetic film.
Fig.

77.171
Where is sprocket tap*
used?-Sprocket tape is standard 1/4 inch magnetic tape, with 16 -mm film
perforations along one edge, as in Fig

17-30E. This tape was developed for use

822
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with small, light battery -operated recorders, similar to any other sprocket
type recorder. before the advent of the

sprocket holes at a speed of 36 fpm. ':he
equalization characteristics are those of
16 -mm magnetic film, given in Fig.

1/4 -inch sync -pulse recorders described
in Question 3.78 and 17.179. The sound

17-174.

track has a width of 90 mils and records on the edge opposite from the

17,172 Show typical recording pre equalization characteristics for tape recording,

using NAB, AME, and CCIR

American Standard Dimensions ;or

200 -Mil Magnetic Sound Records

P1122.16-1962

on 35mm and 17 1/ 2mm Motion Picture Film

PH2216-1953

1. Scope

Revision of

rI

Mieesers

Indies

1.1 This standord specifies the locations and
dimensions of magnetic sound records, both
single and multiple tracks, on 35mm motion -

1.2 The sound records ore determined by
the &era' dimensions and position of the
magnetic recording head.

1.3 This stando.a relates the placement of
Me magnetic coonng on the film to me direction of film travel.

0.002
0.339 * 0.002
0.330 * 0.002
0.700 * 0.002

5.08 *
8.61 *
8.89 *
17.78 *

0.05
0.03
0.05
0.05

1.377

rani
AO."

35.00
17.30

nom

0.689

0.200

picture film, and single tracks on 171/2mm
motionpicture film.

7714,421

me.

3. Magnetic Coating
With the direction of film travel shown in the
diagram, the magnetic coating shot. be on
the

upper side of the film base.
4. /retorted Track Position

2. Dimensions
The dimensions and position of magnetic
frock No
shall be determined by magnetic
head No. 1, as specified in the diagram and
table. The positions of tracks two and three
shed' be determined by the 10111101 dimensions of magnetic recording hoods No. 2 and
No. 3, as shown in Me diagram.
1

Truck No I is the preferred position for
35mm single-track recording and is the only
position for 17 V1 mrn recording.
5. Recording and Reproducing Speed

Recording and reproducing speed shall be 96
perforations per second (see American Stand-

ard 35mm Photographic

Sound

Motion -

film, Usage in Camera, P1422.2.
1961). This is equivalent to 21 frames per
second (approsenotely 18 inches per second).
Picture

41

r-

:e

-

4.11.

rr

6. Revision of American Standard
Referred to in This Document
When the following American Standard re-

111

ferred to in this document is superseded by a

revision approved by the American Standards Association, Incorporated, the revision
shall apply:

American Standard 35mm Photographic
Sound Motion -Picture Film, Usage in
Comoro. P1122.2.1961
14011

Oieensons m rbe ,ncfs system

are the lioula

menial standard The dmenNO.n in this molf. system
an PrOO'Soi ,0...060.5 bosed on Aseer.can
Standard IM..M.II,meler Conversion for lodinitial Us.,

8481 19)3, reahfvted is 1947, .Ann provides a
conversion factor of

APProvea Apnl 25, 1962, by the Amencan Standards Assoc at -ms. lenotooroted
Speen°. Society of Marion icMre god Television Fig nee's

...n..1.....

1

.nces - 25.4 .R%nMteq.

U.......510.....ICIWIrstgoa

rn...e

r1

4

Abkl, 41k41412:40

Fig. 17-169A. USASI (ASA) Standard for the 35 -mm and 17.5 -mm sound track
placement.
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Fig. 17-1698 USASI (ASA) Standard PH22-108-1958 reaffirmed in 1965.
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Fig. 17-170. Frequency tolerance limits for recording on 8 -mm magnetic film.

characteristics.-Typical recording pre equalization characteristics for tapes of
3% to 15 ips are given in Figs. 17-172A
to C. As it was pointed out in Question
the

17.155,

reproducing

equalization

must be adjusted first by the use of a
Standard test tape. After playback
equalization has been set, the recording
equalization is adjusted to produce a
characteristic that conforms to the NAB
Standard reproducing characteristic.
The recording equalization
curves

shown in Figs. 17-172A to C are only
a guide to what is generally required
and represents no particular recorder.
The equalization varies slightly from
recorder to recorder, depending on the
head

characteristics, electronics, tape

speed, and many other factors. However, the recorder reproducing response
must fall within the NAB Standard lirn-

its to start, then the recording equaliza-

tion must be adjusted for a record playback response that falls within the
reproducing limits. Under these conditions the recorder, insofar as the frequency response is concerned, meets the

NAB Standard reproducing characteristic. (See Question 17.162.)
77.173 Show the electrical characteristics required an a t/. -inch tape recorder playback amplifier using NAB,
AME, and CCIR- equalication. Such
electrical characteristics are given in
Figs. 17-173A to C. In adjusting the
equalization in a preamplifier, It is con-

venient to adjust the equalization by
use of an injection measurement discussed in Question 17217. The CCIR
response is used in Europe, and the
AME (Ampex Master Equalization) is
used

for special

recordings

in

the

376es,

20

40

100

200

400
lkfts
mammy IN HERZ Z

250.1

4111

10%011

201;a;

Fig. 17-172A. Typical recording (pre -equalization) for 1/ -inch tape recorders using
NAB characteristic -O.
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recorders

with reference to 1000 Hz (See Ques-

are sometimes equipped with plug-in
equalizer boards having these char-

tion 17.175.)
17.175
What ore the pre. and post -

acteristics.
17.174 Whet arc the pre- and post equalization characteristics for 16 -mm
magnetic film?- Typical equalization

equalisation characteristics required for
3S -mm magnetic film?-Typieal characteristics are given in Fig. 17-175. It will
be observed that only a small amount
of high frequency pre -equalization is
employed, while considerable low Ire -

United States. Commercial

requirements are given in Fig. 17-174
and are held to within plus -minus 1 dB,
/10, an

e, +5
41

20

40

200

100

400

Wit

Silts

4111,

sOloit

201611

FREQUENCY N 141,2Z

Fig. 17-17 2 8.

Typical pre -equalization for Ampex Master Receding Equalization
LAME; at 15 ips.
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Fig. 17-172C. Typical pre -equalization characteristics for 14 -inch tope recorders
unnIng 7.5 and 15 ips using the CCIR (DIN/ Standard.
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17-173A. Typical post -equalisation for

Fig.

1/4 -inch

20*

tape recorders using NAB

characteristic.
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Fig. 17-173 B. Typical post -equalization for 14 -inch ape recorders using Ampex
Muster Recording Equalization IAME1 at 15 ips.
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Fig.

17-173C. Typical past.cquoliZatiOn curves for
characteristics, at 7.5 and 15 ips.
..ca

recorders using CCIR

.
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Fig. 17-174. Record -playback characteristics for a typical 16 -mm magnetic film
recorder running 36 fpm.

for motion picture production

quency post -equalization is used, and is

net

greater than that generally used with

shown in Fig. 17-176. At the left are two
inputs for microphones, followed by two

1/4 -inch magnetic tape.
When recording dialogue, the low

dialogue equalizers.

These

equalizers

provide low -frequency rolloffs for dialogue equalization, and a flat position
for music. Following the equalizers is a
two -position mixer network feeding a
booster amplifier. A slating or talkhack
microphone is fed into one side of the
mixer network for communication with
the recordist and the boom man.

end is gradually rolled -off for reasons
discussed in Questions 4.114, 6.122, and
18 81. Midrange high -frequency equalization also is used, when necessary.

17.176 Show a block diagram for a
magnetic film production recording chan-

nel.-A block d agrarn of a tyri:cal two position magnetic film recording chan+25

RECORD PRE- EQUALIZATICKI

00- PLAYBACK POST EOLIALIZATION

- RESULTANT t
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Fig.

is

17-175.Typical 35 -mm magnetic film record-playbock equalization characteristics.
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At the output of the booster amplifier
is an internal high frequency -low frequency equalizer for adjusting the recording characteristics to the particular
linear speed of the recorder, 16, 17.5, or
0

35 mm. This equalizer network is in a
negative -feedback

loop,

between

the

booster and recording amplifier. and
when once adjusted is not readjusted.
From the output of the recording am-

0

t()

22

a

(0p81

a
a

WY

.11

Fig. 17-176. Block diagram for a typical magnetic film recording channel for motion
picture production.
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plifier, the signal is applied to the recorder. The VU meter Is connected at

this instance, the sound would be out of

the output of the recording amplifier
and is employed for reading both the

sync with the action. Switches on the
recorder provide for reversing the direction of the film travel for rewind or

bias current and the recording levels.
Monitoring for the mixer and the boom

playback. Equipment similar to the
block diagram is pictured in Fig

man are also taken at this point through
isolation pads for reducing the level to

17-177A.
17.177

the recipients. From the output of the
mixer, the signal is fed to a high -frequency pre -equalizer used for compen-

Describe the construction of
portable mognefic film recording channols.-The Westrex Series 1200 portable
magnetic film recording channel pic-

sating the head characteristics of the
recorder, and then to a 60 -kHz bias
filter used to prevent the bias -oscillator
current from feeding back into the re-

tured in Fig. 17-177A consists of a mixer
and magnetic recorder. The basic film -

cording circuits. At this junction, the

17.5-, and 35 -mm film operation. The
film -transport system includes a timing

bias -current oscillator is also connected.
After passing through the filter, the

current is then applied to the recording
head. A second meter is mounted on the
recorder for monitoring the bias current
and the 24-Vdc supply to the system.
After the signal has been recorded on
the magnetic film, it is picked up by the
reproduce head, amplified, and fed to a
relay that automatically connects the
output of the reproduce amplifier to the

recordist's headphones. When the recorder is in motion, the relay connects
the recordist's headphones to the output

of the recording amplifier, thus provid-

ing direct monitoring. When the recorder is in operation, there is a small
time delay between the direct sound
and the recorded sound; however, the
delay is of little consequence to the recordist, as he is primarily interested in

the quality of the sound and not the
action. If the mixer wishes, he may
monitor directly from the film, but iu

Fig,

transport system is similar to that in
Fig. 17-42B and is available for 16-,
belt, gear -reduction

box, a

32 -tooth

stainless -steel film sprocket (35 nun),
filter arms, fluid damping dashpot, and
two impedance fly wheels.

The signal for the recorder is taken
from the LRA-1592 mixer unit at the
left. Also contained in the recorder case
is a transistor bias oscillator, reproduc-

mg amplifier, bias -rejection filter, and
variable high -frequency pre -equalizer. Bias current is indicated on a
meter mounted at the right of the front
panel. The input and output impedance
is 600 ohms. Frequency response is
plus or minus 1 dB, 60 to 10,000 Hz.
Signal-to-noise ratio is 60 dB for a plus
16 dBm signal at the output of the recording amplifier. The block diagram is
quite similar to that of Fig. 17-176.
A portable magnetic film recording
channel, Model M-2, manufactured by
Amega, appears in Fig. 17-177B. The
transport system employs a tight -loop
a

17-177A. Westre Series 1200 portable mognetic film recording channel,
manufactured in Rome, Italy.

THE AUDIO CYCLOPEDIA

828

Fig. 17-17713. Amego Model M-2 portable magnetic film recording channel.

system using three motors, one for driv-

tion. Signal-to-noise ratio at 0.10 -per-

ing the film sprocket, and two torque

cent distortion is 58 dB. Key switches at

motors for the supply and take-up reels,

the lower portion of the amplifier case
provide for reading the bias current,
recording levels, monitoring direct or
from film, dialogue and music equalization, and the selection of either the re-

using a differential circuit to assure a
tight wind. A ball bearing damping system is used to reduce flutter to less than
0.15 for 16 -mm, and 0.10 for 35 -mm
film. The amplifier system is transistor-

using module -type construction
which, if required, may be replaced
from the front of the mixer case. The
view in Fig. 17-177C shows the interior
construction. The transport system may
be obtained for 16-, 17.5-, or 35 -mm
film. Frequency response is plus -minus
ized,

2 dB, 45 to 10,000 Hz, with 0.10 -percent

total harmonic distortion from the film.
Recording level is 10 d13 below satura-

cording or playback modes.
A second magnetic film channel man-

ufactured by Amega, pictured in Fig
17-177D, is of particular interest, as it
uses 16 -mm magnetic film and is either
internal battery or ac operated. The
complete unit including the battery
weighs 22 Ills, and may he carried by a
shoulder strap. Synchronism with cam-

era is achieved by the use of a sync pulse generator at the camera. The 60 -

Fig. I7 -177C. Interior view of Amego Model M-2 portable recording channel om.
Oilier showing modular construction.
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Hz sync pulse from the camera is amplified through an inverter and controls
the speed of a salient -pole synchronous
motor gear -coupled to the sprocket
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ply and take-up reels; B, BB guide rollers; C, CC guide rollers; D, DD feed and
take-up sprockets; E, EE tight -loop

rollers; F, FF magnetic head guide rol-

drive. A built-in 60 -Hz frequency gen-

lers; G, GG recording and playback

erator permits using the recorder for
synchronous sound with no external

heads; H head compartment cover; I
bias current meter; J, JJ locking idlers;
K footage counter; L carrying handle;
M magnetic film; N external connection
panel; 0 record -playback switch; P
forward -reverse switch. The foregoing

power or frequency regulation. Torque
motors are used for both take up and
rewind. The audio facilities provide for
a microphone input, bridging uiput, dialogue and music equalization. headphone jack, and monitor gain control
Switching is provided for record, playback. forward and rewind, and internal
and external power operation. A simplified block diagram of its basic operation
is shown in Fig. 17-177E. The width of
the sound track is 200 mils. All electronics are solid-state. Frequency response
is plus -minus 2 dB, 50 to 10,000 Hz, with

less than 1 -percent total harmonic distortion from the film. Flutter is less than
0.15 percent in any band, and 0.2 percent

from 0 to 200 Hz (overall). Signal-tonoise ratio is 50 dB.
In Fig. 17-177F is shown a Model
PM -64, 17.5 -mm, 45 -fpm magnetic film

recorder manufactured by RCA. The
various components are indicated and
are typical of a magnetic film recorder
used for shooting motion picture production. This unit is used in conjunction

with a portable mixer containing the
amplifying equipment. The various
components indicated are: A, AA sup-

Fig.

recorder may he operated from 177 Vac
or from a camera motor supply system
17.178 Describe the construction of
studio recording equipment.-A group of
magnetic film recorder -reproducer ma-

chines are illustrated in Fig. 17-178A,
manufactured by Magna -Tech Electronics Co. These machines are designed
for motion picture rerecording use, with

several features that make these machines quite suitable for small or large
studio operation. Starting at the left, the
first four racks house dual machines
that are mechanically and electrically
independent of each other, and employ
dual -film sprockets for running either
16.'35 -mm or 17.5/35 -mm magnetic film.

In the illustration, machines one and
four arc 16/35 -mm, machine two is
35 -mm single-track, machine three is
17/35 -mm, and machine five is 35 -mm
three -track. The dual machines may be
run straight synchronous, or selsyn in-

terlock using a dual selsyn interlock
distributor described in Question 3.56.

17-177D. Arneson Model 3-M portable 16 -mm synchronous magnetic film
recorder.
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The distributor system may be con-

may be intermixed. If a 175 -mm opera-

trolled from the rack or from a remote
position. When the speed is changed,
proper equalization for the speed used
is automatically inserted. With such
combinations of linear speeds, sound
tracks of different sizes and linear speed

tion is required, the distributor is such
that the machine runs at 45 fpm. An interlocking

circuit

phasing

prevents

leaving a stalled interlock motor on the
distributor bus in an incorrect position,
or on a point. The phasing control closes

0
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Fig. 17.177E.
17-177E Block diagram for Amego Model 3-M portable 16 -mm synchronous
magnetic film recorder.
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17-177F.The RCA Model PM64 portable 17.3 -mm magnetic film recorder for
motion picture production.
I

Fig

only after the rotor is correctly aligned.
The feed and take-up reels are driven

ing. The recorder is designed to go in
and out of recording without introduc-

by torque motors which maintain the
proper film tension at all times. An
electrical braking system prevents the
film from unspooling.

ing noise in dialogue or music; thus, the

The machines are also capable of be-

ing reversed (or rehearsing down in a
reel while still maintaining sync, and
for correcting mistakes during record-

necessity of cutting the film into loops
is eliminated. The recording and reproducing heads are prcaligned and
may be interchanged without realignment. Each head is surrounded by a
Mumetal shield. The electronics are
completely transistorized. The flutter for

Fig. 17.178A. Combination recorder -reproducer equipment manufactured by Magna Tech Electronic Co., Inc.
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Fig. 17-1708. Westres Model LRA1552
recorder -reproducer

manufactured

in

17-17BD. W
Model ST -510
multiple recorder -reproducer manufacFig.

Rome, Italy. Machine records a single

tured in Rome, Italy. Transistor

track on 35 -mm magnetic film at 90

fires arc mounted below the lower transport system.

fpm.

1G -mm equipment is 0.10 percent and
0.08 percent for 35 mm. The frequency
response meets the standard of the industry. with a maximum total harmonic
distortion of 0.5 percent. Signal-to-noise
ratio is 65 dB below 100 percent modu-

lotion. The tracks are 200 mils in width;

single tracks are recorded in the number 1 position.
A Westrex Model LRA-1552 35 -mm
single-track recorder -reproducer is illustrated in Fig. 17-178B. The top panel

Fig. 17-17 BC. Close-up of Westrex Model LRA-1552 transport system and head
mounts. The threading path is shown in Fig. 17-1788.

MAGNETIC RECORDING

contains a torque motor -feed -reel spin-

dle, feed roller and idler, fast forward
stop and fast rewind controls, and a
film -threading lamp which lights if the
film is threaded plus -minus one
sprocket from normal. The head assembly is prealigned and may be removed
for cleaning and inspection and replaced

without realigning. The frequency response, distortion, and signal-to-noise
limits meet the industry standards.
A
multiple
recorder -reproducer,
Model ST -510, also manufactured by
Westrex, is shown in Fig. 17-178D. This
machine incorporates in a single cabinet

three reproducers, one of which may
also be equipped for recording. The
basic speeds may be 16-, 17.5-, or
35 -mm magnetic film. A rear view is
given in Fig. 17-178E, and shows the
mechanical drive coupling system between the three transport systems. A
single motor drives the three systems;
however, a means of decoupling any
one of the three units from the main
drive is provided. Each transport system
is designed as a complete unit, except

for the common drive. If desired, the
driving system may be modified for in -

833

dependent drive and control. The transport system uses the Davis tight -loop
system, with a single film sprocket and

dual impedance or fly wheels. A knob
on the front panel of each film sprocket
permits a particular transport system to
be disconnected from the common drive

shaft permitting the alignment of the
sync mark without unthreading the film
after the motor drive system has been
interlocked. Torque motors and electromechanical brakes are employed for the
rewind and take-up motors. Independent fast -forward and rewind are provided for also. The transport systems
may be driven selsyn interlock or syn-

chronous, depending on the local requirements.
Flutter is less than 0.08 percent at 90

fpm. Amplifier distortion is less than 1
percent at plus 12 dBm. The frequency
response and distortion meets the industry standards. Signal-to-noise ratio
is 65 dB re: 100 -percent modulation.
The amplifiers are of modular design,
completely transistorized.
17.179 Describe a 1/4 -tape sync pulse recorder for motion picture produc-

tion use.-The recorder pictured in Fig.
17-179A is the well-known Nagara III
3+4 -inch magnetic tape recorder -repro-

ducer, using the Neopilot (sync -pulse)

system, manufactured by Kudelski of
Lausanne, Switzerland. This recorder is

used by many motion picture studios
throughout the world and has many
features applicable to motion picture
production. Basically, the recorder is
completely solid-state, with a 1/4 -inch
tape transport system powered by a de

motor driven by internal batteries, although it may (where applicable) be
operated from an external ac power supply unit. The motor is of the permanent magnet electrodynamic type, rea d'Arsonval galvanometer,
with a central magnet. Mounted on the
motor shaft is a phonic wheel and the
tape capstan. The phonic wheel passes
in front of a tachometer head which is
magnetized. The rotation of the phonic
wheel over the magnetized head generates an ac voltage, the frequency of
which depends on the speed of the
motor shaft. The signal from the tach-

sembling

head
is
amplified, passed
through a shaping amplifier, and results
in a square wave of constant amplitude.
This square wave operates a servo amplifier which, in turn, controls the speed

ometer
Fig. 1 7-17 8E. Rear view of W
Model ST -510 multiple recorder -repro-

ducer.
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Fig. 17-179A. Nava III i-inch magnetic tape recorder -reproducer. manufactured
by Kudelski of L

Switzerland. ;Courtesy. Glen Glenn Sound Co.)

of the motor in conjunction with a dis-

60 Hz, one for each filter. The linear

criminator -charging capacitor and a
discharge diode.
When the recorder is used on motion
picture production with cameras, a 60 Hz sync pulse is recorded on the tape,
along with the audio signal to establish
synchronism between camera and
sound. The Neopilot signal (sync -pulse)

speed of the machine is checked by observing these discs under a 50- or 60 -Hz

may be taken from a pulse -generator
on the camera, from the house mains,
or from the ac voltage of a camera supply unit, as described in Question 3.88.
Referring to Fig. 17-179A, the tape transport system starts at the supply
reel A. The tape B leaves the reel and
passes over tension pully C which is
movable and supplies a braking action,
thus applying u constant tension to the
tape. The tape then passes over two
flutter -filter rollers D and erase head E.
On the top surface of the flutter -filter
rollers arc stroboscopic discs for 50 and
t

light, depending on the particular frequency in use. The speed of the machine may be set accurately for either
frequency by internal adjustment. The
movement of one dot equal to the
width of one dot at 50 Hz represents a
change in speed of 1 percent. Variations in speed of 0.5 percent are quite
common without the use of a sync pulse signal.

Items F and FF arc tape -alignment
guide posts. The record head G and the
Neopilot head (sync -pulse head) H are

next, followed by the playback head I.
At J is the capstan (on the motor
shaft), with a neoprene pinch wheel at
K. From this point the tape passes over
another tension pulley CC and to the
take-up reel AA. The controls consist

of a playback -line input control 0, a

Os

1..)

Pig. 17-1798. Plon view of the transport system and heads foe Nova III

1/4-isiels

magmatic tape recorder, manufactured by Kudelski, Laissaustaa Switaateland.
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Fig. 1 7-1 79C. Block diagram for Nagra III 1/4 -inch magnetic tape recorder manu-

factured by Kudelski, Lausanne Switzerland.

microphone input level control Q and a

function switch R. An oscillator push
button (P) supplies a 3000 -Hz signal for
recording a reference tone at the head

end of the roll for use later in transferring operations. This signal is recorded
at the head end of each roll at a predetermined level and adhered to throughout the whole sequence of the sound
department operations. Pin jacks are
supplied at N for headphones. Returning to the function switch R, this switch

To indicate that the sync -pulse signal
is present and being actually recorded,
an indicator S, with a shutter, turns
white when the signal is on and black

when the signal is off. An accelerator
button T permits the transport system

supply. The positions include: stop, test,
hi-fi record, and automatic record,
which provides automatic control of the

to be speeded up for fast -forward tape
movement during playback. VU meter
U has two scales, one for measuring the
battery voltage and a second for indicating the recording levels. The desired
scale is selected by switch R. The VU
meter has about a 6 -dB lead. (See
Question 17.163.) The thumb screw V is
for attaching a shoulder strap; a second
screw is placed on the opposite end (riot
shown). The microphone plug W employs a standard XL 3 -pin Cannon plug.

has two sets of six positions-six for
working from internal batteries and six
for operating from an external power

recording level when using a micro-

The input impedance may be set for

phone with attenuation for the low frequencies. However, the quality of the

either 50 or 200 ohms by changing an

recorded signal in this latter position
(according to the manufacturer) is not

three speeds, a switch X provides the
speed change arid necessary equalization. The equalization meets the CCIR

as good as when used in the hi-fi record
position, and is used principally for dialogue recording, not music. This control

affects only the microphone input circuit, and not the line input.

internal connection. As the machine has

and NAB Standards for 15 and 71/2 ips.

For 33/i ips only the NAB Standard is
used,

as

this characteristic provides

greater signal-to-noise ratio and less
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distortion at this speed, as compared to
the CCIR.

Control L is a start -stop lever with

an interlock push button (ZZ in

Fig.

17-179B) for the transport system. Con-

trol K closes the pinch wheel against
the motor capstan to provide tension
between these two, and for pulling the
tape over the heads. An internal loudspeaker Y provides a means for monitoring playback. A push button (not
shown) allows the selection of direct or
tape monitoring. At the rear of the case
is a line input, output terminals, and a
plug used for the ac pulse signal. At the

right hand end (not shown) are connector plugs used for the operation of
a resolver unit, described in Question
3.84, an external power supply, bridging
Input, and other connections.
For battery operation, twelve 1.5 -volt
flashlight batteries (or rechargeable
batteries) are required. A plan drawing
of the tape -transport system and heads

Fig. 17-180A. Interior view of Stoned -

is given in Fig. 17-179B, with the principal componeuts indicated, using the
same callouts for identification as used
in Fig. 17-179A. The total weight of the
recorder with batteries is about 16 lbs.
A block diagram of its several sections

Hoffman I -watt plug-in monitor ampli-

appears in Fig. 17-179C.

tured in Fig. 17-208A.

The frequency response at 15 ips

is

fier Model AW70-1.
flea, bias oscillator, and monitor amplifier all of plug-in transistor design. This

amplifier is used in the machine pic17.181

What

is

pre-

and

post -

plus -minus 1 dB, 30 to 18,000 Hz and at
71/2 ips the same tolerance, 40 to 15,000
Hz. Harmonic distortion is 2 percent
third harmonic, 0.5 percent second harmonic. Signal-to-noise ratios average
minus 62 dB below the 100 -percent re-

striped filmT-Post-striped film is an
existing motion picture film which has

cording level, using a weighting network described in Question 5.98. Era-

are observed during the striping operations. Pre -striped raw stock is used in
single -system cameras, similar to news
reel, where the sound and camera are
operated by one person. A single frame
of post -striped film is given in Fig.
18-181. Not all types of photographic

sure is 80 dB below 100 -percent modu-

lation. If the machine is to be used for
playback on location, the tapes are pre-

recorded at the studio, including the
sync pulse. Flutter measures 0.06 and
0.08 rms for speeds of 15 and 71/2 ips,
respectively. Operating environment
temperature range is minus 20 to plus

been processed, with a magnetic stripe
added. The magnetic stripe may be

placed on either the smooth or emnlsion side, provided certain precautions

film can he pre -striped. Before pre striping any film, the processing laboratory should be consulted. (See Question

50 -degrees centigrade. Sync -pulse oper-

17.191.)

ation is discussed in Question 3.78.
17.180 Show a transistor plug-in
type amplifier for use in recording sys-

17.182 Describe a cassette used in
magnetic recorders and reproducers.-A
cassette is a removable housing containing a length of magnetic tape, generally
with prerecorded program material.

tems.-An interior view of

a

1 -watt

plug-in monitor amplifier, manufactured by Stancil-Hoffman, mounted on
an octal base is pictured in Fig. 17-180A..

They are used in automobile tape reproducers, portable, and home repro-

A mixer -record -reproducer amplifier is
shown in Fig. 17-180B. The amplifier

ducing equipment. Blank tape may also
be inserted for recording purposes. The

combination provides for two micro-

program material may be for mono-

phone inputs, record -playback arnpli-

phonic

or

stereophonic

reproduction.
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-444Liaie-;,11
Fig. 17-1800. StancilHoffman Model ARP70 transistor amplifier system for mixing,
recording, or reproducing either magnetic tope or film.
is taken from the
name of the container used with still

The term cassette

cameras for holding film.
When a cassette is inserted in the recorder -reproducer, the magnetic head
automatically makes contact with the
tape and the driving mechanism. These
devices arc also used for continuous reproduction of program material. Standards and use of such devices are disFig.

cussed in Question 17.230.

Give the standard for magnetically striping 8- and 16 -mm motion
17.183

picture film-The USASI (ASA) Standard for magnetically striping 8- and
16 -mm motion picture film is given in
Figs. 17-183A to C. A balance stripe is
generally placed on the edge without
sprocket holes. (See Question 17.191.)
17.184 What is a hall -striped mag-

netic track?-A film base on which
there is an existing optical sound track.
Half the optical track is covered with a
magnetic stripe as shown in Fig. 17-184.
The purpose of half -striping the optical

sound track is to permit the film to be
run on either an optical or a magnetic
sound reproducer.
Half -striped sound tracks are generally confined to variahle-density types.

However, some work has been done
using variable -area optical tracks of
certain types, such as the double bilateral and duplex. (See Fig. 18-299A.)
But, because of the size of the modulations and the fact that the stripe must
be

placed

in

the

exact

center

of

the modulations, striping variable -area

17-181.

16 -mm single perforated

base with 100 -mil magnetic stripe and
a balance stripe on the opposite edge.

tracks has not met with too much snccess. Covering half the sound track will
also increase the distortion.
Half -striping an optical sound track,
regardless

of the type,

reduces

the

sound output by 6 dB, a loss of 50 percent in output level. In some instances,
this may become serious because the
signal-to-noise level is also reduced.
This system of magnetically striping
motion picture film was first suggested

by George Lewin of the US Army
Pictorial Center.
17.185 What is a balance stripeTA narrow magnetic strip placed on the
film base on the opposite edge from the
magnetic stripe. The balance stripe
equalizes shrinkage of the film and thus
prevents uneven winding and warpage
of the film when wound or in storage.
The balance stripe is applied at the
same time the stripe for the sound track
is applied and is the same thickness. A
typical balance stripe is pictured in Fig.
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and in the Standards in Figs.

17-183A and B. (Sec Question 17.191.)

induce flutter. The small amount of flut-

ter induced as far as dialogue is con-

For what purpose is full -toot
film used?-Full-coat mag-

cerned may be ignored. Recording
equipment using 17.5 -mm film must be

netic film is used where only the best
recording quality is desired and is gen-

carefully maintained as a slight amount
of dirt on the film sprocket, idler rollers,

erally used for original music recording
or the recording of a master composite

or film tension can cause the film to
jump the film sprocket quite easily.

sound track during a dubbing session.
This applies equally well to 16 -mm

(See Questions 1730 and 17.197.)
17.187
What it mag-optical track?

magnetic film. Although 17.5 -mm magnetic film is also full -coat, it is, as a

-It is a sound track applied to a motion

rule, confined to the recording of dialogue on production recording. Because
the film is narrow and has only one line
of sprocket holes, it has a tendency to
buckle around the sprocket holes and

photograph and magnetic sound track.
The term "mag-optical" is also applied
to reproduction machines having facilities for reproducing both magnetic and
photographic sound track.

17.186

magnetic

picture release print, using separate

American Standard Dimensions of
PH12.67-1966

100 -Mil Magnetic Striping on 16mm
Motion -Picture Film Perforated One Edge

1,432 or T39

.0C Itr 514 4

1. Scope
This standard specifies the location and dimen-

sians of the magnetic striping material applied
to 16mm motion -picture film with perforations
along one edge. This film is used for both picture and sound.

2. Magnetic Striping
2.1 Dimensions. The dimensions shall be as
given In the figure and table.

2.2 Material. The magnetic striping material
shall be on the side of the film toward the lomp

on a projector arranged for direct projection
on a reflection -type screen.

3. Film Base

0iewan.:043

The film base used shall be of the low.shrink
age safety type, cut and perforated in accordance with American Standard Dimensions for

Itimm motionPiclure film, IR-3000, PH22.12.
1964, or American Standard Dimensions for

Inches

A

0.100

C

0.035
0.62$

4- 0 003

Atiameten
2.34

+0.12
- 0.03

mad

013

lean

nem

16

r110/1

- ' 11[00

NOTE The balance stripe is optional and may be a
cooling ar amethyst rnalenal of the some

16mm AlotionPicture Film, 1R-2994, PI122.109-

mniagnishr

1965.

thichmoss

Appendix
rn4. 4i n nsi pa. M A.44,44 14.444
Ider. 4113311/.1144. 44

44.144144

lati

4.4.4. et WO r.1

The neer edge al the evessichc striping ideolly
should be coincidoot rah the dge al the fAsn, and
let this..own, Dimension S as &sand is band upon
porticos censIderocons el anuses Wiping techniques

0 .were lhon

Approved 144 30. 1966, by the American Standavds MV 3l131104. Incorporated
Sponsor- Society of Motion Plow* and Television Engineers. Inc.
.0. IOW be Ow Ade..... lommlvAle
114

Mb Wen. 1 n_. IL T. MO

I" P.M.." Om

and fihn handling mechanisms. Every anal shisuld be
mean so reduce this amnesia:: as lad os possible, ton,
nen' with the bit, willbrNey of stripe 1k:clines, and
hotness el dna* profile.

Lf14 t.....1c4414*

1*1

Fig. 17-183A. USASI (ASA)
16

Standard for magnetically striping single perforated
-mm motion picture film.
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American Standard Dimensions of
Re. EIS 7.405

Magnetic Striping of 16mm Motion Picture Film,
Perforated 2R-3000

PM22.101-1963

.4* el

1,1477 101436

MK 775_334173,11

1. Scope
standard specifies the location and
dimensions of the magnetic striping material
opplied to 16mm motion -picture. film with
This

perforations along both edges to be used
for both picture and sound.

2. Magnetic Striping

The location and dimensions of the
magnetic striping shall be as given in the
figure and table.
2.1

The magnetic striping is on the side of

2.2

the film toward the lamp of a projector arranged for direct projection on a reflection
type screen.
2.3 The No.
magnetic stripe is intended
for the sound record.

Dimensions

Inches

1

A

0.031

0.02$

moo
min

0.005
0.000 -+0.000

3. Film Base
C

0.629

nom

Mirka
0.79

mess

0.71

We

::;:

0.00
15.95

.

noes

The film base used shall be of the low -shrink-

age safety type, cut and perforated in accordance with American Standard Dimensions
for 16mm Film, Perforated Two Edges, P1122.5- 1953.

NOTE:

The No. 2 stripe It on amen) balance stripe

end reroY be a magnellt sooting or another material or
the same thickness.

APPENDIX
ma. AP

.. aff4 a pan NO

5_a41.0 (444 a )440..etit 54..a, .1 IS... 4444.1a1. 14, 44.04410'44/ 24000

14.27 101-1061, I.. Is 4.444114 1*{Algra

The axle, edge of the magnetic sniping ideally should

stniNn leth,ftgoes and fin, llondl.ng

be coincident with the edge of the Ctn. and tar inn

Every effort should be mode to reduce this voter... in
for as possible. consistent with the best uniformity of
stripthicliness and Acmes. of stripe profile.

reason the &mansion Si, given os zero. The tolerance
listed is based upon proctical considerolons of Weser.l

Approved March 28, 1963, by the Ansericon Standards Association, Incorporated
Sponsor, Society of /notion Picture and Television Enginers

14

Fig.

mechanisms

.6...rad 11....1 11.ailma.

.

.

17-1838. USASI (ASA) Standard for magnetically striping double -perforated
16 -mm motion picture film.

17.188 Describe an editorial magoptical sound track.-In the early days
of magnetic recording, a combination
magnetic and optical striped film was
used to aid the film editor in synchro-

nizing the picture as the modulations of
the magnetic sound track are invisible.

The film base appeared as pictured in
Fig. 17-188. The picture which is on a
separate film base is placed under the
clear portion of the striped film for synchronizing the action with the sound.
This system of magnetic recording is
now obsolete.
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17.189

What

is

sound track laminating machines are
used to apply a magnetic stripe to an
existing optical print, requiring only a
single sound track. In a method developed by Siemens and Halke of West
Germany, the laminate consists of a

the standard lot

theater release prints, using lour mag-

netic sound trockst-The sound track
placement

is

given

in

the

USASI

(ASA) Standard. Fig. 17-189.
17.190 Describe a magnetic sound
track laminating machine. -Magnetic

polyester foil backing, manufactured by

AMERICAN STANDARD
e.,

Magnetic Coating of
8mm Motion -Picture Film

Mt -

P1122.11111.1936

-60c MI tn. ni 3313

1. Scope
1.1 This Ito...cord specifies the location and

dimensions of the magnetic coating material
applied to 8mm motiompidure film to be
used for both p.cture end sound.

2. Magnetic Coating
2.1 The 'ocotlen and di-ensions at the mpgner'c coating shall be as giver in the slogram
and table.

2.2 The magnetic coating is on the side of
the film toward the lamp of o projector or.
ranged for direct projection on a reflection
type screen.

Dimension

Inches

Millimeters

A

0.031 max
0.028 min

0.79 max

8

0.002 max

0.05 max

C

0.315 nom

8 nom

0.71 nir

Apposed Aped 24. 1956, by She AIMOIICOI Sccesdoods Atioc.oeoe. Incorpcooted
Spoesor. Society or Morton Picture end Telemoon Er.g.ntert

Fig. 17-183C. USASI (ASA/ Standard for magnetically striping 8 -mm motion picture
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Agfa-Gevaert, which is preheated to
approximately 120 degrees centigrade,
then pressed on the 16- or 35 -mm film
base (Fig. 17-190). After the application, the polyester backing is removed

from the magnetic striping material,
leaving a smooth deposit of magnetic
oxide. After laminating, the film is recorded in the usual manner. The trade
name for this system is Cons -Meg.

pinch -roller H to the take-up reel

I

driven by spring belt J which is in turn

driven by another belt by a motor in
the hase of the machine. The liquid
magnetic emulsion is contained in the
plastic bottle K with a shut-off valve L.
Two sapphire -faced shoes are supplied,
one for 2.5 -mil striping, and one for 100 -

mil striping. The wider shoe may also
be used for both half and full striping.
When the machine is transported, the
upper portion of the elevator arms are
laid left and right. The operating environment is limited to a low value of 60
degrees Fahrenheit, with a relative hu:-.idity of 8.5 percent. If the magnetic
stripe must be placed or. the emulsion
the film, special precautions
must be taken during the striping operations. The striping equipment manuside of

facturer should be consulted for this
procedure.

17-184. A 16 -mm half -striped vartrack. The
half -stripe permits either the optical or
magnetic sound track to be reproduced.
Flo

iable -density optical sound

Describe a portable liquid
17.191
magnetic film striper.-A portable liquid
type magnetic film striper is pictured in

Fig. 17-191. This machine may be used

for striping clear base 16 -mm film, or
applying a sound track to an existing
picture. The machine shown is a Model
P-16 liquid magnetic Magna -Striper,

Fig.

17-188. A 35 -mm film bole with

both optical and magnetic sound tracks.
This is used for editing purposes only.
17.192

On which side of a film base

should a magnetic stripe be placed?-

manufactured by Reeves Soundcraft
Corp. Magnetic stripes may be applied
in the standard positions for 16 -mm

The USASI (ASA) Standard Pa22.101190 specifies: the magnetic coating
shall be on the side of the film toward

magnetic film. Two types of liquids are
available for striping, one for the emulsion side, and the other for striping on

the projector lamp of a projector designed for use with a reflective type

the base side. The magnetic emulsion is

packaged in plastic bottles, which are
mounted vertically on the striping
mechanism at the right end of the
machine.

Starting at the right of Fig 17-191,
the film is fed from a supply reel A to
the striping mechanism consisting of

two guide rollers B under a hopper
head C supported by a sapphire pressure shoe D then over rollers E to film
elevator F. Here, the film is looped 22
times from bottom to top of the elevator. Leaving the bottom of the elevator,
the film passes to a capstan G and a

screen. However, stripes are placed on
both sides of the film, because of special
considerations. U possible, the stripe
should be placed on the smooth side of
the base. If it must be placed on the
emulsion side, special precautions must
be taken in the striping operations. (See
Question 17.191.)
17.193 Can unprocessed film be pre -

striped? ---Yes; however, if the film base
uses an antihalation coating on the cell
side, the stripe may be loosened when
passing through the film -processing
tanks. The construction of the film base

should be ascertained before striping.
As a rule, most sound -recording stock
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contains an antihalation coating. (See

while it is being watched by the narrator, his commentary is recorded. Music
and sound effects may be added at the
same time. In the second method the
film is threaded on a regular magnetic
film recorder and is recorded in the

Question 17-191.)
17.194 After applying a magnetic

strip* to a silent film, hots is the sound
recorded? It may be accomplished in
two ways. First, the film may be
threaded on a projector -recorder and

usual manner. (See Question 3.86.)

giN

American Standard Dimensions of

rd. or

Four -Track Magnetic Sound Records for

PH22.137-1963

35mm Release Prints

NOC MI 1)4 4))

1. Scope

44.41141

.1.1 This standard specifies the locot.on and

11441111104414141141

tog

dimensions of the four magnetic sound stripes

and of

the recording heads

to be used

thereon for 35mm motion -picture prints.

1.2 This standard specifies the distance between the sound and corresponding picture.

2. Files lose
With the direction of hovel as shown in the
glgure, the emulsion side of the ft* is up, the
base is down, and the mognel.c striping is on
the base side.

3. Dimensions
3.1 The dimensions shall be os specified in the

0..641...11 PIM 4.4. N SUS feed TM

VW WKS se ea neeiscure

figure and table.

01

3.2 The cutting and perforating dimensions
ore specified by American Standard Dimen-

A

sions far 35mm Motion -Picture Fite,, CS1870
PH22.102-1956.

0.063 a 0.003

Track I shall be used for the left (as
viewed from the auditorium) loudspeaker

0.036 0.002

F

0.003
0.036
0.171 A 0.002
1.146 a 0.002

G

for the right loudspeaker chonnel. Track

tion that, w normal film motion, the picture

1.2911 a 0.002

1.02 0.05

NOTE The 4..AAnwons given In 01i1 standard a,.

'rocketed on 9* vie of unshnnet II*. II n reeol
eyed, bole..,, tot n practice, one Coy 4.4444..44.,
1044.e

The sound record shall be separated on the
film mom the center of the corresponding picture by 28 frames Vs frome in such a direc-

mu.

1.60 is 0.06
0.91 a 0.0!.
0.97 * 0.0t,
4.34 A 0.05
29.16 A 0.05
32.97 a 0.05

0.040 0.002

channel. Track 2 shall be used for the center
loudspeaker channel. Track 3 shall be used

5. Picture -Sound Separation

Milli meld,

1.30

4.4)14

C

4. Sound Records

shall be used for the surround loudspeaker or
control signals, or both.

Palm

0.039

sn,641couf

a

)44044/14441

Speeds measnrentents shooAd tale onto 95509, overall *dm el the Cl.,,. spooned by Dintensena
Amer,cen Standard 91122.102. '956. Shce.rld iris ma..
c.d. lot'; cnestd the pormnstble So.orence, on dvnen.

Morn spw.ned r 9* stanelord nay be nob -pled by
Me rot* of nontnol dimensions defer -toned as lotions.

first posses a given reference point and then

the corresponding sound passes at a later

Meowed enItto

time.

Spec,Ged sndffs

Approved December 10, 1943, bye* Anoriew Slandatds Anacsalon,

n sari* el nomenol d9rentens

nrd

Sponsor Society of moron 7.cowe pm) TIAPVISiOn trews.,
1:1 Ilmome4111metamav

.,;;ietn.g114

;44.)44,404444.41)4. 14.44,444t4.4

v44114.4.

Fig. 17-189. USASI (ASA) Standard for release prints, using four magnetic sound
tracks.
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17.19$
How are multiple magnetic
sound tracks on release prints repro-

duced? -Magnetic sound tracks are used

by the majority of the larger studios.

of

a

sharp -pointed

stylus. A typical

sound track of this nature is shown in
Fig. 17-196. In sonic Instances the en-

Some studios employ four to six sound
tracks on the release print, depending if
it is 35 or 70 mm in width. For seven track operation or more, a separate

graved sound track is played hack similarly to a variable -area sound track for
cuing purposes. As 41 rule, the quality is
quite poor, but good enough to be used
for cuing.

sound head is used running in interlock with the projector. This subject is

Other methods include writing the
modulations with ink on the smaller

discussed an more detail in Section 19.

stripe similar to an oscilloscope pattern
or a variable -area optical sound track.
This method is now obsolete.

POLTESTEA BACKING

Fill/ BASE

IUGHtTLC Cr

Fig.

17-190.

Cross-sectional

view

of

magnetic sound track laminate as used
by Siemens and Na!she for laminating
optical film.
17.196

Describe a combination mag-

netic and engraved editing sound track.

-A form of magnetic modulation writing used for making the modulations
visible to facilitate editorial operations.
A film base, as shown in Fig. 17-30B, is
employed with a device which mechanically engraves a sound track by means

Fig.

with

17-196. A 35 -magnetic film base
a

mechanically engraved

sound

track, for editing purposes, in the 100 mil stripe.

Fig. 17-191. Reeves Soundcraft Corp. Model P-16 16 -mm Magna -Striper machine
for applying a liquid magnetic oxide to motion picture film base.
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17.197

Describe the polygoning ef-

fect on 16 -mm magnetic film.-Magstriping or laminating double
perforated optical film has several distinct disadvantages over striping or
laminating single perforated film, among
these are: double perforated film has
only space for a 31 -mil stripe, resulting
in a low signal-to-noise ratio. Since the
stripe is adjacent to the perforations,
poor head contact occurs every time a
perforation passes over the head. This
is caused by the film being more flexible
in the perforation area than between
the perforations. This flexing is called
polygoning and is illustrated in Fig.
netic

17-197.

ally noted at the low frequencies
around 100 Hz and is often mistaken for
the tape characteristics. Two factors influence this rising response, fringing effects in the playback head and playback
head bumps. Both these effects are the

function of the wavelengths recorded
on the tape and the linear speed of the
tape. Fringing effects arc caused by the
magnetic flux on each side of the head,
and under the head gap, contributing to
the current induced in the head -coil
winding, and, if great enough, appear
as an increase in the signal output.
Fringing effects arc more noticeable at
the lower frequencies and increase with
a decrease of frequency because of the
longer wavelengths. The magnitude of

the fringing effect depends upon the
head shielding, therefore a definite correction factor cannot be applied to fit all
head designs. Tests made at 71/2 ips

show that different recorders will exhibit from 1- to 5 -dB rise when full track tapes are reproduced on narrow track heads, although the recording has

uniform frequency characteristic.
Head bumps are a function of playrig.

The polygoning effect
by the lifting of the magnetic

1 7-1 9 7.

caused

stripe from the magnetic head as the
sprocket holes pass by the head.
17.198

What is sequential magnetic

back head geometry resulting when the
pole pieces of the head and the gap pick
up magnetic flux and transmit it to the
head winding. As the frequency is decreased, bumps and dips in the response

become apparent. The greatest bump
occurs when one-half the wavelength
of the recorded signal is equal to the

recording?-The artist first records the
melody using a three- or four -track
tape recorder. He then records two or
more harmony tracks, while listening
to the melody track. As the tracks are
all recorded and reproduced on the

distance

same machine, synchronization is maintained. If a master track is to be made,

tape recorders provide equalization to
smooth out these unwanted effects. It is
recommended by tape manufacturers
that if full -width tapes are being used,
and if low frequency equalization is
provided in the playback circuits, it
should be adjusted for a flat response at
the low frequencies to overcome the effects discussed, since program material
is also affected In the same manner.
Standard test tapes recorded especially
for quarter -track record -reproducers
arc available.

they are all rerecorded together as a
composite track. Generally, the recorders used for this type recording are all
especially designed for this operation, or
attached to external control equipment.
It is the usual practice for each recording activity to develop its own system
arid methods best suited for its equipment.
17.199 Describe fringing effect in a
magnetic reproducing head and its

cause.-When using a NAB Standard

between

the

pole

pieces.

Smaller bumps will be noticeable at 1.5
and 2.5 wavelengths and so on, with the

largest dip occuring at

wavelength,
and progressively decreasing at 2 and 3
wavelengths. Some manufacturers of

17.200

1

Why is 400 Ha used as a

test tape or its equivalent recorded full track and played back on a reproducer
using a two -track, or a four -track,

reference frequency for /6 -mm magnetic

head, a rising characteristic is gener-

Hz running at 36 fpm is equivalent to

film?-The ratio of film run lingat 90
fora and 36 fpm is 2.5/1; therefore, 400
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Fig. 17-202. Basic plan for recording four, 4 -track release prints. At the output of
each recorder is a differential amplifier and on alarm system.
1000 Hz running 90 fpm. For magnetic
film, the Standard reference frequency
for a linear speed of 36 fpm is 400 Hz,
and for 35 -mm running at 90 fpm it is
1000 Hz. These reference frequencies
are also used for photographic film recording and reproduction.

17.201 Can a photocell be used for
synchronising a 1/4 -inch tape recorder
with camera?-Yes, by the use of white

To listen to each print individually
after it has been recorded would be

impractical; therefore, when the tracks
are being transferred from the submaster, each sound track is monitored as it
is being recorded, using a differential
amplifier and a bridge circuit, which
will sound an alarm if the level varies
plus -minus 2 dB from the established
level. A light over the machine indicates

marks along the edge of the tape. The
pulse is picked up by the photocell and

which track is at fault.

applied to a resolving device, then to the
transfer recorder. This method was used

taken when splicing leader stock to mag-

by RCA before the advent of 60-liz

discarded picture stock and out -dated

pulse -type

synchronization. However,

several systems have been since developed for synchronizing 1/4 -inch tape recorders to cameras and projectors. (See
Questions 3.78 and 3.81.)
17.202

Describe

how

magnetic

sound track release prints are recorded,
and the overall level monitored.-After
the final recording has been accom-

plished, several submasters are made
from the dubbed master for recording
of release prints. The frequency response of the submaster is held to

within plus -minus 1 dB. with reference
to 1000 Hz; however, a slight tilt -up of

2 to 3 dB is given low- and high -frequency ends to increase the signal-tonoise ratio

at these frequencies The

submaster is placed on a special reproducing machine and its output applied
simultaneously to the input of several
magnetic film recorders on which arc
placed the release prints (Fig. 17-202).

In this manner, each release print becomes an original recording.

17.203

What precautions must be

netic film? --Leader stock

photographic unprocessed

is

generally

sound

re-

cording stock. Regardless of the type,
the leader must always be spliced to
magnetic film with the emulsion away
from the magnetic head. If this precaution is not observed, the emulsion from
the photographic film will be scraped
off by the heads and pile up on the pole
pieces and cause dropouts. If the magnetic film is full -coated, magnetically
striped film may be used for leader

stock; however, the sound track should

he turned away from the head to prevent any noise left on the strip from
entering the system and be thoroughly
degaussed before use.
Two methods of splicing magnetic
film are shown in Figs. 17-203A and B.
Fig. 17-203A shows a solvent lap splice.
In using this method, the splice must be
perfectly degaussed to be free of noise.

Fig. 17-203B shows a dry butt splice
and is considered to be the best to elim-

inate interruption of the signal. If the
splice is made correctly, it may be re-
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17-203A. Butt -splice method of
splicing magnetic film.

corded over without difficulty. However, if possible, splices should be
avoided in a sound track. The arrow in

the illustration shows the direction of
the flux pattern. It will be noted that
there is an abrupt change at the playback head gap when using a lap splice,

and a gradual chauge when using a
butt -splice.
Regardless of the splice used,

Fig. 17-203B. Diagonal -splice method of
splicing magnetic film.
avoid

overloading the recording or
playback amplifiers. It should be remembered when making distortion
measurements, oscillator distortion can-

not be subtracted directly from the
measured

distortion of the recorder.

These and other subjects relative to
measurements on magnetic recording
equipment arc discussed in Section 23.

all

equipment employed in contact with
film or tape must be degaussed. Splicing tape having 16- or
35 -mm perforations is available from
several sources of supply. Splices on
magnetic film may also be made on a
Bell and Howell diagonal splicer, as
shown in Fig. 18-199B, provided the
magnetic

cutting knives are degaussed daily. This
is a must because the splicing machine
has an electric heater under the cutting

17.105
How may the high -frequency
response of o transformer -coupled magnetic playback hood be altered?-By the

addition of a resistance in parallel with
the output of the head and primary of
the input transformer as shown in Fig.
17-205. The added resistance in parallel

with the primary winding of the transformer varies the Q of the parallel resonant circuit formed by the transformer
secondary and the input capacitance of

the tube, thus affecting the high -fre-

blades, and if the heater is turned off.
the knives are magnetically charged;
thus, they must be degaussed. A degaussing tool similar to that shown in
Fig. 17-90B may be used, except that it
must he much more powerful. If the
magnetic tape is run through an edge numbering machine, any parts on this
machine that might contribute noise

quency response.

must be degaussed also. The same precautions must be taken for 1/4 -inch tape.
17.204 When making measurements
on a magnetic recorder, what precautions
must be taken? --Oscillators used for
frequency and distortion measurements
must not have a maximum of more than

shunted

17.106 Describe on ideal magnetic
reproducing system. -According to the
NAB Standard, an ideal magnetic reproducing system is a theoretical repro-

total harmonic distortion

ducing system, consisting of an ideal re-

(THD), and perferably less. The output
of the playback amplifier must be terminated in a noninductive load resistance equal in value to the manufacturers recommendations. If the input of the
recording amplifier is bridging. the oscillator output must also be terminated
with a noninductive resistor equal to its
output impedance. For frequency mea-

producing head, composed of a ferromagnetic ring in which losses are negligible. This means that the head gap is
short and straight, the long wavelength
flux paths so controlled that no low -frequency contours are present, and the
losses in the head material are neglig-

0.25 -percent

surements, the levels must be set

to

Fig. 17-205. A magnetic playback head
with a resistance to permit
variation in the high -frequency response.

ible. The system employs a reproducing
amplifier, whose voltage conforms to the
frequency response of Fig. 17-206 with
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Fig. 17-206. NAB Standard reproducing characteristic. Reproducing amplifier output

for a constant flux in the core of an ideal reproducing head.
a constant flux versus frequency iu the
head core. Because of several reasons,
the flux in the core of an ideal head is
not necessarily the same as the surface

flux on the tape. Since most of the
above effects are not easily measured,
the NAB Standard is based on an ideal
head -core flux, rather than surface induction. (See Question 17.207.)
The voltage versus frequency curve
is to be uniform with frequency, except
where modified by the equalization
time -constant T, and T,. The curve expressed in decibels is:

frequency range of interest. The core

of the reproducing head at the
highest frequency of interest and the
loss

undamped resonance are not to exceed
3 dB, and the amplifier response should
not vary from the ideal more than plus minus 3 dB. Head -gap losses are not to
exceed 3 dB at the highest frequency of
interest, and the head -contour effects
by not more than plus -minus 2 dB from
the average.

Electrical characteristics of the sys-

tem arc made by measuring the frequency response of the amplifier and
the

N dB = 2D Log.. oiT,

/1 + (61'2) I
1+

1,/

where,
w equals 2cof,

f is the frequency in Hz,
T, and T3 are the time constants given
below.
Tape Speed

T,

T

3180-µS
3180-µS
3180-µS
3180-µS

50-pS
50-µS
90-µS
90-µS

reproduce

system

characteristic,

with constant flux versus frequency in
the head core. Magnetic losses can be
determined by the calculation of gap
losses and measurements of the head
contour effects. After determining these
losses, they are then considered as deviations from the ideal reproducing system.

The curve in Fig. 17-206 should not
confused with the pre -equalizer

The first measurement is of the amplifier response, using an input voltage
proportional to frequency (the voltage
doubles for each octave frequency increase) measured by the conventional
methods. The second measurement is
the head and amplifier response, made

curves of Figs. 17-162A, B and C, as the

by applying the input signal across a

curve in Fig. 17-206 is for a constant flux nt the reproducer head. The above
time constants are necessary to attain
the NAB Standard reproducing characteristic, shown in Fig. 17-206, the re-

low resistance connected in series with

15 ips
71/2 ips

31:t ips

Pin ips

be

sponse for a constant flux using an ideal
reproducing head.
17.207 Describe
a
primary -calibrated reproducing system.--Primarycalibrated reproducing systems are used

for the purpose of calibrating standard
magnetic test tapes and films. The sys-

tem must not deviate by more than
plus -minus 3 dB from the ideal over a

the head, as described in Question 23.52.

A third measurement is then made of
both the amplifier and head, using a
constant flux versus frequency and the
signal induced in the core of the head.
This latter measurement is made by at-

taching a small wire firmly fixed over
the head gap and feeding a constant current signal through the wire.
Although the resultant flux distribution will not be identical to that of magnetic tape, it may be considered to be
satisfactory for the purpose of measure-
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ment. The third measurement should
follow the Standard reproducing characteristic given in Fig. 17-206. In actual

gap edges must be sharp, straight, and
parallel. To properly determine that the
gap meets the requirements, visual ex-

practice, the curve will vary from the

amination using a tool makers micro-

ideal because of the head resonance and
losses. The effects of resonance and core

scope with a magnification of about 1000

losses of resonance are determined by
comparing the results of measurements
1 and 2, while the apparent core losses
are identified by measurements 2 and 3.
The approximate head -gap losses
versus

frequency may be calculated

using the expression:
Gap loss = -20 Loge.,

times is necessary. It has been shown
that the null wavelength is about 1.14
times the optical gap height for a perfect head. (See Question 17.67.) For the
application being discussed the null
wavelength should not be greater than

1.25 times the optical -gap height.
Low -frequency response is measured

Sin [180' d/A)
Trd/A

where,

d is the null wavelength,
X the wavelength of the frequency at
which the gap is calculated.

using a constant current versus frequency signal, and recorded using the
normal bias current and the results
compared with the curve obtained in
measurement three. This will indicate

contour

the

effects.

This

response

should follow ideally the Standard re-

Null wavelength is determined by finding the recorded wavelength at which
the reproducing -head output voltage
reaches a distinct minimum of at least

producing characteristic in Fig. 17-206,
for frequencies below 750 Hz at a speed
of 71/2 ips. In practice, at the long wavelengths all flux from a tape does not

20 dB below maximum output. This

enter the head core, and the current
that does enter varies with the wave-

measurement may be made using speeds

of one-half and one -quarter the normal
speed, using a tuned -voltmeter with no

greater than one-third octave bandwidth. To reach a 20 -dB null, the head
Frequency

Response

20 Hz

-8.6 dB

length and the length of tape contact at
the head and also with the shape of the
pole pieces and the shield around the
head. It is of extreme importance that
Frequency
1.5 kllz

Response

+0.9 dB

25

7.0

2

1.45

30

5.8

2.5

2.1

40

4.1

3

2.75

50

3.0

4

4.1

GO

2.3

5

5.4

70

1.8

6

6.6

75

1.6

7

7.7

80

1.4

7.5

82

90

1.2

8

8.6

100

1.0

9

9.5

150

0.45

10

10.35

200

02

11

11.1

250

0.1

12

11.8

300

-0.1

13

12.5

14

13.1

400
500

+0.1

15

13.6

GOO

0.1

16

14.2

700
750

0.2

17

14.7

0.2

18

15.2

800
900

0.2

19

15.6

0.3

20

-16.1

1 kHz

-i-0.4 dB

1 7-2 07A. NAB Standard reproducing characteristic for 7 Y2 -and 1 5-ips tape
speeds. Reproducer amplifier output for a constant flux in the core of an ideal
Fig.

reproducing head.
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Frequency

Response

Frequency

Response

20 Hz

-8.8 dB

1.5 kHz

-2.2 dLit

25

7.2

2

3.4

30

5.9

2.5

4.6

40

4.2

3

5.7

50

3.2

4

7.7

60

2.4

5

9.4

70

1.9

6

10.8

75

1.7

7

12.1

80

1.6

7.5

12.6

90

1.3

8

13.2

100

1.1

9

14.15

150
200

0.6

10

15.0

0.4

11

250
300

0.2

12

0.15

13

400
500
600
700
750
800
900

1 kHz

±0

14

15.8
16.6
17.2
17.9

+0.1

15

18.5

0.3

16

19.0

0.5

17

0.55
0.6
0.8

18

19.6
20.0

19

20.5

20

+21.0

1.0 dB

Fig. 17-207B. NAB Standard reproducing characteristic for 1N- and 33/4-ips tape
speeds. Reproducer amplifier output for a constant flux in the core of an ideal
reproducing head.

the distortion of the oscillator be on the
order of 0.10 percent or less. The frequency of the oscillator must be accurately set for each measurement to as-

sure frequency errors are not interpreted as response -curve errors. The
slope of the contour effect curve must
not exceed 10 dB per octave, so that a

frequency error of 0.5 percent will result in a response error of not more
than 0.07 dB.

Alter having once determined the
various losses or deviations from the
ideal system response, a calibration of
the actual system may be made. From
the system response measurement 3.
subtract the gap -loss curve at the high
frequencies and algebraically add the
low -frequency portion by the contour
effect curve. The resulting curve is the
reproducing system response for constant flux from the tape. The difference
between this curve and the Standard
reproducing system characteristic represents the deviation from the ideal
response.

The response for a constant flux in
the core of an ideal reproducing head
is given in Figs. 17-207A and B covering
linear speeds of 1%, 33/4, 71/2 and 15 ips.

17.208 Describe a loop bor.-1n rerecording of motion pictures (dubbing),
many times it is necessary to have a
continuous background sound of rain,
crowd noises, traffic, and many other
types of noise. To achieve this continuous sound, the particular effect concerned is recorded on a magnetic film

50 to 100 feet in length, and then spliced
into a continuous loop. This loop is then

threaded on a reproducer arid the balance of the film placed in a loop box,
where it is automatically fed through
the machine as a continuous sound effect. A facility of this type is shown in
Fig. 17-208A, mounted on a StancilHoffman S7/ARP-70 35 -mm recorder reproducer. In this particular type loop
box, the film is fed from the right end of

the transport system A to an idler B.
and then to the left side of the box to
the right side of sprocket C. which feeds

the film D dcwnward into the box. The

film returning from the box is pulled
upward on the left side of sprocket C,
and fed to the transport system again.
The film is separated, guided, and prevented from rubbing by webbing, which
also applies the proper tension to the
film as it enters and leaves the box. In
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this manner, about 150 feet of continuous sound track may be fed through the
reproducer. The left side of the plastic
front is cut out to facilitate threading.

4- ;.,..
Fig. 17-208B. Six RCA PM -75 dual 35 mm reproducers. Last three machines
are equipped with loop boxes.

-4r1-

fr.

I

CI

IN

from the rack by pulling two hinge
pins.

amMilIIIIM111111

Fig.

17-208A.

Stanch -Hoffman

The group of machines shown are

Corp.

Model S7/ARP-70 magnetic film recorder -reproducer fitted with loop box.
Three loop boxes, mounted on three

reproducers of a group of twelve, arr
shown in Fig. 17-208B. These are manufactured by RCA. Although the appear-

twleve RCA PM -75 35 -mm dual magnetic film reproducers. Each machine is
mechanically and electrically independent of each other. All six racks are the
same, except for rack 1. Here, the first
machine is a single-track reproducer,
while the second is a combination single- and three -track reproducer. Each
machine is equipped with plug-in preamplifiers housed behind a drop -down
door at the bottom of the rack. All machines are selsyn interlock driven, except rack 1. In this rack, dual purpose
motors arc employed which may be run
selsyn or straight synchronous. Torque
motors are used for the feed and takeup reels. The motor system is completely reversible. Intercommunication
and selsyn interlock controls are placed
between each rack for convenience of
operation.
F7.209

What is a magnetic 'mind -

track scribing-A device used for in-

ance of the loop box is similar to that

scribing an ink tracing on magnetic
sound tracks for editing purposes. Re-

of the first box described, its method of

ferring to the block diagram in

feeding and returning the film to the

17-209A, the device consists of a mag-

box is quite different. In this box mechanism, the film is pulled downward by a
pinch -wheel arrangement attached to

netic tape or film -transport system, a
magnetic playback head, a high -frequency loudspeaker unit on which is
mounted a special ball pen for scribing
the modulations of the sound track on

the right take-up spindel. This feeds
the film to an idler roller and then back
into the box. As the film leaves the box,

it is pulled upward by the transport
system. The lower portion of the box
may he opened for inserting or removing the film. The box may be removed

Fig.

the magnetic tape, an amplifier system,
a rectifier for supplying a fixed dc bias

voltage to the voice coil of the loudspeaker unit, and a rectifier amplifier
which rectifies the signal voltage and
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ATTER

VOICE COIL OF
HE DYNAMIC
LOUDSPEAKER

UNIT

Fig. 1 7-209A. Block diagram of a magnetic sound track scriber using a ball pen for

scribing the sound track on magnetic tape or film.
is used as a variable bias (or cancelling
a part of the steady dc hias voltage on
the speaker unit voice coil.

As may be seen from the drawing,
the loudspeaker unit is mounted mechanically in such a manner that the
ball pen will bear on the slick side of

sMotrkot

i

MTIMIeMITITI1111

k

MAGNETIC
TAPE OR
SOUND TRACK

L___
DAS Llar'

\

... PEN POINT
,

0,

___...A.AJA*T.

i

the magnetic film or tape. The ball pen
is directly over the gap in the magnetic
pickup head. The signal from the mag-

Fig.

netic sound track to be scribed is fed

scriber playback head and pen mounted

to a preamplifier, then to an attenuator,
a 500 -Hz low-pass filter, and a 50 -watt
power amplifier. The loudspeaker unit

on top of the magnetic film.

is coupled to the output of the power
amplifier through a large capacitor C.
Bridged across the output of the preamplifier is a 20 -watt power amplifier

SCRIBED
MODULATIONS

17-2098. A magnetic sound track

sponse; thus, only the envelope shape of

the modulations is scribed on the tape.
An alternate method to the mechani-

which feeds the signal to the bias -recti-

mounting of Fig. 17-209A is to
mount the pen on the top side of the
tape across from the pickup head as

fier amplifier, whose dc output is con-

shown in Fig. 17-209B. This device was

nected to the voice coil of the loud-

developed by the Sound Department
of Paramount Productions, fnc., Holly-

speaker unit. The second rectifier sup-

plies a steady dc voltage to the loudspeaker voice coil, deflecting it to one

side during periods of no modulation,
inscribing a bias line.
When a signal appears at the input
of the preamplifier, the voice coil of the
loudspeaker is actuated and the pen inscribes a wavy line following the mod-

ulation envelope of the signal. At the

cal

wood, California.
77.270 What is a constant -current
recording characteristic of a magnetic
recording head?-A frequency characteristic of the head made by applying a
constant current through the head,
rather than maintaining a constant volt-

age at the input of the recording amplifier.

same instant, the signal is rectified and

The measurement is made using a

the steady bias on the speaker voice
coil is cancelled, permitting the pen to
scribe the modulations. The 500 -Hz
low-pass filter limits the frequency re-

recording amplifier with a flat frequency response rather than the normal

equalization used for recording magnetic sound tracks. A 10 -ohm resistor
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is connected in series with the recording

manner, for a recorder of limited -fre-

head as shown in Fig. 17-210 and the
current is held constant at each frequency of interest by reading the volt-

quency

age drop across the 10 -ohm resistor.

-A hand -operated device for the purpose of finding the modulations of a
magnetic sound track. In Fig. 17-212 is
shown such a device manufactured by
the Hollywood Film Co.
The magnetic film is pulled by hand
or by rewinds across the large drum

17.212

The recorded tape or film is played
using an unequalized playback
amplifier but with Flat frequency charhack

acteristics.

characteristic

The

response

is

shown

in

Fig.

17-211B.

when

plotted should show a 6 -dB rise per
octave.

What is a magnetic reader?

in the center, making contact with a
magnetic reproducing head. The case
contains an amplifier and small loudspeaker. The particular unit illustrated
will reproduce both photographic and
magnetic sound tracks. Such an instrument is quite valuable in finding noisy
spots in photographic sound tracks and

V7V11

RECOAIONNG

nt AD

in locating the exact start or finish of
a modulation in a magnetic sound track.
Fig.

The principal components consist of a
case A, exciter lamp and housing for
optical sound tracks B, sound optical
system C, guide rollers D and J, photocell housing E, sound drum F. magnetic
reproducing head G, magnetic head lifting arm H, amplifier volume control I,
loudspeaker K. and line voltage switch

17-210. Circuit for measuring the

constant -current

recording

characteris-

tics of a magnetic recording head.
17.211
What is a voltage -recording
characteristic of a magnetic recording

head?-A measurement of the voltage
developed across the head winding with
respect to frequency. The measurement
is made by connecting a vacuum -tube
voltmeter across the head winding and
reading the developed voltage for each

L.

17.213

What is a magnetic synchro-

nizer unit?-A motion picture film -foot -

frequency of interest as shown in Fig.

MI

17-211A.

RECORDING
HEAD

AM

The test frequencies applied to the

input of the recording amplifier are

Fig. 17.211A. Circuit for measuring the

held at a constant amplitude. A typical
frequency response, made in the above

voltage characteristics of
recording head.
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Fig. 17-2118. Voltage response across a magnetic recording head using normal
equalization and a constant input to the recording amplifier.
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Fig. 17-212. A sound reader manufactured by the Hollywood Film Co. The model
illustrated will reproduce both magnetic and photographic sound tracks.

age counter fitted with a magnetic reproducing head as shown in Fig. 17213. The output of the magnetic head
is foci into the amplifier of a magnetic
reader such as that illustrated in Fig.

base splicing tape. The pins projecting
upward from the base hold the film in
its proper place while the cutting knife

17-212, or to n separate amplifier.
17.214 Show a film splicer suitable
for magnetic film.-A magnetic film
splicer manufactured by the Hollywood
Film Co. is shown in Fig. 17-214. The

shown. This type splice eliminates pops
when the spliced material is passed over
the sound head. The knife and jaws are

cuts off the surplus film. The splicing
tape is then applied over the splice as

particular unit shown will splice either

nonmagnetic.
17.215 How may tapes recorded at
a given speed be rerecorded to play back

17.5 -mm or 35 -mm film, using a Mylar

at a different speed? -If two magnetic

?itt
47I446

Fig. 17-213. A film footage counter equipped with o magnetic sound head. ICourtesy
Hollywood Film Co.)
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recorders having speeds of 7.5 and 15
inches per second are available, tapes
may be rerecorded to play back at the
speeds indicated below.
Original

Repro-

Speed

duce
7.5

7.5

15

Rerecord
15
7.5

Back
Play
7.5
33/4

If a recorder is available with a speed

of 30 inches per second, the following
combinations may be obtained.
Original

Repro-

Speed

duce

15

30

15

30

Rerecord
15

Back

Play
7.5

7.5

When the foregoing are rerecorded,
equalization is introduced to compen-

70 -mm

recording

and

reproducing

equipment are available from the Soci-

ety of Motion Picture and Television
Engineers (SMPTE). Such films include
3 -track balancing, 3 -track azimuth, 3 track 3000 -Hz flutter, multifrequencics
for response measurements, and listening tests including musk, dialogue, and
many others. Similar test films arc also
available for photographic sound reproduction (optical film recording) for
both studio and theater projection
equipment.
17.217 Describe in injection frequency measurement.-An injection frequency measurement is made of a play-

back circuit, with the playback head
connected in the circuit as normally
PLAYBACK MEAD

sate for the lower linear speeds used in
the final reproduction.

METER

What test tapes and films
are recommended for testing '/cinch
tape and magnetic film recorders) 17.214

Standard 1/4 -inch test tapes are availa-

ble from the National Association of
Broadcasters (NAB) and several different manufacturers. These tapes include
an azimuth adjustment, standard output

level, and a group of frequencies for
making response measurements. Magnetic test films for 8-, 16-, 35- and

SIG. GEN

Fig. 17-217. An injection circuit for
measuring the frequency response of a
magnetic reproducer amplifier.

Fig. 17-214. A magnetic film splicer manufactured by the Hollywood Film Co. with
"scotch" magnetic film splicing tape.
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used. Such measurements provide
measure

of the

frequency

a

response

under impedance conditions that normally prevail with the playback head
in the circuit.
The frequency response is measured
by connecting a 2 -ohm noninductive

resistor in series with the reproducing
head as shown in Fig. 17-217. A constant voltage is maintained across the
2 -ohm resistor and the frequency response measured at the output of the
amplifier system. Adjustment of the amplifier equalizer circuits are made to attain the desired playback frequency
response.

After the amplifier frequency response has been adjusted using the injection method of measurement, a final
check is made by reconnecting the re-

producer head and the frequency response measured using a multifrequency tape or film. (See Question
23.52.)

17.218 In what type environment
should magnetic tape and film be stored?

-Both magnetic tape and film should
be stored at a temperature ranging between 60 and 80 degrees Fahrenheit,

with a relative humidity of 40 to 60
percent
17.219

Describe the electronics for

a transistor magnetic recorder.-Basically,

magnetic

recorders

employing

transistors in the electronics of the recorder are much the same as its forerunner, the vacuum -tube type, and except for a few minor changes, the controls remain about the same.

one path leading through record calibrating amplifier 1Q11, where gain is
adjusted

by

record -calibrate

control

2R45, through the contacts of output
selector switch 2S1, to line amplifier
1Q7, and the VU meter.
The second signal path from 1Q10 is
passed to the base of amplifier 1Q12.
The record equalization consists of a
variable capacitor contained in the
plug-in equalizers of Fig. 17-219D and

is selected by means of a relay. This
capacitor is connected in parallel with
resistor 1R42 to provide the necessary
high frequency pre -equalization. After
amplification by 1Q12, the signal is connected to 1Q13 and 1Q14, which form a
Darlington amplifier circuit. Transistor
1Q13 provides a low -impedance source
for transistor 1Q14. From this amplifier,
the signal proceeds to constant -current
amplifier 1Q15 and 1Q16.
In this amplifier, transistor 1Q15 acts
as an active load resistance for the col-

lector of transistor 1Q16, providing a
relatively low de resistance and a relatively high ac resistance. In the audio
range, the collector of 1Q16 works into
an impedance which is sufficiently high
to provide a constant -current source for
the record head, yet allows full utilization of the dc operating voltage. From
this stage, the signal is routed through
a bias trap, consisting of choke 1C27, to
the record head. Operating voltage is
delivered to transistors 1Q13, 14, 15, and

neering in a high -quality professional
magnetic tape recorder, the schematic
diagram for the record -playback cir-

16, only when the channel is in the record mode; therefore, these stages are
inactive in any other mode.
The bias current and erase oscillator,
1Q17 and 1Q18, is a push-pull circuit,
connected as a tuned flip-flop. Operating voltage is delivered only when the

cuitry of an Ampex Model AG -300 one -

channel is in the record mode. Sym-

quarter or half -inch tape recorder

shown in Fig. 17-219A. Because there is
considerable difference between the reproduce and the recording circuitry, the

metry of the oscillator output waveform
is adjusted by resistor 4R84 and capacitor 4C34 in the power supply diagram
(Fig. 17-219C). Returning to Fig. 17-

recording circuitry will be described
first, by use of the block diagram (Fig.

21913, the transformer -coupled oscillator
output is delivered to record switch 2S5.

17-21913) in conjunction with the schematic diagram of Fig. 17-2I9A.

When the switch is placed in the ready
position, the oscillator output is routed
through bias -adjustment resistor 2R68

As an example of transistor engi-

is

The input signal is applied to input
plug 4J6, then to the input selector
switch 4S3, which selects either a bridg-

ing or lower input impedance. From the
input transformer, the signal goes

through record level control 2R38. to

and mixed with the audio signal. It

is

also connected through the erase -adjust
capacitor 4C36 to the erase head and to

erase coupling jack 4J12, also on the
power -supply diagram.

the base of emitter follower stage 1Q10.

When multichannel (four tracks) re-

From this point, the signal path splits,

cording is used, erase coupling jacks
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are employed to interconnect the
oscillators and thus lock their frequencies together to prevent beat frequencies from being generated. (See Question 17.132.) When the record -selector
switch is in the safe position, the oscil4J12,

II

ii

head, and coupling circuits are disconnected.

Referring to the lower portion of the
block diagram and to Fig. 17-219A, the

signal enters at connector 4J1 and

I.
F

I

.

lator transformer, record head, erase

i

1

J

I

Fig. 17-219A. Schematic diagram for Ampex Model AG -300 magnetic tape recorder
record -reproduce section.

is
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T

,

.;
Fig. 17-2198. Block diagram for Ampea Model AG -300 tape recorder.

amplified by transistor 1Q1, then routed
through emitter follower 1Q2 to amplifier 1Q3. High- and low -speed equali-

zation is selected by relay 2K1, and is
connected from the collector of 1Q3
back to the emitter of 1Q1. Direct -cur-

rent feedback is provided through resistor 1R4, between these two stages.
Transistor 1Q4, an emitter follower,
feeds reproduce calibrate control 2R15,
to a Darlington amplifier formed by
transistors 1Q5 and 1Q6. In this circuit,
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1Q5 acts as a low -impedance source for
1Q6 to produce amplification of the signal with low noise. Leaving the IQ5 and
1Q6, the signal amplitude is adjusted by
reproduce level control 2R2I, and is fed

circuit. The signal is now routed
through 1Q8 to output stage 5Q9.

At the collector circuit of 5Q9 is

a

through the output selector switch to

monitor jack. Here, headphones of 300 ohms impedance may be connected for
monitoring purposes. The output signal

amplifier stage IQ7 in the line amplifier

is coupled through transformer 5T1 to

.
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L___- ----Fig. 17-219C. Power supply schematic diagram for Ampex Model AC -300 magnetic
tape recorder.
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energize equalization relay 2K1 in the
low -speed position of that switch. It is
also routed to all stages in the repro-

line output connector 4J5. Line -termination switch 4S2 connects resistor 4R36

across the transformer secondary for
tests and adjustments. Visual monitoring of the signal is provided by the VU

duce amplifier, the octal socket used for
accessory input units, and the first three
stages in the record mode.

meter. Depending on the position of the

output selector switch, the meter will

Circled voltage values given on the
schematic diagrams are taken between
ground and the position indicated, rneaslued with a 20,000 ohm -per -volt meter.
Voltages indicated in squares are ac sig-

indicate the reproduce level, input level
(record), or the bias current. The meter
may be strapped to indicate zero for a
plus 4- or 8 -dB level.
Referring to Fig. 17-219C the schematic diagram for the power supply and
bias oscillator, power from the line
source is applied to terminals 1 and 2
of block 4J9 at the left, and then to the
primary of power transformer 6T3,
through fuse 4F2. One secondary of 6T3
is

connected to the light

in

nal voltages, taken at 500 Hz with a
linear tape speed of 71/2 ips, using an
NAB equalizer. Signal voltages are mea-

sured with a vacuum -tube voltmeter
with a 10-megohm input. The schematic

diagram for the record and reproducing equalizer circuits is given in Fig.
17-219D. This recorder with auxiliary
equipment may be equipped to use
1/2 -inch tape up to four sound tracks.

the VU

meter; the second winding is connected

across a bridge rectifier consisting of

Specifications for the machine are:

diodes 1CR3 and 1CR6, and then to a
voltage -regulator circuit.
In the voltage -regulator circuit, a

Frequency response:

15 ips plus -minus 2 dB, 50 to 18,000

reference voltage is established by zener

diode 1CRIO. A sampling voltage
taken at 1R77,

a

Hz.

is

71/2 ips plus -minus 2 dB, 40 to 10,000

voltage adjustment

Hz.

control. If the output voltage tends to
vary with the load, the conductance of
transistor IQ22 changes. This in turn
affects the conductance of transistors

Signal-to-noise ratio:
1/4 -inch full -track 15 ips, 60 dB

1/4 -inch four -track 7i, ips, 57 -dB

1Q21 and 3Q20. connected in a Darling-

Wow and flutter:

ton circuit, so that the voltage is re-

15 ips, 0.07 percent; 71/2 ips, 0.07 percent.

turned to normal level.
Transistor 1Q19 acts as a constant -

Speed accuracy:
0.2 percent or 3.6 seconds for 30 minutes recording.

current source. Diode 1CR9 and resistor
1R74 provide overload protection. If the

current through 1R74 combined with
that through 1R73 results in a voltage
sufficient to break down diode 1CR9,
transistor 1Q19 will be biased toward
cutoff. This, in turn, underbinses the
rest of the transistors in the regulator
circuit. A plus 23 -volts dc regulated

Even -order distortion:
500 Hz, 0.40 percent or less
17.210

Describe the basic principles

of o magnetic sire recorder. -Wire recorders arc designed to pass a stainless

output is delivered to the speed switch
on the tape transport system, then re-

steel wire approximately 4 mils in di-

turned to the electronics and used to

which makes contact with one side of

"46::10"
.
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I
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Fig. 17-219D. 5chemotic diagram for recording and reproducing equalizers used in
Ampex Model AG -300 magnetic tape recorder.
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Fig. 17-220A. Cross-sectional view of a magnetic wire recording and reproducing
head.

the wire (Fig. 17-220A). The construc-

tion of this head differs from that of
conventional tape heads, as it has a
groove for holding the wire at an angle
of about 13 degrees, to provide a wraparound. The induced signal or magnetic
field is confined to the wire side, or the

region making contact with the head
at a particular instant. When reproduced, the wire is rotated by the twisting action before it reaches the reproducing head, thus causing dropouts and
variations in signal output. A typical
polar plot of the magnetic field around
a wire for several different frequencies
is given in Fig. 17-220B.

The life of the wire is limitless, except for mechanical breakage. However,
the signal-to-noise ratio is considerably

less than for magnetic tape because of

the small cross-sectional area of the
wire, as compared to tape. Because of
the magnetic properties of wire, it is
generally erased by using a direct current or permanent magnet, which increases the noise, and decreases the
signal-to-noise ratio.

In Fig. 17-220C are given the frequency characteristics for unequalized
wire compared to magnetic tape. It will
be observed that the frequency response
of the tape running at 71/2 ips is consid-

erably better than wire running at

percent. Wire recorders require pre and post -equalization and a bias current similar to tape recorders. One of
the principal drawbacks to wire recording is that it is not uncommon to have
a 2 -minute or more variation in a 10 minute program. Except for certain
special devices, wire recording is considered obsolete.
17.221
What is a steel -tape magnetic recorder?-A magnetic tape recorder, designed some years ago, using
a 1/4 -inch stainless -steel tape. The prin-

ciples of the wire recorder discussed in
Question 17.220 also apply to this re-

corder. Steel -tape recorders are now
obsolete, except in special instances.

Fig.

200

17-2208. Variations in the

output of

270

24

ips. Wire recorders have been built with
fairly good frequency response, with intermodulation distortion on the order of
10 to 15 percent, with a THD of 5 to 8

a

wire

recorder with

various amounts of wire twisting.
;Courtesy, Minnesota Mining and
Manufacturing Co.)
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Fig. 17-220C. Comparison of unequalized magnetic tape and wire. (Courtesy, Minnesota Mining and Manufacturing Co.)
/7.222 Describe the essential components and schematic diagram for a
quarter -track tape recorder.-Roberts of

Canada Model 770-A one -quarter inch
magnetic tape recorder, manufactured
by J. M. Nelson Electronics Ltd. (basic
parts manufactured in Japan) is shown
in Fig. 17-222A. This recorder employs
the cross -field method of recording described in Question 17.39. Basically, the
machine is a quarter -track two -channel

stereophonic, or four -track monophonic
recorder -reproducer. (See Question
17.151), completely self contained except
for the microphones.

Referring to the front view in Fig.
17-222A, item A is a tape speed switch
which, in combination with a removable

bushing I placed over the end of the
capstan motor shaft J, permits tape
speeds of 1%, 324, and 71/2 ips. However,

it can also be adapted for 15 ips. At B

Fig. 17-222A. Roberts of Canada, Model 770-A quarter -track stereophonic, four
track monophonic !..s -inch tape recorder.
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duce heads to their proper track placement, as discussed in Question 17.151.
A multipurpose device serving as a
spring -loaded tape guide and cleaner

is a track -selector switch for setting the
recording -reproduce circuits to either
monophonic or stereophonic, and it is
connected mechanically to an arrangement that moves the recording -repro -

and flutter filter C permits the tape to
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Fig. 17-2226. Schematic diagram for Roberts of Canada. Model 770-A tape recorder.

863

MAGNETIC RECORDING

make a right angle bend from the supply reel to the transport system with a
minimum of drag. This in connection
with a spring -loaded arm (on the flutter
filter) aids in ironing out irregularities
in the tape travel which might cause
flutter. The tape guide also includes a
felt -pad for cleaning the tape before it
arrives at the heads. Index counter D

interlock button T must also be depressed before switch R can be turned
to the recording mode, thus preventing
an accidental erasure of previously recorded sound track, For fast -forward

or rewind, switch Q is set to the desired position and provides fast rewind
or forward speeds of 1200 ft iu 75 seconds.

reads from zero to 9999 and may be

Pilot light U indicates when the ma-

used for supplying a reference number
for later locating a given recorded se-

chine is in the record mode. Monitor

lection.

monitor, and mute. In the normal posi-

Items E are gain controls for the left

and right amplifiers and are used for
both recording and reproduction. The
outer control rings F are tone controls
which are operative only in the playback mode. Knobs G are recording
equalizers which are changed for the
particular speed in use. Two VU meters
H indicate the levels in both the record

switch V has three positions-normal,

tion, the internal and externally connected speakers are operative on playback. In the monitor position, the internal monitor speakers and external
speakers will be activated while record-

ing. In the mute position, the internal
speakers are cut off, but jacks X are
activated for use with external stereophonic speakers. Switch Z may be used

and reproduce modes and have stan-

to cut off the right speaker when re-

dard ballistic characteristics as required
for such meters.

cording monophonically.
Access is afforded to the preamplifier
inputs for microphones, playback head

I is a pin for storage of the removable capstan speed -change puck. The

puck

is mounted on the end of the

motor shaft J, with a neoprene pinch wheel K below, which pulls the tape

over the heads, because of the pinch
effect of the latter two items on the
tape. A stop arm L will automatically
drop, if the tape breaks or runs out,

shutting off the transport mechanism.
However, if switch S is in the ON position and the tape runs out, the complete

system will shut off, including a convenience outlet at the rear of the machine for connection of auxiliary equip-

ment. Two doors M and MM on the
right and left sides cover two monitor
loudspeakers N and NN during transport. When these doors are opened, they
act as reflectors for the speakers, directing the sound forward. A pause -edit

outputs, and phono jacks by opening
panel XX. Switch Y is used only when
recording sound with sound. This feature permits a second sound track to be
recorded in synchronization with a previously recorded track. When the two
recordings are played back, they are reproduced in sync on the left and right
speakers. Two power supplies are used;
one each for the left and right sides. A
total of nine vacuum tubes are required.
The internal monitor amplifiers will

each deliver 6 watts

to

an external

load. Stereo -headphone connections are
available near the right hand lower

portion of the monitor speaker.
The signal-to-noise ratio, relative to
100 -percent modulation is 55 dB. Wow
and flutter 71/2 ips, 0.12 percent; at 33/4
ips, 0.2 percent; at 17/8 ips, 0.3 percent.

switch 0 may be used to stop the tape
transport momentarily for editing purposes in either the record or reproduce
modes. The main power switch W has

Erasure is minus 60 dB. Frequency re-

three positions-off, all -on, and motors only. In the all -on position, the capstan,

10,000 Hz.

sponse at 71/2 ips is plus -minus 2 dB, 40
to 22,000 Hz; at 33/4 ips, plus minus 2 dB,

40 to 15,000 Hz; at 1% ips, 3 dB, 40 to

equipment, and the internal electronics

The equalization meets the NAB
Standards in all positions. (See Question 17.162.) The unit employs only a
single motor, which functions to pull
the tape and operates both the feed and
rewind reels through a system of fric-

are not required. Push button P is the
start button for both recording and

tion pucks. The motor is of the hysteresis synchronous type, turning 1800 and

playback; however when recording, the

3600

fan motors, and electronics are turned
on. The motors -only position is used
when an output signal is taker. directly

from the heads for driving external

rpm,

and employing a 24 -slot
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wavewound rotor, with a heavy fly
wheel belt -coupled to the capstan.

Internal degaussing of the magnetic
heads is made possible by a simple procedure. The schematic diagram for the
recorder appears in Fig. 17-222B. Basically the amplifier system consists of
two sections, one for each channel, hav-

ing the same number of tubes, except
for the left channel, which includes a
bias oscillator tube. The right amplifier
is similar except for the bias oscillator.
Two complete power supplies arc provided. The selector switches at the left,
SW8 and SW9, select the proper circuitry for either the recording or playback modes. Hum -bucking coils are
connected in series with the heads to
reduce hum in the output circuits to a

for timing and inflections. He then records a new sound track, while watching the picture action and listening to
the original sound track. (2) The same
procedure is also used, except without
the picture (which is preferred by many
actors), as the picture may tend to distract an observer's attention from the
sound track.
17.224 Describe a simplified system
lot looping mound tracks.-In the System
shown in Fig. 17-224, only two machines
are required, a recorder and a recorder reproducer. The actor speaks his lines

into the microphone, using only the
original sound (guide) track. After the
dialogue has been recorded, the recording patch is removed and the newly recorded sound track played back in sync

minimum.

with the guide track for evaluation of

Define the term "looping."
-Looping is a term used for indicating
that a motion picture is to be post-synchronized-that is, the sound must be

quality and synchronization. If the
circuits of the mixer are well isolated,
it is possible to leave the playback
and guide -track circuits permanently
patched, removing only the record cir-

17.223

replaced with a new sound track in abwith the lip movement and action of an existing
motion picture.
Post -synchronization of a picture
may be accomplished in two ways. (I)
A continuous loop of the original sound
track is played back over headphones
solute synchronization

with the picture for the actor to listen

cuit. If the recorder employs a single
record -reproduce head, the operation is
somewhat simplified.

The same setup can be employed
using

a

1/4 -inch sync -pulse tape re-

corder in place of the recorder -reproducer, provided a sync pulse is recorded
on the new track and a resolver is used
REPRODUCER
RECORDER

OM NAL

REPROOlIC ER

SCUM:, TRACK

Fig. 17-224. Simplified method of looping sound tracks without picture.
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when playing back the newly recorded
sound track. Other systems of looping
arc described in Questions 17.225 and
17.226.

principal reason for looping or post synchronization of a motion picture may
be for one of several. (1) The dialogue
shot on location has traffic, airplane or

equipment (Questions 17.226 and 17.227)

other unwanted noise in the background. (2) Wind machines were used
on the set, blanking out the dialogue.
(3) The original voice is to be replaced
with that of another actor (re -voiced).
(4) Certain words are indistinct. (5)

some means of indicating to the actor

Dialogue

the volume range of the original recording is desirable but not mandatory. This
is generally accomplished by projecting
on the screen, with the picture, a vertical line which varies in length and represents the volume level of the original

record on location. (6) Replacement of
the original dialogue with that of a foreign language is sometimes necessary.
Looping or post -synchronization is
accomplished by bringing the actors to
a looping stage, and while watching the

sound track. The new dialogue to be

picture on the screen, record new sound

recorded is also projected in sync with

tracks in synchronization with the pic-

the picture along the bottom of the

ture action.
Looping stages are generally so constructed that the interior acoustics may

17.225 Describe a method for looping foreign dialogue.-Looping dialogue
for foreign versions is somewhat more
complicated than looping the original
language. In addition to the looping

screen to prompt the actor. As a rule,
the looping of foreign dialogue is an art
highly specialized within itself. Several
patents have been applied for or have
been issued on systems developed for
this special type recording.
17.226 Describe the principles of a
virgin magnetic looping system.- The

is

difficult or impractical to

be controlled over a wide range of reverberation, from a dead stage to that
of a live one, by the use of hinged panels on the side walls as discussed in
Question 2.110. As a rule, an attempt is
made to match the acoustics of the orig-

START OF ACT,Ofi

SPLICE,

LOOPING

LEADER

CLEAR FRAME

SYNC -POP

SPLICE

SYNC -MARK FOR
PROJECTOR T FIRE AD

IN CENTER OF
PICTURE APERTURE

STOCK

LEADER

6-8 FEET

ICF

Fig. 17-226A. Picture loop for post -synchronization recording.
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inal scene; however, if this is not possible, it is recorded slightly on the dull

side and corrected later in the rerecording (dubbing).
In large studios where several companies are in daily production, looping

the projectionist and the machine room.
Provision is also made for starting the
machines, push button for the various
modes of operation and other controls.
A remote control for changing the mode
of operation from record to playback is

may become

included for the dialogue director.

a

continuous operation,

particularly where a large number of

Three loops are required for each

western -type pictnres are in production.

scene to be remade. The projector loop
carries no sound, but the head -end has
a special looping leader with cue marks
and a sync -pop. The action (picture) to

The looping equipment must perform
several functions. (1) Permit the actor
to listen

to the original sound track

(guide track) for tempo and intonation,
either over a loudspeaker behind the
screen, or with headphones. (2) Record
a new sound track in synchronization
with the picture, while Listening to the
guide track. (3) Immediate playback
with picture for checking the newly recorded sound track for synchronization
and quality. (4) If the take is not satisfactory, it can be erased immediately
and the system returned to the record-

which the new sound track

is to be
matched is spliced to the tail end of the
leader (Fig. 17-226A). The loop for the

reproducing machine carries only the
original dialogue (guide track) to be
replaced. The recorder loop consists of

a continuous piece of magnetic film.
Fig. 17-226B shows that each loop for
threading and synchronization purposes
has a start mark relative to each other.

(The three machines must be driven

ing mode.
To facilitate the operations, a special
three -position mixing panel is used,

selsyn-interlock. Question 3.49).

housing the microphone preamplifiers,
mixer controls, equalizers, recording
amplifier, and intercommunication to

frame and a sync -pop mark 20 frames

PROJECTOR

It will be observed that the picture
leader is opaque and has one clear

in advance of the clear frame. Also,
three white dots are placed behind the
NIA R -REPRODUCER

REPRODUCER

ORIGINAL
DIALOGUE
SPLICE

SP..1C1.

1/4'NCH
WHITE JOT

EAR
FRAME

Asoc

20

SYNC -POP

'I"
OPAQUE

S Pt [CE

7,./c

LEADER

6-8 FEET

SPUCE TO
PICTURE

Fig,

1

PICTURE START
THREAD IN
PROJECTOR
PICTURE
APERTURE

SPLICE TO ENO
OF TRACK

OI START MARK

0

0

SPLICE TO
OTHER ENO

17-2268. Loop structure for virgin loop recording system. The picture loop
leader is opaque except for the white dots and clear frame.
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dialogue guide track. The recorder loop

clear frame, 24 frames apart. The dots
and the clear frame flash on the screen
at the rate of 1 per second, or a total of
6 seconds, to impart rhythm to the actor

is a continuous piece of magnetic film
long enough to record the dialogue, plus

a few extra inches. The recorder start
mark is placed near the splice, thus assuring that the splice will not be in the
dialogue area when recording.

and cue him for the action to come.
Sometimes numerals are used instead of

dots. The start mark for the projection
machine is placed 6 to 8 feet in advance

When the machines are threaded, the

of the first white dot. When the clear

start mark for the picture is placed in

white frame passes the projector aperture, a bright flash appears on the
screen and the sync pop mark is picked
up by a photocell in the projector sound
head and recorded on the sound track,
to be used later by the editorial department to synchronize the action with the
new sound track. Plain leader stock
with a start mark is spliced ahead of the

the center of the projector picture aperture. The start mark for the guide track
is placed over the reproducer head gap,

and the start mark for the recorder is
placed over the record head -gap. In
operation, the three machines are inter-

locked and the start marks are rechecked. The marks on the recorder and

guide track must be within 1 sprocket

PROJECTOR

RECORDER -

REPRODUCER

PICTURE

REPRODUCER

GLACE TRACK

SELSIN INTERLOCK

ERASE
REPRO

HEADPHONES

BRIDGING INPUT

K3

-01/P
MON

soon

RI

BAAS OSC

P/B

MIXER II/P

MIXER
MONITOR

ACTOR

.-

INPUT

VU METER

0

j Ion
SCREEN

MUTING

MC

RELAY
3

COMBINING NETWORK

K9 S K3 OPERATE
PILOT LIGHTS ONLY
SYNC -POP SIGNAL

INOT SHOWN)

Fig. 17-226C. Simplified block diagram for automated virgin loop recording system.

THE AUDIO CYCLOPEDIA

868

tuating several relays which set the

hole of the picture. The machines arc
started. The actor listens to the guide
track

over

the speaker

system in the record mode. A take is
made. If the actor or dialogue director

behind the

screen or over headphones (generally
headphones are

used). When he

feels it is not right another take is made,

as the first take will be erased auto-

is

matically if the system is not thrown to

ready, the record button is pushed, ac R CORDER

PROJECTOR
PICTURE

REPRODUCER
GUIDE TRACK

REPRODUCER

WTERLOCK
ERASE
REPRO

RCD

AC TOR S

mEAOPKONES

A

POWER AMP

P/e

RASE
READ

IC WATT

Pie

eras OSC

Ks

RCM
VOLTAGE

P/8

600(1
600.T1

rf

L

1

Fig. 17-227. Schematic diagram for
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the playback mode within

4

picture is played back immediately over
the loudspeaker behind the screen.
The pop -mark is recorded on the
new sound track and will be heard

seconds

after recording

As many tracks

as

necessary

arc

made. When n satisfactory one is had,
the system Is set to the playback mode.
The newly recorded sound track with

when the clear frame of the picture
flashes on the screen. This assures that
OIALOGUE o-NCC TORS

REMOTE CONTROL SOX

PLOT LASIITS
SRN

REO

MOMENTARY CONTACT

PUSH -BUTTONS

PiElo OFT

woo
MIXER CONSOLE

PILOT LIGHTS
AMA

000
PRI

NCO

RED

CArT

-ZIWOC

0
MOMENTARY CONTACT
PUSH -BUTTONS

12/3VOC

0

REC

54

145

o

GiT

REC

t 1N1764

115764

61,764

IN1764
11/1764

1141764

SYNC -POP LEVEL

MONITOR AMP
MONITOR G&W,'

SCREEN
SPEAKER

P's
IC6

VU METER

COMBINING NETWORK

MIXER
NETWORK

OUTPUT

art

F
RIC

RELAY
AM ER

virgin loop magnetic recording system.
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the sound and picture are in sync, and
any variation in lip movement or other
action is due entirely to the actor being

K2 connect the record -reproduce head
on the recorder to the output of recording amplifier 4, and energies the bias os-

out of sync with the action.
The special picture leader is a print

cillator. Relay K4 turns on the red record pilot lights, and K6 mutes the
monitor speaker behind the screen,
while K5 moves upward cutting off the
guide -track amber light (if it had been
the last operation).
Actuating the playback button ener-

made from a negative. The sync pop mark is three or four black marks
placed on the negative. The holes are
made with a film punch. Once the time
for the system to come up to speed has
been determined, the same length of
leader is always used. A block diagram
of the system is given in Fig. 17-226C.
17.227 Describe the schematic diagram and method of operation for the
virgin looping system of Question
17.226.-The schematic diagram for the

automated virgin looping system discussed in Question 17.226 is given iu
Fig. 17-227. The system shown is completely push-button operated. The con-

trol circuits are so designed that they
can be patched into an existing installa-

tion without disturbing the normal interconnections. The mixing panel consists of a 3 -position mixer network with
equalizers, on -off key, VU meter, talk back system to the projectionist and
machine room, push buttons and pilot
lights for setting the system to its three
modes of operation, microphone pream-

plifiers, lock and run switches for the
selsyn-interlock system, and ready
lights from the projection and machine

rooms. A remote control box is also
provided for the dialogue director for
changing the modes of operation; however, the control of the selsyn-interlock
system is generally operated by the

mixer.

At the upper left in Fig. 17-277 are
three machines previously mentioned in
Question 17.226. At the upper right are
three momentary -contact push buttons
which apply a 28-Vdc pulse to six latching -type relays. (See Question 25 159.)

The latching relays employ a center tapped actuating coil connected to the
common or negative side of the 28 Vdc.

With a positive pulse applied to one
end of the coil, the armature moves to a
given position. With a positive pulse
applied to the other end of the coil, the
armature moves in the opposite direc-

tion. The armature always remains in
the last position until another pulse is
applied to the opposite end of the coil.
Depressing the record button actuates relays K1, K2, K4, and K6 downward, and K5 upward. Relays K1 and

gizes relays K.1 and K2 upward, de -activating the bias oscillator and connect-

ing the record -reproduce head to the
input of preamplifier 3. At the same
time, relay K3 moves upward, connecting the output of the preamplifier to the
monitor amplifier input through the
monitor gain control to monitor amplifier 5. Relay K4 moves upward connecting the playback green pilot lights,
with K6 also moving upward, lifting the
10 -ohm muting resistor from the monitor line.
If the newly recorded sound track is
being played back over the studio mon-

itor system, the guide track may be
substituted by pressing the guide -track
button. This energizes relay K3 down-

ward, connecting the output of the reproducer to the monitor system. To re-

turn the system to the new track, the
playback button Is again pushed. This
resets relay K.3 to the playback position. Thus, the original sound track may

be compared to the new sound track.
Relay KS turns the amber guide -track
pilot light off and on. Headphone monitoring is always available across the
output of the guide -track machine.
Similar operations are performed by the
dialogue director's remote -control unit.
Diode click -suppressors are installed

across each relay coil to reduce clicks
when switching from one mode to another. These devices were discussed in
Question 24.67.

The bias switching circuit is only
basic, as it will vary with different type
recorders. The principal point of operation is that the bias must be completely
off when in the playback position, which
can be accomplished by breaking the
high voltage to the oscillator circuit.

The mixer may be a small roll -away
type, with all operating controls, preamplifiers and recording amplifiers selfcontained.
17.228

Give a basic block diagram
for a magnetic tape to disc record transfer channel.-It is the present day prac-
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lice to record the original sound for disc
records on magnetic tape or film using
three, four, or more sound tracks. After

17.229 Describe a matter magnetic
tape recorder employing a high- and low-

editing, the master tape is transferred
to a master disc record from which

art cf transferring program material

STEREO

from a magnetic tape to a disc record
has advanced to the point where the
commercial disc pressing is no longer
the limiting factor in the relation to
signal-to-noise ratio. The limiting factor is now the source feeding the disc
recorder, rather than the disc itself.

CUTTING REPO

Sources of noise in the reproduction of

stampers and pressings are later made.
STEREO P,JCUP

NAGNETIC

TAPE OR
FILM REPRO

TRANSFER

CAANNEL
RIGHT

level amplifier system.-The state of the

LEFT
RIGHT

IACIRTOR AMPs if MRS

LiS

,NT

Flo.

for

17-228. Bozic components regal ed
magnetic tape or film transfer

a

channel.

The block diagram for such a channel is
given in Fig. 17-228. The equipment

consists of a magnetic tape or film reproducer that feeds the program material into the transfer channel containing
the necessary amplifiers, equalization,
filters, VU meters, monitor amplifiers
and associated equipment. A stereophonic pickup arid external turntable,
recording lathe, and monitor loudspeakers complete the basic equipment. A detailed discussion of transfer channel de-

sign appears in Question 13216. (See
also Questions 18.331 and 18.332.)

Fig.

17-229A. Minnesota Mining and

Manufacturing Co. (3M), Dynatrack professional tape recorder.
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Fig. 17-2298. Recording and playback characteristics used in a 3M Dynatrack tape
recording system. Curve (1), relative departure of "1" and "H" recording characteristics from the NAB standard for 15 ips. Curve (2), relative departure of playback characteristics from the NAB standard for 15 ips.

THE AUDIO CYCLOPEDIA

872

HIGH GAN

RECCRO

INPUT

Fig. 17-229C. Basic principle of operation for 3M Dynotrack tape recorder -reproducer in record position.

magnetic tape recorders may be broken
down into three categories: (1) internal
noise generated in the microphones,
preamplifiers and the mixers used in the

tortion. Weighted curves and networks
are

discussed

in

Questions 5.98 and

17.159.

affecting the dynamic range of the final

The recorder shown in Fig. 17-229A
is a development of Minnesota Mining
and Manufacturing Co., under the direction of John T. Mullin, and employs
a two -section recording system, using
low- and high-level sound track. During playback the two tracks are automatically switched from one to the
other, thereby always selecting the op-

product.

timum track for the lowest distortion

original recording system, over which
the transfer operation has no control;
(2) noise generated within the electronics of the tape recorder -reproducer
used for transfer operations; (3) noise

induced by the tape during recording
and reproduction. All these are factors
Dynamic range in magnetic tape recorders has been improved considerably

over the past years due to Improvements in the electronics, the manufacture of magnetic tape and film, and the
production of disc record pressings. In
the early tape recorders, the dynamic
range was limited to about 45 dB, while
today's professional equipment will
measure a minimum of 55 to 60 dB and
for some designs, 76 to 80 dB, using a
weighted curve with reference to 100 percent modulation for a signal of not
more than 3 percent total harmouic clis-

and greatest signal-to-noise ratio. This
increase in the signal-to-noise ratio has
been accomplished by the use of silicon
transistors and the matching of the

playback head to the preamplifier over
the entire frequency range, and the use
of a two -track system to be described.
However, it should be pointed out, this
increase in dynamic range, aside from
the two tracks and transistor electronics, is achieved by the use of 3-M type
201, 202, or 203 magnetic tape.
Each channel to be recorded (one for

monophonic, two for stereo, and three
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LOW t Val SIGNAL

WITH NOISE

WELL AElOvE NOISE

0

P/B HEAD
L TRACK
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ELECTRONIC
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PLAYBACK

LOW LEVEL =NAL
IN NOISE

H TRACK

UNDISTORTED

NOISE FREE
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0 §-

L TRACK
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Fig. 17-229D. Basic principle of operation for 3M Dynotrack tope recorder -reproducer in playback position lo'. -level track "L".
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H TRACK

SIGNAL FROM
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Fig. 17-229E. Basic principle of operation for 3M Dynotrack tope recorder -reproducer in playback position high-level track "H".
for multichannel stereo) has two tracks
recorded simultaneously in the same
head stack (Fig. 17-229C). One track is
recorded at the Standard NAB record-

equalization and extra high gain, is
much better suited for recording lowlevel signals that might be lost in the
noise. This track is termed the "L" or

ing level. The second track is modulated with the same information, but

cause of the high -frequency equaliza-

low-level track. Because of the higher
recording level of the "I," track, it will
overload more easily at the heavier
modulated signal levels in the high frequencies than will the "H" track. Block
diagrams of the basic principles of recording and playback are given in Figs.

tion in this track, it will go into high -

17-229C to E.

frequency overload considerably below
the 100 -percent modulation indicated by

normally recorded NAB track can handle much higher signal levels before
amplitude distortion is reached. There-

When reproducing signals that might
be lost in the noise, although recorded
at the normal signal level, the "L" track
delivers an undistorted signal well
above the noise level. The basic principle of this system is that the two tracks
are recorded simultaneously with the
same signal at two different levels, but
on playback, behave differently by go-

fore, this track is termed the high or

ing

records the high frequencies at a higher
level (more gain) employing a pre -

equalization curve rising 15 dB from
400 Hz to 15,000 Hz (Fig. 17-229B). Be-

the VU meter. However, when reproducing low-level passages, this track
will be free from noise and distortion
at a level well above the tape noise. The

"H" track. The first track, with its pre 5/8 HEAD

into distortion at different levels.
The system automatically plays back

PREAMP
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0p

EMITTER
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TRIG
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TIME
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TRIG 2

EMT TER
FOLLOWER

NETWORK

NEON 0
LAMP
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PHOTORESIS TOR

PREAMP

EMIT TER
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H TRACK

Fig. 17-229F. Basic playback circuit showing the transistor electronics and triggering
units.
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the optimum track at the proper signal
level at a given instant, with minimum
distortion and background noise at any
instant of playback.

The selection of the proper sound
track during playback is dependent on
an electronic circuit which is fully automatic (Fig. 17-229F). The circuit is so
calibrated that the signals from the "L"
track are reproduced up to a point
where the signal approaches 1 -percent
THD. At this point, the output is taken
from the "H" track, which has a signal
level 15 d13 below the 1 -percent THDpoint output of the signal, which cannot
continue rising until it reaches the normal, or 100 -percent indication on the
VU meter.

The transfer from the "I." to "H"
sound

track takes

200

microseconds.

When the signal level on the "L" track
drops below the 1 -percent THD, the
electronic circuit automatically trans-

fers the signal from "H" to "L" in approximately 10 milliseconds The change

from one track to the other is faster
than the human ear can detect, therefore the transfer is not noticeable during the reproduction. No switching oc-

To equalize the playback levels,

a

post -equalizer is connected in the play-

back circuit of the more heavily recorded "L" track, which compensates
for the higher level at which it was recorded (Fig. 17-229E). Pilot lights on
the control panel indicate which tracks
are being reproduced. The characteristics of this recorder -reproducer are in
accordance with the existing NAB Standards for magnetic tape recording.
To reduce flutter to a minimum, the
transport system is of different design

from that of the conventional tape recorder, inasmuch as the unsupported
tape path is only 3% inches in length,
compared to the conventional transport

system which may vary from a few
inches up to 12 inches (Fig. 17-229G).
Flutter is reduced by creating a difference in the effective diameters of the
capstan so that a smaller -diameter cap-

stan drives the incoming tape, and a
larger -diameter capstan pulls the outgoing tape. The incoming roller A (Fig.
17-229H) is contoured to press the tape
firmly into matching grooves of the
smaller diameter of capstan B. The out-

curs below 400 Hz, where the tape back-

going roller C is shaped to press the
tape firmly against the ridges of the

ground noise is generally low.

larger diameter capstan. The differen-

Fig. 17-229G. Close-up view of 3M Dynatrack tape transport system C.
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300 to

5000 -Hz range is reduced because

of the shortened tape path.
As the tape is dropped onto the
threading slot, it interrupts a light path
to a photocell switch, which readies the
controls for operation. Simultaneously,
the supply and take-up torque motors
are energized and apply sufficient tension to remove slack from the tape path
and protect it from breakage. A second
photocell sensor works in conjunction

with the run -out switch

Fig.

17-22911. Tape transport system

for 3M Dynatrack tape recorder.

tial capstan diameter is constantly trying to extract more tape than is being
fed into the loop, and develops the nec-

to perform

whatever switching function has been
preselected to occur at the end of the
reel. Depending on the presetting of the
switching, the transport will allow normal tape run -out, rewind, stop, or start
of another tape -transport system (second machine).
An interior view of the mechanical
assembly, with the front panel removed,
is pictured in Fig. 17-2291, with a rear

interior view shown in

Fig. 17-229J.

which is kept within safe limits of the
tape elasticity. A hysteresis -synchro-

The electronics are all solid-state. Specifications for the recorder arc: Frequency range at 15 ips, plus -minus 1
dB 40 to 15 kHz; plus minus 2 dB 30 to
17 kHz; at 71/2-ips, plus -minus 1 dB 40

nous motor with high damping and

to 12 kHz, plus -minus 2 dB 30 to 15

large fly wheel on the inner end of its
shaft drives the capstan by means of

kHz. Channel separation is 50 dB at 500
Hz. Bias frequency is 120 kHz. Tape
width, normal Y4 or 1/2 inch and 1 inch

essary tape tension for the heads by
means of the slight elasticity of the tape,

an inelastic tensilized polyester belt,

running from a pulley on the capstan
shaft. The capstan also carries a large

available. Signal-to-noise ratio, 80 dB
or greater

(employing

1/2 -inch

tape

fly wheel.

width per channel). Flutter at 15 ips

It is claimed for this type transport
system that the shorter tape path re-

0.5 to 300 Hz, 0.04 percent; 0.5 to 5 kHz,
0.05 percent; at 71/2 ips 0.5 to 300 Hz,
0.07 percent; and 0.5 to 5 kHz, 0.09 per-

duces longitudinal oscillation and elimi-

nates the need for tape guide posts.
Flutter components in the 0.5 to 300 -Hz

range, scrape flutter, and flutter in the

Fig. 17-2291. Interior view of 3M Dynatrack tape recorder with front panel
removed.

cent. Rewind time, 2400 feet in 60 seconds. Timing accuracy, 0.10 percent.
17.230 Describe a continuous tope
cartridge.-Continuous tape cartridges

Fig.

17-229.1. Rear interior view of 3M
Dynatrack tape recorder.

876

THE AUDIO CYCLOPEDIA
127

020

020

PLAYNACA ICAO
101

022

0097

-0317-1.
244

Fig. 17-230A. Sound track placement dimensions For Lear -Jet Corp. (Stereo Div.)
eight -track stereophonic automobile tape reproducer.

are used in both home and commercial
tape recorders employing a tape en-

A series of rollers and guides align
the tape when the cartridge is pushed
into the transport system, which automatically turns on the motor, and aligns
the tape with the head. In operation, the
left head -gap (Fig. 17-230A) scans
track 1, and the right head track 5. At

closed in a metal or plastic container.
The cartridge is placed m n transport
system which pulls the tape out of the
cartridge, passes it over the reproducing head, and feeds it back into the
cartridge much in the same manner as
the loop box described in Question

the end of these tracks is placed a piece
of sensing tape which causes a solenoid
to rotate a cam ratchet to move the head

17.208.

to the right about 0.030 inch for scan-

As a rule for the home use, the tape
is designed for monophonic or stereophonic reproduction, using two or four

ning tracks 2 and 6. At the end of these
tracks and the succeeding tracks, a
sensing tape causes the head to move
again to the right. At the end of
tracks 4 and 8, the heads are returned
to tracks 1 and 5. This action continues
until the transport system is turned oft
The flutter is approximately 0.20 per-

sound tracks, as described elsewhere in
this section. However, a continuous unit
has been developed by Lear -Jet Corp.,
Stereo -Div., under the direction of
William Brown, for use in automobiles.

This unit uses eight sound tracks on a
single 1A -inch tape, for stereophonic reproduction, at linear speeds of 311 ips.
The dimensions for the track placement
are given in 17-230A. Each track is 0.022

cent.

inch in width, with guard spacing of

sponse is the NAB Standard, for tape at
ips. An acoustic response made

Loudspeakers in an automobile arc
placed in the side doors to the right and

left of the driver. The frequency re-

0.0097 inch. The program material is recorded on a 1 -mil backing imbedded

using a sound level meter is given in

taken with the micro-

with a special lubricant. Up to 400 ft of

Fig. 17-2.308,

tape may be used, supplying 80 minutes

phone of a sound level meter, placed at
the position of the driver's head.

of program material.
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17.230C. NAB Standard head placement for monophonic two -track head
placement.

configuration for monophonic recording

this type of recording; therefore, a basic
knowledge of video recording is desirable. As it is beyond the scope of this

and reproduction will consist of two
sound tracks. one for the program material and the other for a cue track. The
cue track consists of a 1000 -Hz tone.
plus -minus 75 Hz, termed the primary
cue tone A secondary tone of 150 Hz,
plus -minus 30 Hz, is a cue tone at the

work to attempt to describe in detail
such equipment, the discussion will be
confined to the very basic concepts.
Magnetic video-tape recording uses
many of the principles of magnetic recording discussed throughout this section. Basically, a studio type video re-

end of the program material. A third
tone termed a tertiary tone, 8000 Hz,

corder employs

The NAB Standard, October, 1964.

states that the head and sound track

plus -minus 1000 Hz, is an auxiliary tone

to be used for any other purpose desired. The length of the cue tone is to be
500 milliseconds, plus -minus 250 milliseconds.

The sound track placement dimensions are given in Fig. 17-230C. The upper track recorded by head B is the
program channel, and the lower track is

a magnetic tape 2
inches in width, traveling at linear

speeds of 15 or 71/2 ips. A group of four

magnetic heads, set in a wheel about 2
inches in diameter and 90 degrees apart

contacts the tape and records a series
of separate tracks on the tape as the
tape moves in a linear direction away
from the rotating heads (Fig. 17-231A).
4.1:r

coiaNNEL

the cue tone channel. The upper head
A is the program reproducing head, and

the lower track is the reproducing cue

RIGHT

CHANNEL

channel.

For prerecorded stereophonic repro-

duction, three sound tracks are employed, as given in Fig. 17-230D. The
system consists of two program tracks
and a cue track. The upper track is the

left program channel and the center
track the right program channel, with
the lower track the cue channel.
of

Describe the basic principles
17.231
a video -tope recorder.- -Although

video-tape recording is not actually

a

part of audio engineering, the sound
engineer

is

sometimes involved with

17-230D. NAB Standard head
placement far two -track prerecorded
stereophonic tapes. If a second stereo
Fig.

head is used it is placed 1.250 inches
from the first head.
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Fig. 17-231A. Track placement for magnetic video -rope recorder, using 2 -Inch Cope.

120 degrees of arc, with tape being

face of the tape, during which time the
tape has traveled 15 inches.
Because the tape travels 15 ips, it will

The head assembly rotates at a speed of

240 rps, contacting the tape for about
pulled at a linear speed of 15 ips. This

move 0.02 inch or 20 mils while the

takes t121,) second for 360 degrees and

head describes its arc across the face of

I:, this time to traverse the 2 -inch tape

the tape. Under these conditions, the
bottom end of each track ends 20 mils

(120 degrees), or 1/22,0 second. The head
makes 960 sweeps per second across the

later than the start, resulting in
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17-231B. Basic record mode for o typical magnetic video-tape recorder.
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angle of 0.34 degree. The linear speed
of 15 ips and the heads rotating at 240
rps give an effective head -to -tape velocity of over 1500 inches per second.
The head gaps are 0.10 mil in height.

a 525 -line picture is 37 to 40 dB; for

The width of the track laid down by

and color. A basic diagram for a typical

sound, it is about 55 dB. The bandwidth

required for 525 lines

30 Hz to

is

4

MHz. Video-tape recorders may be de-

signed to record both in monochrome

each head is approximately 10 mils.

video recorder in the record mode is

To achieve the wide frequency response required for video recording,
radio -frequency carrier, frequency

shown in Fig. 17-231B, with the reproduce mode shown in Fig. 17-231C.
Two views of an RCA TR22 studio

modulated by the incoming video signal, is applied to the rotating heads.

video recorder are given in Figs. 17231D and E. Fig. 17-231D shows the pic-

The audio signal is recorded on a 70 -mil

ture monitor and transport system, with
a close-up of the head assembly shown

a

track in the conventional manner along
one edge of the tape. In addition, a control -signal track is recorded on the upper edge of the tape, to assure that the
heads will be in the exact position they

were in the original recording.
The average signal-to-noise ratio for

in Fig. 17-231E. This machine is designed for both monochrome and color
lights indicate the

recording. Signal

various modes of operation and functioning, with an automatic timing circuit which corrects electronically geo-
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Fig. 17-231C. Basic playback mode for a typical magnetic video -tope recorder.
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Fig.

17-231 D

RCA

Model

TR22 video-tape recorder for
both monochrome and color.
This machine uses four rotating
magnetic heads.

metric distortion (wiggly lines on the
vertical or horizontal lines). Two transport speeds are provided -15 and 71/2
ips. A system of electronic splicing is
included, whereby segments of program
material can be added to or inserted in
previously recorded material without
mechanically cutting the tape. Ninety-

using a 1 -inch tape and a spiral transport system. The threading path and the

transport system are shown in Fig. 17231G. To attain a high tape -to -head ratio, a single head is used, set in a drum

and rotated at 3600 rpm. The tape is
wrapped around the rotating drum in

Fig. 17-231F, shows an Ampex Model

an approximate helix of 3 degrees and
moved at a linear speed of 9.6 ips. This
combination of tape speed and rotating
head results in a video recording speed
of about 1000 ips. An audio sound track

VR-7000 portable video-tape recorder,

is recorded on the lower edge of the

six minutes of program material may
be recorded on one 7200 -ft roll of 2 -inch
tape.

Fig. 17-231E Close-up of RCA
transport system and
head assembly.

TR22
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Fig. 17-231F. Ampex Corp. Model VR-7000 video-tape recorder. This machine uses
a 1 -inch tape and a spiral transport system.
1110111

6010(

RI C

ARM
A.55,1

READ

V DRUM

O
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REEL

CAPSTAN

TENSION ASSEMBLY

Fig. 17-231G. Tape -threading path for a spiral type transport system, as viewed
from the front.
CONTROL
TN ACM

f:2'.-; AID!

.905

r

Fig. 17-231H. Scanning pattern for a video-tape recorder using one rotating head
and a spiral type transport system.
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Fig. 17-2311. Ampe Model VR-6608 video-tape recorder. This model uses a single
magnetic head rotating of 3600 rpm.

tape, and a control track on the upper
edge, to assure the proper alignment of
the video head during recording and
playback. The track scanning pattern is

shown in Fig. 17-2311. This machine
uses a 2 -Inch tape, with two rotating
heads and a spiral transport system.
This recorder has considerably wider

shown in Fig. 17-231H. The video band-

bandwidth

width is 30 Hz to 3.5 MHz. A second
portable machine, Model VR-660B, is

proaching a larger studio model (Fig.

and

many

features

ap-

17-231J).

A home -type video recorder, manufactured by Sony, and marketed under
the trade name of Videocorder, is pictured in Fig. 17-213K. This unit also includes

a

9 -inch

television

receiver,

which is used for both monitoring and
playback. A recording time of 60 minutes is afforded, using one-half inch
tape, running at a linear speed of 71/2
ips. This machine uses two rotating
heads and a spiral transport system.
The heads rotate at 1800 rpm with a

scan length of 61/2 inches. One head is

used for recording, and two for play-

17-2311. Ampex Corp. Model VR1200 video-tape recorder. This machine
uses four rotating heads and records
both monochrome and color.
Fig.

back. Provision is also made for an external camera,
/7.232 What is a magnetic disc
video recorded-In construction, a magnetic video disc recorder appears somewhat like the conventional turntable for
disc records. Machines of this type are
employed in television broadcasting for
instant playback of sporting events.
The technique used for recording
video signals on a disc is one that has
been used in the computer industry for
some time. The recording medium consists of a 12 -inch magnetically coated
disc, rotating at 1800 rpm. The magnetic
recording head is carried in a straight

MAGNETIC RECORDING
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Fig. 17-231K. Sony Videocorder designed for home use. This machine uses a spiral
tope transport system with two rotating heads.

line by a lead screw driven from the
disc by a worm drive system. The worm

drive has a ratio of 10 to 1; therefore,
the lead screw rotates at 3 rps or 10
television frames per second. The track
width is 0.004 inch with a guard band of
0.001 luck. Sufficient head travel is pro -

vided for a continuous recording of 20
seconds, or 3 inches. The direction of
head travel is from outside to Inside.
For stop -action recording, an additional
record -playback channel is used with
a continuous circular track on the underside of the disc.
A second machine employs two 16 inch discs rotating at 60 cps, and recording 60 fields per second (two fields

equal one frame). The individual fields
recorded on tracks 7.5 mils in
width, with a 2.5 -mil guard band, while
the recording head remains stationary.
Four head assemblies are required for
recording on both the upper and lower
surfaces of the discs. The recording sequence is such that when head A completes a single field, head B begins reare

cording the next field, and head A
moves forward. When head B has completed its field, head C records, then

head D, then back again to head A.
Thus,

each

head

records

successive

fields in sequence. Heads A and C record the odd numbered fields and B and
the even numbered. The heads are
moved into position by a stepping motor
attached to the head by a steel band. A
rather elaborate control system enables

.e

the operator to record 30 seconds of
play, and replay within 4 seconds at
normal speed or variable slow motion.
17-233A.
Mognosync - Moriola
Model TR-1510 24 -hour recorder -reproducer. This machine runs
ips using
1/2 -inch magnetic tape.
Fig.

1

17.233 Describe
a
multichannel
slow speed communications recorder-re-

producer.-The Model TR-1510, 10i-ha:mil record -reproduce magnetic-
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tape system, manufactured by Magnasync-Moviola Corp., is shown in Fig.
17-233A, with its block diagram given
in Fig. 17-233B. This system has been
especially designed to provide monitoring, recording, and reproduction on a

24 -hour basis and is widely used in
communication centers, aircraft bases,
and in certain types of broadcasts,
where a wide -frequency band is not a
requirement. Recording, reproducing,

and monitor amplifiers are solid-state

oX
a^

a
0

a

111111111j

1

1 1111111:.'
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Fig. 17-2336. Block diagram for Magnosync-Moviolo Corp. Model TR-1510 recorder reproducer.
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plug-in design, as are the power supplies and magnetic heads. Monitoring
may be either by headphone or loudspeaker, and any one of the 10 channels

(or a combination of two) is available.
A rotary switch permits monitoring of
the incoming signal, or the recorded
signal approximately 2 seconds later.
An

base, 4800 -foot reel of 1/2 -

inch magnetic tape, running at 1 inch
per sec, will permit 16 hours of continuous record or playback time. A
unique feature assures continuous operation in that it contains two identical
transports. A control tone (below voice
level) is recorded simultaneously with
the program material. if this tone is
not picked up by the reproduce head, it
automatically switches on the second
standby transport and its power. This
function also occurs when the reel nears
the end of the tape.
Specifications are: Input impedance
5000 ohms designed to bridge a 600 -ohm

line. Input level is -15 to plus 20dBm

885

partially or completely by high-level
sounds in the same frequency range.
Thus, subjective signal-to-noise ratios
in magnetic recording are better than

would be indicated by an analysis of
the playback waveforms. Tape noise
depends on, and increases with, the instantaneous amplitude of the signal and

effect termed "modulation noise."

an

Based on the masking effect, electronic

devices have been developed for increasing the signal-to-noise ratio. One
such system developed by R. M. Dolby,
of the Dolby Laboratories, England, will
be discussed.

By utilizing the masking principle
together with signal compression and
expansion, the Dolby audio noise reduction system achieves noise reduction

by boosting the low-level signal components during recording, whenever
possible, by compression. This is followed by complementary attenuation
during playback, using expansion. The
masking effect is introduced whenever

mum. Start and stop time delay is max-

the signal level is so high that compression and expansion are impracticable.
Since masking is less effective with
noise frequencies somewhat removed
from the signal frequency, it is necessary to deal with the various portions of
the spectrum independently. Such a
system will then yield a lower apparent
constant-nnise level, with the hushhush and swish of the conventional

imum 1 sec from stop to operating

compressor eliminated.

(continuously variable record level
control on each channel). Dynamic

range is 30 dB minimum. Cross talk is
-25 dB minimum. Signal-to-noise ratio
is 25 dB minimum. Frequency response
is
3 dB from 300 to 2500 Hz for record -reproduce cycle. THD is 4 -percent

rms maximum. Bias frequency is 38
kHz. Flutter is 1 -percent rms maxispeed, and 1 second operation to stop.
17.234 Describe a simple device for

marking good takes while looping.-A
simple marking device may be constructed by using a 500 -Hz high -frequency battery -operated buzzer, and a
600/600 repeat coil. A 10,000 -ohm resistor is connected in series with the output of the repeat coil to provide a high impedance output. The output may be

connected across the bridging bus or
any other convenient position in the
system. When the system is up to speed,
a single tone is recorded ahead of each

+0

ex

BATT

SOON.
BUZZER

OUTPUT

17-234. Marking device for indicating a good take while looping.

Fig.

Describe a method of increasing the signal-to-noise ratio by sep-

The Dolby system splits the spectrum
into four bands and compresses and expands each of these in an essentially independent manner. Separate bands are
provided in the region of hum and
rumble, miclfrequency, medium -high
frequency, and high frequencies. Thus,

arating the audio spectrum into bands,
in combination with compression.-Because of the masking effect in human
hearing, low-level sounds are masked

a high-level signal in one band cannot
prevent noise reduction in a band in
which the signal level may be low. The
system produces a recording equaliza-

take. If the take is good, two tones are
recorded at the end of the take for editorial purposes in locating selected
takes.
17.235
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lion characteristic which continuously
conforms itself to the incoming signal
in such a manner as to optimize the
signal-to-noise ratio during playback.
The principal use of this instrument
has been in magnetic recording to re-

Referring to the basic block diagram

(Fig. 17-235A), in the first two bands
the noise reduction is 10 dB, while in
the upper frequencies the noise reduction is 10 to 15 dB. Compression is

achieved by raising the low-level signals and not by attenuating the high-

move objectionable tape hiss; however,
it is adaptable to any type recording
system. The system is designed to have
exactly 10 -dB noise reduction. Thus,
when used with a system of, say 60 dB
signal-to-noise ratio, the ratio on play-

level signals. The graph in Fig. 17-235B
gives the characteristics for a conventional compressor where an input signal

of 60 dB is compressed to 40 dB. Fig.
17-235C shows the Dolby system where
the high -frequency signals are not corn -

back is increased to 70 dB. As reproducing levels are sometimes held down
because of the tape hiss, this method of
recording permits the playback level to
be increased
without objectionable
background hiss. Another advantage is
that the original program material may
be recorded at a lower level because of

pressed, and pass through the device
unaltered in any manner.
Matching of the playback characteristics to that of the recording is accomby connecting identical networks with those used in the recording
circuits in the negative -feedback loop
of the amplifier system. In this manner,
steady-state and transient effects are

plished

the additional gain of 10 dB signal-tonoise ratio on playback.
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17-235A Block diagram for Dolby Laboratories (England) Model A301 audio
background noise suppressor.
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Fig. 17-2356. C

'anal compressor characteristics.

automatically taken into account and
the output signal becomes identical to
the input signal. The use of separate

record and playback level

bands is principally responsible for the
elimination of hush-hush effects of
compression, along with a special control signal, rectifying, and filtering
techniques. By this method, low distortion with a 1 -millisecond rise time is
achieved. The compressor operation is
fast enough that it is not heard by the

claimed for this system that program

ear during playback, even when the

does

not

perceptible difference in the
frequency response or dynamics. It is
cause

a

material may be rerecorded repeatedly

with no accumulated degeneration of
the signal beyond that induced by the
amplifier systems, which are on the or-

der of 0.1 percent THD at their peak
operating levels. The system may be
used for both monophonic and stereophonic recording.

peak amplitude to

The instrument requires 99 silicon

Because of the compression characteristic, interchangeability of tapes and
noise reduction units is permissible. An

transistors and 163 diode rectifiers and
is mechanically constructed using modular techniques. Its external appearance
is pictured in Fig. 17-235D. Specifications are: Frequency range 30 to 20,000

signal is keyed from
off.

error of 3 dB in the matching of the
6
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Fig. 17-235C. Dolby audio noise reduction system.
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Hz plus -minus 1 dB, with a THD of 0.2

speaking, such tape has coercivities

percent at an output level of plus 18

ranging from 360 to 530 oersteds with a
residual flux density up to 1600 gauss,
with low noise and print -through characteristics.
The coating thickness is on the order
of 80 to 250 microinches, with about 200
microinches being employed for audio frequency recording. Such tape has extremely better signal-to-noise ratio and
response to short wavelengths at lower

dBm. Noise reduction is 10 dB from 20

Hz, rising to 15 dB at 15,000 Hz. Unweighted internal noise is better than
80 dB below operating peak. Input impedance is 10,000 ohms bridging or 600
ohms matching. The reader is referred
to the reference.
/7.236 Describe the basic characteristics of chromium dioxide magnetic

tape.-Such magnetic tape coating s a
development of Photo Products Department of E. I. du Pont de Nemours Co.,

and marketed under the trade name
Cryfon. Chromium dioxide is an in-

vented synthesis derived from chromium trioxide. It was developed by Dr.

P. A. Arthur, Jr., of du Pont's central
research department several years ago
for the purpose of replacing the conventional iron oxide generally employed. The coating is manufactured by

decomposing chromium trioxide in the
presence of water at a temperature of
900'F under a pressure of 30,000 psi.
(US patent : 956,955.)

The coatin:

is

synthesized in the

form of acicular, single -domain particles which can be varied from 4 to 400
microinches in length, having an aspect
ratio of 10:1. Its coercivity can be varied from 25 to 700 oersteds, with a saturation flux density of 6100 gauss and a

Curie point of 126'C. At the present
time, the use of this tape has been confined to video recording and computer
usage, although it can also he used for
audio -frequency recording. Generally

speeds than that usually employed for
a given type of recording. (See Questions 17.28 to 1730.)
17.237

What

type

magnetic

test

films are arailable?-Many of the magnetic test films are similar to those used

for testing optical sound reproducers.
Such films may be obtained from the
SMPTE. (Sec Question 19.61.)
17.2311

What is a pick-up magnetic

film recorder?-It is a 16 -mm or 35 -mm
magnetic -film recorder used in motion
picture studios for rerecording. The
term "pick-up recorder" implies that the

master recorder may be stopped or
started at will any time during the rerecording sequence. Insertions and deletions may be made as might be necessary for the final composite master

sound track. The master recorder and
reproducers along with the projector
must be interlocked for absolute synchronization.

Included in the system is a control
panel which permits the operator to
erase. record, and reproduce in synchronization backward or forward. In
this instance, the recorder is equipped

Fig. 17-235D. Front panel appearance of Model A301 audio background noise suppressor manufactured by Dolby Laboratories, England.
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with an erasure and combination re-

The injection of the erase or record-

ing bias current has no effect in the

cord -reproduce head.

Such recorders must be capable of
running in reverse synchronization. In
a well -designed system, no clicks or
pops are induced in the sound track
when reversing, stopping, or starting.

picking -up process. Such machines are

quite convenient for recording post synchronization

foreign

dialogue,

as

they are equipped with remote control
for use by the dialogue director. Pictured in Fig. 17-238 is a Model PIC-3

pick-up recorder designed for studio
use by Amega. (See Questions 17.224
to 17239.)
77.239

Describe the basic principles

of electronic video recording IEVRI.-It
is a prerecorded television motion picture program system, developed by Dr.
Peter Goldmark of CBS Laboratories,
that employs motion picture film in a
unusual manner. The film to be reproduced is contained within a cartridge
similar to magnetic tape, in conjunction
with an electronic reproducing system.
The device is connected directly to the
antenna terminals of a standard television receiver. The film is 8 millimeters
in width, with two picture frames side by -side (containing separate program
material), each with its own magnetic
sound track. No sprocket holes are used

in the film base, the film being pulled
by a pinch roller and capstan at a linear
speed of 6 ips. Playing time is 26 minutes per picture strip. Controls are pro-

vided for starting and stopping, stop
Fig. 17-238. Amego Model PIC-3 pickup 16/35 -mm recorder -reproducer.

motion for viewing a single frame, and
for selecting picture A or B.
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Section 18

Optical Film Recording
As early as 1881, an article appeared in the Scientific American describing the
experiment in which Dr. Alexander Graham Bell transmitted sound over a modulated beam of light. By using a selenium cell, he converted the light to electrical
energy. This achievement stimulated research, which in later years, was to result
in photographic sound recording for motion pictures. However, it was not until
after World War I that a concentrated effort was made to make optical film recording a reality, and many organizations and researchers became involved. Among
them were, Thomas A. Edison, Lee DeForest, Theodore Case, E. C. Wente, E. W.
Kellogg, J. Crabtree, G. L. Dimmick, E. I. Sponable, Frayne and Scoville, and many
others.

While magnetic recording predominates in motion picture production recording
and rerecording, the optical sound track is still widely used for release printing.
With the development of new type sound recording emulsions and methods of
processing film, great strides have been made in the sound quality obtained from
optical sound prints. This section discusses many different types of optical sound
recording equipment, with their associated components such as, galvanometers,
light valves, film loss equalization, noise reduction, compression and limiting, density control, cross -modulation testing, the appearance of different types of sound
track both old and new, frequency response, intermodulation testing, Standards of
the industry, and other pertinent information pertaining to the art of photographic
film recording.
Several early methods of recording and their equipment have been included for
reference purposes and historical interest. Standards given are those in present
usage; however, several are at present under review and may be changed in the
near future.

18.1

18.3 What is a striotion?-A term
used to identify the modulations of a

What is a variable -area record-

ing?-A photographic sound track in
which the exposure is held constant

variable -density sound track.
18.4
What is an Aeo Light record-

while the area of the exposure is varied.

ing?-A variable -density sound track

This type sound track is used by both
RCA and Westrex, although it is accomplished iu a different manner. The
Westrex Corp. uses a light valve, while
RCA uses a galvanometer. A typical
variable -area sound track is shown at
(a) in Fig. 18-29.
18.2

made by means of a glow tube and used
in the original Fox -Case Movietone

camera in the early days of sound motion pictures. This system of recording
is now obsolete. The outline of a typical
Aeo Light tube is shown in Figs. 18-4A
and B. (See Question 18.204.)
18.3
Describe a single system mean:IGO-A motion picture film record-

What is a variable -density re-

eording?-A photographic sound track
in which the area of exposure is held
constant and the density of exposure is
varied. This type sound track is used by
Westrex. A typical variable -density op-

ing system in which the picture and

tical sound track is shown at (1) in

systems

Fig. 18-29.

cameras. The chief disadvantage of this

sound track are both exposed simultaneously on the same film base. Such

891

are

often

used

in newsreel
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SPROCKET

Fig. 18-4A. Bell and Howell single system camera (1928; fitted with Case Aeo light,
for Fox Morielone Newsreel recording. This was one of the original methods of recording sound on photographic film. (Courtesy, Journal of the SMPTE)
system is that the sound track is de-

veloped with the picture and little latitude is available for proper control of

KATE

0.TE

the sound -track density. Newsreel cameras

use both the variable -area and

variable -density systems of recording.
Modern newsreel cameras employ magnetic recording equipment. The sound
track is recorded on a magnetic stripe,
film. (See Question 17.181.)
18.6 What is a double recording sys-

foni?-A motion picture film recording
system in which the sound track is recorded on a separate film in a sound
camera or recorder The camera and

sound recorder are driven by a synchronous motor system. This method of

operation allows a greater latitude in
editing and cutting the picture. A special sound -positive recording emulsion

Fig. 18-48. A Case Aeo Light recording
lamp (1928) used in the Fox -Case recording

system.

(Courtesy,

Journal

of

the SMPTE)

is used on the film in the sound recorder and is developed in a special
developing solution separate from the
picture. Although the sound recording
stock is called sound positive, it exposes
as a negative; that is, when developed

objective lens system. Before the ad-

vent of the modern fine-grain emulsions, ultraviolet light was used to ob-

Question

tain greater resolution of the photographic image with less background
noise from the film. Ultraviolet light

What type light is used for exposing optical sound trockt-Both white

exposes the lower layer of the emulsion
and reduces halation caused by white
light. Many recording activities still use

and ultraviolet light are used. Origi-

ultraviolet light. For ultraviolet record-

nally, recorders used only white light.
However, it was found that by using an
ultraviolet filter in the optical train, the

ing, an additional I -ampere of exposure

the

image

is

black.

(See

18.135.)

18.7

definition of the sound track .vas
greatly improved.
18.8 How is ultraviolet light used

with photographic film recording? -An

ultraviolet (UV) filter is placed in the
recording optical train just before the

lamp current is required.
18.9 Describe a sound head.-A
sound head is the section of a motion
picture projection machine that houses
the phototube and magnetic sound reproducing components. Before the advent of magnetic recording, this name
also

applied

to

studio

reproducing
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Generally, the machines
consisted of a motion -picture projector
transport system and a sound head similar to a projection machine, but withequipment.

0

out the lamphouse and picture head.

AA

Such machines were also referred to as

C

dummies,

meaning

that

they

were
00

dummy projection machines that contained only the sound head portion. As
a result of the advent of magnetic recording, studio reproducing equipment
is now installed in steel cabinets and is
referred to as reproducers.
The modern studio reproducer consists of a transport system, magnetic
head, and if it is of the mag-optical
type, a phototube and exciter lamp are
included for reproducing photographic
sound tracks. In addition, a motor -driving system and automatic rewinds are
included. When the machines are used

KNIFE

(OBEs FOR

VIBRATING
PORTION

CLAMPED
SECTION

A

MIRROR
SADO- E

for rerecording purposes, they are fitted
with selsyn interlock motors which are

Fig.

driven from a selsyn interlock distrib-

Model Mr10751 manufactured by RCA
and used in their photographic film re-

utor system, described in Question 3.49.
Typical studio rerecording equipment is

18-12A.

Recording

galvanometer

corders. (Courtesy, Radio Corp. of America, and Journal of the SMPTE)

shown in Figs. 17-178A to E, and 17208E.

18.10 What is a film phonographlIt was a name originated by RCA for
their original photographic film recording machines that were also used for

supply the magnetic field.
for the upper end of the armature AA
to vibrate in is left hetween the upper
pole pieces. The top edge of the arma-

reproducers. Now obsolete.

ture is ground to a knifelike edge, as

What is o recording golvonometerT-rt is a light modulator used
by RCA and other companies for recording photographic sound track.
18.12 Describe the construction of
a
recording galvanometer.-A front
view of a variable -area recording galvanometer-developed by G. L. Dim muck of RCA, and used in their photographic film recorders -is shown in Fig.
18-12A. The movement consists of an
iron -nickel alloy armature A, clamped

shown in the insert in Fig. 18-12A. The
knife edge mates with a mirror saddle

16.71

E, which supports a 0.10 -inch square
front -surfaced mirror F. The saddle is

between two nonmagnetic shims B and
BB, and held in place by pole pieces C
and CC. Two Alinco magnets D arid DD

Fig. 18-12B. Internal connections for a
single -coil type galvanometer.

MI- 10717A
GALVANOMETER

r

1

4.0c

L
INPUT

RECORDING

_

AMPLIFIER

NOISE REDUCTION
AMPLIFIER (NRA)

Fig. 18-12C. Connections for a recording and noise -reduction amplifier (NRA) to
single -coil galvanometer.
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Fig. 18-12D. Second and third harmonic distortion for RCA recording galvanometers.
held in place by a phosphor -bronze
bridge assembly G and GG. A tungsten -

loaded neoprene line H is attached to

the saddle plate, with the other end
free. As the mirror is rotated by the
audio signal, the neoprene line is deflected in torsion. At frequencies between 5000 and 10,000 Hz, a considerable

amount of the energy

signal. The noise -reduction current is
applied to the complete coil. The design
is such that the use of an impedance matching transformer is not required

between the output of the recording
amplifier and the galvanometer. A resistor in the amplifier builds out the
impedance. A 10-µF capacitor is conseries with the modulating
coil to prevent the de bias current from

transmitted
through the line and when reaching the

nected in

end, is reflected back toward the mirror, but is dissipated before reaching
the mirror. Neoprene rather than conventional rubber is used for the damping line because it has a higher coeffi-

the noise reduction amplifier (NBA)

is

cient of damping and is less affected by
temperature changes. It is loaded with
finely powdered tungsten which is
heavy and inert.

from entering the output circuit of the
recording amplifier. The circuit for the
modulating coil in Fig. 18-12B shows
the tap for the audio signal. A capacitor
and resistor in series are connected

across the whole winding to partially
neutralize the inductance of the modu-

lating coil in the frequency range of

The modulating coil I consists of a
single winding, with a tap for the audio
MIRROR

TUNGSTEN
LOADED RUBBER

1

AUDIO

ARNATuRE

BIAS

Fig.

18-12E. Internal connections for a
two -coil galvanometer.

Fig. 18-12F. Top end view of the armature IR an RCA recording galvanometer
showing the damping assembly attached
to

the side of the armature.
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3000 Hz. The basic circuit for driving
the galvanometer and applying noise reduction bias current is given in Fig.
18-12C.

The operation of a galvanometer is
now explained. With the armature at

895

tion. Even -order distortion (second
harmonic) is held down by the me-

chanical balance of the magnetic structure and damping, and also by the use

of push-pull circuitry in the recording

brate between the pole pieces in ac-

amplifier. Second -harmonic distortion
for any frequency between 100 and 6000
Hz never exceeds 0.6 percent; harmonic
distortion never exceeds 0.2 percent.
With the total harmonic distortion
(THD) of not more than 2.5 percent, the
average drivmg power required for 100 percent modulation is approximately

with the audio -frequency
currents, because of the reaction of the
armature to the fixed magnetic field.

plus 24 to 28 dl3m, depending on thc
type of galvanometer used.
In the two -coal galvanometer (Fig.

Since the armature is clamped at its
lower end and can only vibrate at the
upper end, the knife edge transmits a
rotary motion to the mirror saddle,

similar to the single -coil type, except
that separate coils (A and B) are used
for the audio current and bias current.

rest and

accurately

centered in the

magnetic field, the mirror is held at a
right angle to the armature by the saddle and bridge assembly Application of
an audio -frequency current to the modulating coil causes the armature to vicordance

which causes the mirror to be deflected
in a direction opposite to the armature
motion. With a sine wave applied to the

coil, the armature will have equal displacement from side to side. Thus, light

falling on the mirror surface as it vibrates is displaced in a like manner and

is proportional to the amplitude of the
applied signal. By means of the mechanical and electrical damping, a fairly
uniform frequency characteristic is
obtained.

During periods of low or no moduthe noise -reduction current
through the coil deflects the armature
to one side, causing the mirror to be
deflected to a previously determined
point. This permits a small amount of

lation,

18-12E), the general construction

is

In addition, mechanical damping is applied to the upper portion of the armature by means of a U-shaped phosphor bronze clamp and two tungsten -loaded
rubber dampers, centered one to each
side of the armature (Fig. 18-12F).
At the lower frequencies, the whole
damping assembly vibrates with the
armature and is ineffective. As the
higher frequencies are approached, be-

cause of the inertia of the clamp, the
damping assembly tends to stand still;
however, the armature continues to vibrate the clomp, compressing the tungsten -loaded damping pads and reducing

the resonant peak at 9000 Hz. Without
the damping device, the resonant peak
is about 12 dB, and with damping it is

exposure light to reach the film and

reduced roughly 3 dB. To further re-

creates the hies lines discussed in Question 18.79 and illustrated in Fig. 18-290.

duce the peak and smooth out the characteristic, a capacitor of 0.028 to 0.038
aF is connected across thc bias -current

A galvanometer biased by a noise -reduction amplifier is termed a biased
galvanometer.

A typical frequency -response characteristic is given in Fig. 18-13. It will
be noted that the response is within
plus or minus 1 dB with reference to
1000 Hz, ranging from 30 to 9000 Hz, and

down approximately 5 dB at 10,000 Hz.

It should be remembered that motion
picture photographic recording rarely

coil (Fig. 18-12E), to neutralize thc inductive reactance of the modulation
coil.
Each galvanometer is individually
tested and a value of capacitance is
selected that will result in the smoothest response to frequency. The frequency characteristic for the two -coil
galvanometer is similar to that of the

single -coil type.

exceeds 8000 Hz. Typical harmonic dis-

Different type sound tracks may be

tortion characteristics are given in Fig.
18-12D, plotted percent distortion versus second and third barmonic distortion, for 100 -percent modulation of the
galvanometer. It will be noted that the
third harmonic (the most important
one) has less than 0.5 -percent distor-

recorded using the same galvanometer.

All that is required is to change the
image mask in the optical train to produce the desired image. (Sce Question
18.77.) Galvanometers used in the first
variable -area recording systems were
called vibrators, and were designed
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TYPICAL REOUENCY CHARACTERISTICS FOR RCA GALVANOMETERS.
(COURTESY. RADIO CORPORATION OF AMERICA AND THE JOURNAL OF THE SMPTE.)

Fig. 18-13. Typice frequency characteristics for RCA galvanometers. (Courtesy,
Radio Corporation of America, and Journal of the SMPTE)
light -modulating

similar to the Dudell oscillograph shown
in Fig. 22-75.
18.13 What are the frequency characteristics for the galvanometers in
Question
18.12?-Typical frequency
characteristics for both single and twocell types are given in Fig. 18-13. The
frequency characteristic is quite umform, and there is only a plus or minus
variation of 1 dB between 30 and 9000

Fig.

Hz. Since optical film recording rarely
exceeds 8000 Hz, this is quite satisfac-

mal recording range. The center portions of the ribbons are held at a fixed

tory.

distance of 1 mil by a bridge E, forming

Describe a light valve.-It is
a light modulator, invented by E. C.
Wentc of the Bell Telephone Labora-

a slit 1 mil in height.
The whole assembly is mounted at

18.14

tories in 1922, nsed for recording sound
on photographic film. Snch devices may

be used for recording both variable-

18-15A.

The

mechanism consists of two Duralumin
ribbons A, approximately 6 mils wide
by 1 mil thick. The loop end is wrapped
around a grooved button B, and tension
is applied by spring C. The free ends of
the ribbons are attached to a small
windlass 1), which is used to apply ten sion to the ribbons and enable them to
he tuned to a frequency above the nor -

right angles to and in a strong magnetic
field supplied by an electromagnet. Be hind and in line with the slit formed by

area and variable -density sound tracks.

the spacing of the ribbons is mounted
an exciter lamp and optical system for

Light valves are used by Westrex in

exposing the sound track on the moving

their photographic film recorders.
18.15 Describe the construction of

film. Althongh light valves are generally employed for recording variable -

a light valve.-The construction of an

density sound tracks, they may also be
used for recording variable -area sound
tracks with special considerations. An

early

model

Western

Electric

(now

Westrex Corp.) light valve is shown in

A

C

0

Fig.

113-15A. An early model (1930) Western Electric light valve for recording
variable -density sound tracks.
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PERMANENT CA
ELECTROMAGNETIC
FIELD COIL

FILM
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VALVE

RECORDING
SPROCRET

OPTICAL
CENTER

LIGHT VALVE
RIBBONS
EXCITER
LAMP

OBJECTIVE
LENS

SCANNING
BEAM

Fig. 18-15B. The basic principles of a film recorder using o light valve.
elementary light valve and optical sys-

cording either 16 -mm or 35 -mm sound

tem schematic diagram for variable density sound recording is shown in

tracks, the only difference being the

Fig. 18-15B.

The basic concept of a light valve is
that of a device having an air gap in a
magnetic circuit in which one or more
ribbons are mounted under tension. A
signal (audio frequency) applied to the

ribbons will move the ribbons in accordance with the theory of a conductor
carrying current in a magnetic field.
The movement of the ribbons causes the
light -slit formed by the separation between adjacent ribbons to vary in height
(zero to 1 mil) thereby permitting more

or less light from the exciter light to
fall on the moving film. Thus, a light

dimensions of the masks which provide
the proper slit width.

The Westrex Corp. light valve has
been designed to have a low circuit re-

sistance and an air gap of high flux
density. This combination produces a
circuit "Q" of 2.0, with a resulting resonant peak of about plus 5 dB at the resonant frequency with reference to 1000
Hz. A low circuit resistance is obtained
by shunting each ribbon with a resistor

approximately equal to the ribbon resistance.

The high flux density is obtained by
designing the light valve so that it may
be magnetized as a complete assembly

valve may be considered to be a light modulating device.
The ribbons in the light valve are so

and by the use of

polarized with respect to the external

strongly bound together by the force
of the magnetic section. While in this
condition, the unit cannot be adjusted
until it is removed from service and

magnetic field, that their reaction in the
magnetic field causes tbem to open and
close, depending on the instantaneous
polarity of the applied audio -frequency
signal voltage. Thus, in this manner the

amount of light falling on the film

is

controlled, causing the density of exposure to be varied_ Hence, the term
"variable density."
The

appearance

of

the

recorded

sound track is similar to that shown at
(1) in Fig. 18-29.

Modern designed light valves employ
ribbons operating on the foregoing prin-

ciple; however, they now use permanent magnets rather than the electromagnet used in early model recorders
as shown in Fig. 18-15B.
A Westrex Corp. two -ribbon permanent -magnet type light valve is shown
in Fig. 18-15C. It records a single variable -density should track similar to
that seen in (I) in Fig. 18-29.
The light valves may be used for re-

special materials.
When magnetized, a light valve is ready
for use with three major sections

demagnetized. Magnetizing the assembly as a whole reduces the losses which

occur when a portion of the magnetic
circuit is broken. The special materials
used are: Alnico V for the permanent
magnets, and Perrnendur for the pole
pieces. Alnico V permits a high magnetomotive force to be secured for the
magnetic circuit, while the Permendur
pole pieces permit high flux saturation.
When demagnetized, the light valve separates into three major pieces: the mag-

netic section (Alnico V), the cap pole
piece, and base pole -piece assemblies.

The details of the construction may
be seen by referring to Fig. 18-15C. The
magnet section A is cut away on the inside to provide proper space for the two
pole piece assemblies. The cap pole
piece M contains a glass cover P and a

mask Q. Two mask lengths arc avail-
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able. These are: 0212 inch, for 35 -mm
film recording; and 0.176 inch, for

ribbon clamp carriages J used to clamp,
space, and stretch the ribbons C, ribbon

16 -mm film recording.
The base pole piece N is most clearly

shunts F, and the other pole pieces.

showu in the view without the cap pole
piece. In this view may be seen the

Attention is called to the cover glass S
in the base pole piece section, which is
shown as having an appreciable thick-
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Fig

18-1 SC. The Westren Corp. two -ribbon light valve used for recording single
variable -density sound frocks.
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ness. This provides the light valve with
the same glass path as a light valve
used for recording push-pull sound
tracks (to be described later in this

pieces B. Spacing screws I are used to
properly center and space the ribbons.

Tension is applied to each ribbon by
means of a tuning screw G until reso-

Light valves ready for use contain

nance is obtained at 8500 Hz. The resulting slit formed by the parallel edges
of the ribbons spaced 1 mil apart provides a light slit which is limited in

two short sections of Duralumin ribbons

length by the mask Q. As previously

approximately 0.50 mil thick by 6 mils
wide, mounted in the base pole -piece
assembly by means of four clamping

mentioned, the mask is available in two
lengths, 0.212 inch for 35 -mm sound
tracks and 0.176 inch for 16 -mm sound

question), thereby eliminating the need
for refocusing each time the light valves
are interchanged in a recorder.
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THE AUDIO CYCLOPEDIA

900

tracks. Item 0 is one of two threaded
release holes on each end which are
used to separate the tight fitting pieces
after the light valve has been demagnetized.

When assembling the light valve, the

three major pieces are aligned by the
snug fit of the end pieces aided by
single dowel pins in each piece which
fit into holes in the magnetic section.
Because of the rise in frequency response at the resonant frequency of the
ribbons, a special equalizer is used to
attenuate the rise and provide a flat
frequency response. The recording circuit connections called a Simplex circuit, are shown in Fig. 18-19.

The term "mask" used throughout
the foregoing discussion should not be
confused with the term "mask"

in

Question 18.77, used with variable -area

film recording galvanometers, as they
serve two different purposes.
Specifications for a typical two -ribbon light valve are: Resistance (includ-

recording push-pull,

variable -density

sound tracks is shown in Fig. 18-15D.
The audio signal is impressed on the
center ribbon. The two outer ribbons
are connected in series to move toward
the center ribbon in response to the
noise -reduction current. Valuing action

takes place between each of the two
edges of the center ribbon and its adjacent noise -reduction ribbon.

Certain inherent advantages are obtained by the use of a single ribbon for

the signal currents (audio signal)
compared

as

previous

multiribbon
types. These advantages are: (1) increased stability of resonant tuning
to

achieved by eliminating the bias current (noise reduction) with its resulting
heating effect on the signal current ribbon. (2) reduced resistance for the signal current, since a Simplex circuit is
not required for the noise reduction
amplifier circuit. A low resistance results in a low resonant peak amplitude.

power required for 100 -percent modulation at 1000 Hz using the Simplex circuit (Fig. 18-19), plus 9 dl3m; noise reduction current, light valve 135 mils.

(3) the outer ribbons may be tuned
to a lower frequency than the signal
ribbon, thereby reducing not only the
required amount of bias current, but
also the corresponding heating effect.
The materials used arc the same as

ing the shunt

resistors), 0.55 ohms;

into Simplex circuit 270 mils; ribbon

for the two -ribbon light valve. The fre-

spacing, 0.0010" plus or minus 0.00010";
ribbon tuning frequency, undamped
8500 Hz; resonant rise, 5 dB at 8000 Hz.

quency response rises to 5 dB at the

(The term "undamped" means the frequency of resonance before the complete assembly is magnetized.)
A Westrex three -ribbon light valve
using permanent magnets designed for

by shunting the single ribbon with a

INVERTING VRISM

frequency of resonance, referred to 1000
Hz. A low circuit resistance is obtained

resistor approximately equal to the ribbon resistance.
A push-pull type sound track is obtained from two well-defined light slits

NOISE REDUCTOR

AUDIO

Dot -0
AUDIO

NOSE

RECO:ThCI---\

-.

/NOSE RECUCTION

AUDIO

NOISE REDUCTION
AUDIO

15'05)110N CHANGE FOR IMAGE EDGES)

\

COMPENSATING VRISN

Fig. 111-15E. Schematic diagram for optical prisms used with Wastrels Corp. push-pull
three -ribbon vonuble-density light valve.
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Fig. 18-15F. Connections for Westres Corp. RA -1238 push-pull three -ribbon variable -density light valve.

which operate in opposite phase; that
is, as one slit closes, the other opens.
This action tends to cancel even -harmonic distortion resulting from the film

thus bringing the bias and signal edges
to common sides for the two images.

velocity effect (see Question 18.22), in phase noise reduction frequencies, etc.
As an additional advantage, a 3 -dB increase in the signal-to-noise ratio is
obtained from a double -width pushpull sound track as compared to a single -width sound track.

pensating

The mechanical design of a three ribbon light valve results in two apertures which are physically offset, with
the bias and signal edges for each aper-

ture occurring on opposite sides. An
inverting prism is used to secure the
optical inversion of one aperture image,
O

The other aperture image

then

prism which increases its
light path to that required for the in-

verting prism. Alignment of the images
is obtained by tilting the compensating
prism. The functioning of the two
prisms is shown in the optical schematic
of Fig. 18-15E.
Referring to the cutaway drawing in
Fig. 18-1513, the major pieces are the
magnet piece 13, the cap pole piece N,

and the base pole piece 0. The three
major pieces are aligned by the close
fitting of the parts and the single dowel

pin in each end piece. The cap pole
66/1 (DC)

RIBBON

mat RTurIE -

is

corrected for focus by means of a com-

o

LEFT

I

40

eUPEDANratE

6PER Tuft( - 2

MitTOIING

Ri66CF4

COIL

NRA(OCI

Fig.

0

18-15G. Westres three -ribbon light valve for stereophonic variable -density
photographic sound track recording.
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piece N contains the glass cover Q to
keep out dirt, and the mask R which
provides the limiting edges to the light
aperture formed by the ribbons.
Each mask aperture measures 0.125

secure a resonant frequency of approximately 5500 Hz. When the complete assembly is magnetized the resonant frequencies are shifted downward to about
8200 and 5300 Hz respectively.

inch x 0.209 inch with a separation of
approximately 0.022 inch between the
two ends. The permanent magnet B is
cut away on the inside to provide the
necessary clearance for the two pole
pieces and ribbon clamp carriages J.
A ribbon clamp carnage is required for
each end of a ribbon. This device provides clamps C for the ribbons E, adjustment screws for spacing K, tension
H, and elevation 1. Or.ly one tension
screw and block are provided per rib-

The three ribbons arc adjusted in
elevation so that the signal ribbon and

bon. Terminals L provide connectious to

sistance between the noise reduction

the ribbons as follows; the center ribbon (audio signal) Ls connected to terminals 1 and 2. Terminals 3 and 5 (the
noise reduction current) are connected
to the noise reduction ribbons, with the

ribbons This is accomplished by means
of a photocell monitoring device in the
recorder. The recorded sound track

middle terminal 4 serving as a common

connection to the junction of the two
ribbons. The shunt resistor for the cen-

ter ribbon is item G.

Directly below the ribbons on the
base section may be seen the prism
mounting consisting of two cylinders,
each containing a prism. Enlarged views

of both cylinders are shown directly
below the sectional view. Cylinder W
contains an inverting prism V which
transposes the image edges for one ap-

erture. The compensating prism T in
the other cylinder S provides the same
glass path for the second image so that
the two images are in common focus.
Alignment of the edges is secured by
rotating the compensating lens to obtain
a slight displacement of the image.

Adjustment and locking screws for
the cylinders arc shown as item D. A
septum mask U is placed between the
two mountings. One of the two alignment holes in the base pole piece which

is used to mount the light valve on a
modulator unit is shown as item F.
The ribbons consist of three pieces of
Duralumin measuring approximately
0.5 mtl x 6.5 mils. These ribbons are

the outer ribbons are in different planes,

separated by approximately 1.5 mils.
This separation prevents the ribbons

from colliding when the signal level
exceeds that required for 100 -percent
modulation.
Fig. 18-15F shows the method used to

connect the light valve for recording.
The 2 -ohm potentiometer P1 is used to
balance out the small differences in re-

should appear as shown at (in) in Fig.
18-29.

Typical specifications for

a

three -

ribbon valve are: impedance of signal
ribbon (with shunting resistor), 0.3
ohm; impedance of noise -reduction ribbons, 0.6 ohm; power required for 100 percent modulation at 1000 Hz using the

circuit of Fig. 18-15F, plus 12 dBm;
noise -reduction closure current, 52 mA;
ribbon spacing, 0.0010 inch.

The light valve is mounted in a modulator unit which houses the necessary
optics that operate in conjunction with
the light valve. The term modulator
(Westrex) should not be confused with

the term light modulator, as this term
refers to a recording light valve, galvanometer, or any device used to modulate the exposure lamp beam of light.
A modulator unit holds the light valve
and is a part of the recording system.
Fig. 18-15G shows a three -ribbon
light valve modified to produce two
independent

variable -density

sound

tracks for stereophonic recording. The
center ribbon in this valve is grounded
and is used only as a mask. The top and

bottom ribbons carry both the audio

two apertures 1 mil in width. The ten-

signal and noise -reduction bias current.
The two apertures are brought into line
by the use of optical compensators
mounted in the valve assembly, resulting in two sound tracks which are coli-

sion is the greatest for the center ribbon

near.

(audio signal), which is tuned to resonate at approximately 8500 Hz, while a
lesser amount of tension is applied to
the outer ribbons (noise reduction) to

For variable -area recording, a special light valve containing four ribbons
and capable of recording two separate
bilateral sound tracks which are also

located with respect to the alignment
holes and spaced under tension to form
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Fig. 18-16. The circuit used for tuning light valve ribbons.
colinear, is used. For variable -density
recording, to prevent shifting of the
stereophonic pattern because of unequal
channel gain, it is important that the
two sound tracks arc of nearly the same

value. Variations as small as 1 dB will
sometimes cause an apparent shift in
the sound and the action as shown on
the screen. Therefore, density variations
must be less than 0.05 between the two
tracks.
For variable -density recording the
two tracks appear together in the usual
track position on the negative, and arc

recording,

strong

harmonics will

be

generated, causing distortion.
18.18
Is the impedance of a light
calve constant?-No. To prevent vari-

ation of the light -valve impedance from
being reflected back to the driving amplifier, it is common practice to insert
an attenuator of 3- to 6 -dB loss between

the light valve and its matching trans-

former and the output of the driving

Since magnetic recording can offer so
many other advantages, the practice of

amplifier. At the lower frequencies, the
valve impedance is practically a constant resistance, equal in value to the
dc resistance of the light -valve ribbons.
At the higher frequencies, the impedance of the ribbons rises. The pad isolates this impedance change from the
amplifier, thus reducing the harmonic
distortion.
18.19 How is the low impedance of
a light valve matched to the output of

recording

sound

the driving amplifier?-By an imped-

tracks is not used to any great extent.
18.16 What is meant by tuning a
light valve?-It is the process of resonating the light valve ribbons to a fre-

ance -matching transformer. Generally,
the input of the transformer is 600
ohms, with a secondary of 0.5 ohm to
several ohms, depending on the design
of the light valve. The impedance below
1000 Hz is approximately the dc resistance of the ribbons. An adjustable at-

each 48 mils wide and spaced 4 mils
apart. When recorded as variable -area

bilateral, each track

is

36 mils wide,

mils apart. The trade
name for this system is PhotoStereo.
and spaced

4

optical stereophonic

quency above the normal recording frequency range. The tuning is done in a
light -valve fixture consisting of an exciter lamp, optical system, photocell,

and an amplifier with a VU meter at
the output. (See Fig. 18-16.) In the
early models of light valves, the peak
at the resonant frequency varied from
12 to 20 dB above the reference frequency of 1000 Hz. In present day designs, this peak has been reduced to
about 6 dB. In practice, an equalizer
with an inverse frequency characteristic

to the light valve is connected in the
recording channel to smooth out the response in the region of the resonant
frequency.
18.17 What is the clash point of a
light valve?-It is a reference of 100 percent modulation of the valve, ob-

tained by sending into the valve a signal that will cause the ribbons to just
strike each other. This is the point of
zero transmission of the valve. If the
ribbons are permitted to clash during

tenuator is provided for adjusting the
100 -percent modulation point of the
light valve for a given input signal. The

driving circuit of a typical light valve
is shown in Fig. 18-19.
18.20

What is a monoplonar light

valve? --One in which the ribbons move
in the same plane. It is also called a
coplanar valve. This type of light valve
may he used for the recording of variable -area sound tracks.
18.21
What is a biplanes light

valvel-One in which the ribbons move
in separate planes. Light valves which
have more Thar. two ribbons are of this
type. Light valves of this type are generally used for the recording of variable -density sound tracks.
18.22 What is the velocity effect

in a light modulatort-In variable -area
sound recording, the exposure light is
focused on a slit and the illumination
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18.19. The Simplex circuit used with a Westrex Corp. light valve for photographic recording.

at the slit is then focused onto the film.
With the film moving past the recording
light beam at a given rate of speed, a
wave shape which corresponds to the
electrical signal applied to the light
modulator is traced onto the film. When
the frequency of the signal is low, the

waveform traced on the film will be
long in length. If, however, the frequency is a very high one, the length
of the waveform is very short. Under
close examination, it will be found that
the recording of the low frequency is
true in its shape and that the density
of the exposed area is relatively constant. This is not true in the case of the
high -frequency recording. The shape of
the exposed area does not correspond
to

the shape of the image that was

traced on the film. The reason for this
is the difference in velocity with which
the light beam moves across the slit.
The amount of exposure that is applied
to the film is governed by several factors: (1) the time required by a particular point on the film to travel past
the light beam; (2) the intensity of the
exposure light; and (3) the time it takes
the exposure light to move from its rest

position on the slit to the limit of

its

excursion and to return to its rest position again.

With the rate of film travel and the
intensity of the exposure light held
constant, the factor that determines the

amount of exposure on the film is the

velocity at which the exposure light
travels across the slit. Thus, it may be
seen that the frequency of the recording signal affects the exposure of the
film.

When a high frequency is recorded,
the image on the film will have a grey-

ing out towards the peak of the waveform due to the diminishing exposure
at that point. This is caused by the very
short time period that the exposure
light rests at the peak of its excursion.
The results of this phenomenon are
two -fold: (1) As the frequency of the
recorded signal is increased, the output

level with respect to a reference frequency of the same amplitude will decrease. This is known as film loss. This
loss is usually measured at 9000 Hz
using a reference frequency of 1000 Hz.
(2) The higher the frequency recorded,

the greater will be the distortion of the
waveform caused by the velocity effect.
Film -loss measurements are discussed
under cross -modulation measurements
in Question 18232.

"Ribbon velocity effect" is the term
used to describe the distortion created
by the light -valve ribbons in variable density light valves, due to their direc-

tion of travel with respect to the film
motion. If the velocity of the ribbons
is comparable to the film velocity, a
spurious variation in exposure results,
producing distortion.
18.23 What ore the essential differences of a variable -area light valve designed for negative recording and one
for
direct -positive recording?-In
a

light -valve setup for negative recording, the light from the exposure lamp
passes through the light -valve ribbons
and is then focused on the film. In a
light -valve setup for direct -positive recording, the light is reflected from the
ribbons and then focused on the film.
Direct -positive valves are also capable
of making negative recordings.
The ribbons in a direct -positive light
valve are polished on one side to reflect
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the light. Negative -valve ribbons are

not polished. Polishing the ribbons appears to have an annealing effect, resulting is a somewhat higher ribbon
failure in direct -positive light valves.
18.24 What is the relationship in
percent modulation of a light modulator

dB
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44
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.5623

46

.5012

47

.4467

48

.3981

15

28.18
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22.39
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17.78
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.3548
.3162

16

15.85
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2512

18

12.59

53

.2239
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11.22
10.00

54

.1995
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.1778

to its deflection in decibels?-lf a condition of 100 -percent deflection (modulation) of the light modulator can be
assumed, the percent modulation and
modulation in decibels can be read directly from the scale in Fig. 18-24A. For
deflections other than those shown on
the scale, the table in Fig. 18-24B can
be used. (See Fig. 25-133.)

Percent

Decibels Down From
100 -Percent Modulation

Deflection

2 dB
6 dB
12 dB
20 dB

80
50
25
10

a

0

1.000 04

.2

0,

SO

-0
al
I

4.0

9.0

95
10
20
.0

0

e

1-

or

% ,

,.,..,...
Fig. 18-24A. Percent light modulator deflection versus decibels.

11

12
13
14

34

2.818
2.512
2.239
1.995
1.778
1.585
1.413
1.259

1.122
1.000

18.25
What is a penumbra intensity recorderl-A system of recording

20

variable -density sound tracks by means
of a galvanometer which was developed

21

.1585

22

8.913
7.943

56

by RCA several years ago hut is not

57

.1413

used commercially
18.26 Describe the essential components of a photographic film recorder. In many respects, the transport system

23

7.080

58

.1259

24

6.310
5.623

59

.1122

60

.1000

25

and other mechanical details of a photographic (optical) recorder are quite
similar to a magnetic fdm recorder. The
essential differences are the optical re-

Fig. 18-240. Percent modulation versus

cording system and its associated equipment. The two film recorders that will be

The film travels downward from magazine A through a light trap in the magazine, over idler roller B, engages the
left side of film sprocket C, then goes

discussed are typical of those used in
the motion picture industry. The first to
be discussed is the Westrex Model 1581A
recorder. This recorder is available

for both 16- and 35 -mm film recording.

The following description will apply to
either type, except for the width of the
transport components. The same light
valves are used for both sizes of film.
Fig. 18-26A shows that the film path
is symmetrical and permits the film to
travel either forward or backward for

decibels.

negative or direct -positive recording.

under the filter roller D. over impedance drum E. The film now proceeds
under a second impedance drum EE
under filter roller DD, engages the right
side of film sprocket C, then goes over
idler roller DD, and back into the right side of the magazine A.
Before making the second engagement with film sprocket C, the film loop

length is adjusted until the flanges of
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the filter rollers D and DD bisect or just

sound track. Any one of these light

cover two black reference dots on the
panel behind the rollers As an aid in
threading, a loop lamp H on the control

valves can be installed without requiring any adjustment of the optics except
for the introduction of the appropriate

go out when the correct

mask width for standard or double -

length of film is threaded. Changing the

width sound track. It is recommended
that the variable -area double bilateral

panel will

film loop plus or minus one sprocket
hole will cause the lamp to light. At F
and FF are two film strippers, one of
which serves to operate a film buckle

sound track be used in preference to
the bilateral sound track. Such sound
tracks arc illustrated in Figs. 18-29B

switch. Knob G is used when necessary
to position the two filter -arm flanges D

and I8 -299A.
Direct monitoring from the light

and DD. with respect to the two dots
when the machine is in operation. The
mechanical filter system is the Davis

valve image is possible with the use of

tight -loop system, discussed in Question

a system of mirrors which reflects a
part of the modulated light beam to an
eight -sided rotating prism. The prism

18.28.

reflects an image of the light valve rib-

The light valve

I

is mounted in a

bons on the monitor screen M, which
results in a variable area image similar
to that being recorded on the film. A
diagram of the recording and monitor-

modulator unit J with the objective lens

in the film compartment (not shown).
At K is a focusing and adjustment control for the objective lens. In the housing is also a rotating mirror, a part of

ing optical system is given in
18-26B.

the light -valve monitoring system, with
the monitoring screen at M. A footage

Fig.

An exposure meter is used to monitor the exposure lamp (exciter lamp).
The exposure meter optical path provides a means for comparing the light

counter appears at N.
This machine can be used for recording negative or direct -positive sound
track, using either ''A" or "B" wound
film. With the installation of a suitable
light valve in the modulation unit, the

from the exposure lamp that passes
through the light valve with light
a reference lamp. By rotating a mirror
and aperture assembly to either of two
positions, the light from either source is

following can be recorded: double width push-pull negative; standard width bilateral negative; standard -

directed to a photoconductive cell which
is connected to an external exposure
meter. The mirror aperture assembly in
Fig. 18-26B is shown in the position that
permits the light from the reference ex-

width double bilateral negative; stanbilateral direct -positive; and
double -width push-pull direct -positive
dard

FF

M.

C

AN
I

H

I

F-2
1

J

K

f

D 00 El

Fig. 18-26A. Front riev of Wastrez Corp. Model 1581A photographic film recorder.
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18.268. Diagram for the optical system used in the Westres Corp. Models
1581A and C photographic film recorders.

posure test lamp to pass through the
aperture to be reflected by the 45 -degree mirror, pass through the mask,
field lens, blue -filter assembly, diffusing
screen, and to the photoconductive cell.
With the mirror rotated to the alternate

position, the light passing through the
light valve is reflected upward into the
45 -degree angle mirror through a field mask, blue -filter, diffusing screen, to

the exposure cell. (Blue filter refers to
an ultraviolet filter discussed in Questions 18.7 and 18.8.)

An interior rear view of the recorder,

showing the film take-up and motor -

drive mechanism, is given in Fig.
l8 -26C. The plugs at the bottom are for
external noise reduction amplifier
(NRA), audio, and power connections.

An overall view of a Series 900 recording system with its control equipment is shown in Fig. 18-26D. Contained within the cabinet, starting at
the upper left are noise reduction amplifier and controls. exposure lamp control, VU meter and attenuator, and the
compressor amplifier. In the second row
is a photometer for measuring the exposure lamp intensity for both variable area and variable -density recordings,
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Fig. 18-26C. Rear view of W

Corp. Model 1581A photographic film recorder.

and a test oscillator. At the lower portion of the cabinet are the power supplies. A block diagram of the complete

changes. It is of interest to note that

system is given in Fig. 18-26E.

cent.

As an added feature, a magnetic recording head can be installed in the film
compartment in such a manner that
either method of recording can be used

The RCA Model PR -31 35 -mm photographic film recorder is shown in Fig.
18-26F Its essential components arc:

without any mechanical or electrical

supply; locking screw 13, which holds

recorders of this type have a total flutter of considerably less than 0.10 per-

film magazine A, for holding the film

Fig. 18-260. Westrcn Corp. Series 900 photographic film recorder with its compressor, noise -reduction amplifiers, and associated equipment.
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Fig. 18-26E. Block diagram for Westrea Series 900 pliotographoc film recorder and
control cabinet.
the magazine to the recorder case; sup-

mechanism; digits and letters EE for

ply magazine spindle and plastic film
core C; light trap D, through which the
film passes to the recorder transport
system; optical system E for slating

photographic slating mechanism; bearing heater switch F; galvanometer
monitoring card G; exciter -Lamp hous-

ing H; galvanometer tilting screw

1;
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galvanometer II; recording optical system J; photometer lens K; optical-systern housing with objective lens L;
objective -lens focusing ring LL; photometer meter M; motor -system starting
switches N and NN; film -marker button
0; galvanometer switch P; magnetic drive system rheostat Q; field -current
meter QQ; exciter -lamp hold switch R;
master dc switch RR; exciter -lamp current S; exciter -lamp rheostat SS; film

punch T; pull -down pull-up sprocket

threaded. Threading is done with one
spring roller in its normal position as
held by its spring, and the other spring
roller is held against a stop opposing the
spring action. This provides a tight -loop

path. Damping is provided by a magnetic drive to the impedance drum. The
current through the field coil increases
the damping, but makes little difference
in the performance of the recorder. The
impedance drum employs a bronzes:eeve bearing with a heater and ther-

U; idlers V and VV, for holding film
against sprocket; tight -loop idlers W
and WW; recording drum X; film Y;
take-up magazine AA; and take-up

mostat set for a 75 -degree operation.

magazine spindle and core CC.

controlled by rheostat (Q), which may

This eliminates the necessity of the

bearing warm-up time. The current
through the magnetic -drive field -coil is

The film drive consists of a gear -

be adjusted while the machine is in

driven 32 -tooth sprocket with double pad toners, magnetically driven sound
drum (impedance drum), and two undamped sprung rollers. The sprung
rollers are provided with position stops,
which are held open by spring action.
The design is such that the same length
of film is used each time the recorder is

motion. This transport system and mag-

netic drive is used in all RCA 5 -nun
photographic film recorders. The total
flutter is on the order of 0.05 percent.
It should be mentioned that optical film
recorders use sprockets, which are designed to operate with either negative
or positive film -base perforations. These

MUM NNP 00 TOORRRS

SS

Fig. 18-26F. The RCA Ml -10745, PR -31, 35-mrn photographic film recorder.
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Fig. 18-26G. The RCA PR -23 photographic film recorder manufactured in 1936.

sprockets are also used for magnetic
recorders.
Fig. 18-2GG shows an RCA PR -23

photographic film recorder, manufactured about 1937. It is interesting because of its film transport system This
machine did not use a tight -loop; instead, it used a free -loop system. It
attained its steadiness of drive by the
use of a magnetic -drive system coupled

to the impedance drum, similar to that
used in the PR -31 recorder. The long
neck below the film magazine held a
film punch and numbering mechanism.
The principal components of the
PR -23 recorder are: film magazine A,
locking screw for film magazine 13,
magazine supporting neck C (although
not shown, a slating and film -punching
device may be installed in this portion
of the recorder), housing door D, compartment containing the film transport
mechanism E, recorder base F, magnetic -drive G, motor H, galvanometer
monitor screen I, galvanometer and
optical -system housing J, photometer
meter K. photometer operating lever
KK, exciter -lamp monitoring mirror L
(image of filament is thrown on the
galvanometer monitor card for constant
observation),

optical -system

focusing

ring M, objective lens N, motor -system
starting switches 0 and 00, galvanometer key switch P, field -current ammeter Q, and exciter -lamp current ammeter R.

A diagram of the PR -23 transport
system is given in Fig. 18-26H. The film
A leaves a supply magazine above and
is

pulled downward by

a

32 -tooth

sprocket D. Two small rollers C and CC

Fig.

18-2611. Free -loop system used in

early RCA photographic film recorders
(1933).
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the

film

in

contact

with

the

sprocket and are mounted on an arm
which may be lifted from the sprocket
by the action of a cam D.
Leaving the sprocket, the film passes

under roller E making a small loop
between the bottom of roller CC and
roller E. The film now passes over roller

F making a tight wrap, held by roller
G, then over the impedance or recording drum H. The film is tightly clamped
to the surface of the drum by a rubber surfaced pad roller I. From this point,
the film forms a large loop M, passes
over roller J. and is then again held in
contact with the sprocket B by the rollers K and KK, also mounted on an eccentric, DD. Finally, the film is taken up
by the take-up magazine at the upper
right.
When the machine is first threaded,

the roller J is used to form the loop
M. If the loop is correctly made and the
field current through the magnetic
drive system properly adjusted, the

film will not touch roller J when the
machine is running. This system is
called a free -loop drive. Tight -loop

drives are shown in Figs. 18-26A and B.
18.27 What is an impedance or

sound drum? What is its purpose?-A
metal drum used in the film transport
system over which the film passes Its
purpose is to smooth out irregularities
in the motion of the film caused by the
action of the sprockets, thus reducing
flutter.
The drum is free wheeling and revolves by the friction of the film on its
surface pulling it around. On the op-

a nonmagnetic metal. A cross-sectional

view of a recording drum used

in

a

photographic film recorder is shown in
Fig. 18-27
18.28 Describe the basic principle

el a Doris fight -loop transport system.The film transport and filter system to
be described was a development in 1945
of C. C. Davis of the Electrical Research

Products Corp. (ERPI), a former subsidy of the Western Electric Co., now
known as Westrex Corp. Such transport
systems arc used in Westrex photogra-

phic and magnetic recorders and reproducers.

Fig. 18-28A shows that the film path
and damping section consists of an upper and lower sprocket, an impedance
drum with a heavy flywheel on the opposite end, two pivoted arms with idler

rollers which form a tight loop around
the impedance drum, a spring connected between the two arms, and an
oil -filled

dash -pot

connected

to

the

lower ann. The double -tension loop
supplies a relatively large amount of
film tension, which is quite suitable for
flywheel starting and driving, and at
the

same

time supplies the

correct

amount of loop compliance. The loops
are not tensioned independently, but by
the differential action through the
spring between the two arms. The reactance opposing the flywheel motion
is that resulting indirectly from changes
in the working angles through which
the spring tension is applied to the
loops.

posite end of the drum shaft is mounted

A second method of using the tight loop system for magnetic recorders is
shown in Fig. 18-26B. Here the film

a heavy flywheel. When the drum at-

passes over a 16 -tooth sprocket, an idler

tains its normal speed, the flywheel opposes any change in speed transmitted
to the film on its surface. In a magnetic
recorder, the drum is constructed from

roller mounted on a pivoted arm, over
a second idler roller to an impedance or
sound drum, in which is located a magnetic recording head. The film now

OTIJEcnvE
LENS OF PECORONG
OPTICAL SYSTEM

HOLE FOP LOOKING
SACK INTO OPTICAL
SySTEN WITn
PERISCOPE

Fig. 18-27. Impedance or recording drum, flywheel, and objective lens of a photographic film recorder.
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Fig. 18-28A Schematic diagram for Davis tight -loop film transport system used in
photographic and magnetic film recorders and reproducers.
passes over a second idler to a second

pivoted arm and idler roller, then to a

IDLER

IDLER

second 16 -tooth sprocket. The filter ele-

ments consist of the two arms with a
spring between, and an oil -filled dash pot connected to the left hand arm. The
filter action is the same as for the system in Fig. 18-28A. A magnetic monitor
head may be used to replace the lower

roller on the right hand side.
Fig. 18-28C shows a third method of
applying a tight -loop system to a photographic film recorder, similar to that
shown in Fig. 18-28A. Uniform film motion at the translation point, with relative freedom from flutter, is achieved
by the introduction of mechanical fittering in the film path between the two

SOUND

PIELI

SPROCKET

FILTER

FLYER

SOLE

IDLER

IMPEDANCE

ORusl

ORUPA

18-28C. Third version of Davis
tight -loop transport system, used in phographic film recorders.

Fig.

COMMON SPIN/4

FILTER ARMS

IS -TOOTH
SPROCKET

16 - TODTH
SPROCXE T

MAGME TIC

rf-M

rLytirEEL

SCLND DRUM

MAGNETIC HEAD

Fig. 18-288 Second version of Dovis tight -loop transport system, used in magnetic
film recorder.
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engagements of the film with the film
sprocket. The filter action consists primarily of the inertia of the impedance

the filter mechanism. The filter -aim assembly provides two rollers, mounted
on pivoted arms and arranged with one
roller in each of the film paths between
an impedance drum and the film

drum assemblies and the damped com-

pliance of the filter -arm assembly. At
high rates of flutter, the compliance of

sprocket. Two coiled springs arc employed in the filter. One spring is con-

the film becomes an effective element in
a

e
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Fig. 18-29. Photographic sound track image. used both past and present. Several of
the above images are now obsolete, but ore included for reference purposes.
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nected between the filter arms to provide the compliance, as well as the film
tension in the filtered film loop. The
other spring is adjustable and provides
symmetrical positioning of the arms.
Damping is applied to the right-hand
filter roller (viewed from the front) in
the form of a fluid clash -pot filled with
a silicone fluid of 200-centistokes viscosity. The film tension is adjusted by
control G (Fig. 18-26A).

shown at (I) in Fig. 18-29. Their degree
of exposure varies with the percentage
of modulation.

Describe the various types of
sound track both past and present used

track?-Two variable -area,

18.29

for photographic film recording.-Dur-

the development of photographic
sound recording, many different types
of sound -track images were created for
both variable -density and variable -area
recording. Among the variable -density
recordings were the standard, pushpull, squeeze, and comprex. For variable -area recordings, there were unilateral, bilateral, and several variations.
For both types of recordings, a number

18.31

each other as shown at (m)

class -A, -B and -AB were developed.
Stereophonic sound tracks were also
recorded, using

up

to

four

tracks.

Twenty-four different sound tracks are
shown in Fig. 18-29. For present-day
recording, both the standard variable density

and

variable -area

bilateral

sound tracks are used, with the variable -area type prevailing.
18.30 Describe a unilateral rani able -area sound track. --It is a sound

track consisting

of

a single group of

modulations along one edge of the

sound track area (Fig 18-29). This was
the design of the original sound track
used with the first RCA photographic
film recorder. Model R-3, in 1926.
What is a bilateral variable area sound track?-A sound track with
symmetrical modulations along both
18.31

in Fig.

18-29. The modulation of the two sound
tracks arc 180 degrees out of phase with

respect to each other.
18.35

What

is

a

dulateral sound

unilateral

sound tracks recorded in phase alongside each other, as shown in Fig. 18-35.

ing

of push-pull configurations operating

What is a push-pull variable -

density sound track?-Two variable density sound tracks recorded alongside

0 0 0 L. '1 0 0
116166"""AL....A...A.milLigaakik

8-3 5. The dulalerol variable -area
sound track. The two groups of modulations are in phase.
Fig.

1

18.36

What is a squeeze track?-A

single variable -density sound track in
which the width is reduced during periods of low or no modulation to reduce
the background noise of the film. Reducing the exposed area 50 percent reduces the background noise of the film
6 dB or :0 percent. A typical squeeze

track is shown at (p) and (q) in Fig
18-29.
18.37 What is the purpose of recording multiple variable -area sound
tracks? - In multiple variable -area

sound -track recording,

six

or

more

identical bilateral sound tracks arc recorded side by side (Fig. 18-37). Such
sound tracks are generally used with
16 -mm photographic sound recording.
The advantages claimed for this method
of recording are that because the tracks

arc quite narrow, distortion caused by
azimuth deviation and uneven slit illy -

edges of the sound track area, as shown

at (b) ir. Fig. 18-29.
18.32 What is a class -8, push-pull,
variable -area sound hock?- A sound

track containing two groups of modulations as shown at (f) in Fig. 18-29,
and in Fig. 18-298. Each chain of modulations is 180 degrees out of phase with
the other. The modulations of each
track are connected by a thin line
called a bias line.
18.33

What is the appearance of

variable -density sound track?-It con-

sists of a group of thin lines running at
90 degrees to the motion of the firm as

Fig. 18.37. Thy Maurer 16 -mm rnul iple
roriable-orea photographic sound track.
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urination is considerably reduced, and
the signal-to-noise ratio is increased.
This type sound track is used by

Maurer, and the German Tobias-Klang-

Co. A method of recording 13
sound tracks, developed by SiemensHalskc, also of Germany, has been described in the literature. The image of
film

this sound track should not be confused
with a stereophonic or push-pull sound

track, as all six of the tracks carry the
same information.
18.38 What is a control trackT-A
sound track consisting of single or multiple frequencies for the purpose of

controlling amplifiers or loudspeakers
in a multiple -channel reproducing system The control frequencies are passed
through bandpass filters to a control
rectifier -amplifier and changed to direct

current. This dc is used to control the
opening and closing of the amplifiers
driving the loudspeakers. Two such
sound tracks are illustrated at (v) and
(w) in Fig. 18-29.
18.39

What

is

minus

dialogue

track?-A prerecorded music and sound

effects track for dubbing foreign language motion pictures. The dialogue is

normally be exposed and develop black,
it is not exposed; therefore, it develops
white or positive. In the Westrex Corp.
recorders, direct -positive recording is
accomplished by changing the light

valve to a direct -positive light valve.
Direct -positive recording is used only
with variable -area recording systems.
(See Questions 18.23, 18.26, and 18.304.)
18.42 What ore the advantages of
direct -positive
recording? - Actually,
there is no advantage soundwisc. Direct -positive recording is used only

when time is a factor and only one
print is required. Considerable time is
saved, as the track is recorded directly

on the print and requires processing
only once. It should be understood that
the sound of a direct -positive recording may not be equal to a negative and
print, unless a cross -modulation compensator is used. Such sound tracks are
developed to a gamma of approximately
2.5 to 3.0, with the density ranging from
1.5 to 1.9. Direct -positive sound tracks
are played back in the normal manner

as for any positive sound track. The
proper exposure is determined by a

ing to rerccord the music and sound

series of cross -modulation tests, as discussed in Questions 18.232 and 18.246.
and a sibilant test, as described in
Question 18.283. Direct -positive record-

effects a second time.

ing

carried on a separate sound track. Thus,
any language may be used without hav-

This system was used principally
with

photographic

sound

recording;

however, since the advent of magnetic
recording, it is common practice to record the dialogue, music, and sound effects on separate sound tracks using a
three -track recorder.
18.40
If raw stock film is stored in
a high temperature what effect does it
hove or, the emulsion? It causes the
emulsion to develop a fog which is independent of development.
18.41
What i a direct -positive racording?- A sound track which has

been so exposed that it requires processing only once. The image is positive
and may be used as any normal positive
print. Direct -positive recording may be
accomplished by changing certain cornponents in the recorder optical system
to produce positive images rather than
negative. In the RCA variable -area system of recording, this is done by shifting the image from the optical mask to

expose the film in such a manner that
it processes as a positive; that is, the
inmge is reversed. Where the film would

is used only with variable -area
sound track.
18.43 What is the arimuth setting
of a film recorder?-An adjustment of

the optical system which provides

a

means of setting the optical slit at exactly right angles to the direction of
travel of the film. (See Question 18.47.)
18.44 What is the effect of incorrect orimuth in a variable -density film
recorder?-Loss

of high frequency re-

sponse and level.
18.45
What is the frequency used
for adjusting the asirnuth of a 35 -mm
film recorder? -9000 Hz
18.06 What is the frequency used
for adjusting the azimuth of 16 -mm

film recerdersl-ln the earlier model
16 -mm film recorders, 4000 Hz was used

to adjust the azimuth because the speed
of 16 -mm film (36 feet per minute) is
40 percent slower than 35 -mm film running at 90 feet per minute. When 4000
Hz is recorded at 36 feet per minute, it
corresponds to a frequency of 10,000 Hz
at a speed of 90 feet per minute 14000 x
2.5
10,000 Hz). Because of the better
optics and resolution of present-day re-
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Fig. 18-47. The effect of incorrect azimuth adjustment on a voriable-area
round track, when being reproduced.

cording emulsion, 16 -mm recorders now
use 6000 to 7000 Hz for azimuth adjust men t
18.47 What arc the tolerances for
16 -mm and 35 -mm azimuth adjustment?

-Typical specifications for the slit rotation arc: The error must not exceed
plus or minus 0.0001 inch for both 16 and 35 -mm systems. The effect of incorrect azimuth adjustment in a recorder is the two sides of the sound
track arc not symmetrical. The effect of
incorrect azimuth of a variable -area
sound track when reproduced is shown
in Fig. 18-47. (See Question 18.53.)
18.48 What is the effect of incorrect azimuth in a variable-orea film recorder? - The distortion is increased

with a loss of high frequencies. When
reproduced, the two sides of the modulation are not scanned in the same
plane as shown in Fig. 18-47.
18.49 At what speed is35 -mm film
recorded and projected? -90 feet per
minute, 18 inches per second, or 24

frames per second.
18.50 Describe the differences be-

tween single and super 8 -mm prints.or 16 -mm
For single 8 -mm prints,
negative is exposed, processed, and a
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the laboratory in several different ways.
The use of I6 -mm original negative increases the picture resolution, resulting
in a superior quality picture.
To describe only one method of labo-

ratory practice: Four exposures using
an intemegative are made on 35 -mm
print stock that has been prestriped and
perforated for 8 mm. The print is exposed, and the sound is recorded and
monitored while running at a printer
speed of 200 fpm.
After processing, the 35 -mm print
containing four B -mm exposures is slit.
This results in four 8 -mm prints, each
containing a single row of perforations

and a sound track. Such a method is
one way of reducing processing time
and cost, and is quite important where
several hundred prints of a given subject are to be printed and sound recorded. A proposed SMPTE Standard
USASI (ASA) Ph22-164 is given in
Fig. 18-50.
18.51
What is split film? -35 -mm

film which has been split in half and
is called 17.5 -mm film. Split film has
only one row of sprocket holes and
runs at a speed of 90 feet per minute
in optical film recorders. Magnetic film
recorders also use split film (17.5 mm)
and run at a linear speed of 45 or 90
feet per minute. The use of split optical
film is now obsolete.
18.52 What is a focus tostl-A test
of the recording optical system in a film
recorder to determine the sharpness of
the image on the film.
18.53 How is a focus test mode?-

If the optical system objective lens is
not provided with a calibrated focus

direct print is made from the 8 -mm
negative. Or an opt:cal reduction is
made from a 16 -mm negative, then
printed in the usual manner. If the picture is to carry a sound track, the print

ring, a paper strip is prepared, as shown
in Fig. 18-53, and wrapped around the
end of the objective lens. The scanning
beam is focused on the film by means
of a magnifying glass. When it appears
to be in focus, the paper is fastened to
the revolving lens barrel with the zero

material can be pre- or

calibration opposite a reference mark.

magnetically.

a speed of

post -striped

The sound is recorded at

Start the test by rotating the lens

fps, using conventional

barrel to number ten (10) negative of
the calibration mark. Make a recording

24

techniques within the limits of USASI
(ASA) Standard given in Question
17.170.

If the sound is recorded at a speed of

the product is termed Super
8 -mm film. For silent films, the frame
rate is 18 fps. (Sec Question 19.26.)
24

fps,

For Super 8 -mm film, a 16 -mm neg-

ative is used and may be processed by

using either 9000 or 7000 Hz (see Question 18.45 to 18.48) for each calibration

mark on each side of the zero calibration. The locking screws in the lens
barrel must be tightened for each focus
recording to assure a positive set. Process the film and observe the image under a microscope. The sharpest image
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Proposed USA Standard Dimensions for
PM72 'AA

Magnetic Sound Record on Super 8
Motion -Picture Film Perforated 1R-1667

1. Scope

rAltiminees

1.1 This siondard specifies the lateral location

and dimensions of the magnetic sound record
or super 8 motion -picture firm.

0.019

0.49

0.790 = 0 001

7.38 X 0.03

0.314

7.98

nom

yam

own

Le Moo.

TRAVEL

fir
r7-1

s':

9.

SOI,NO RECORD

REFERENCE EDGE

Filen As Seen Looking Toward the Lens

1.2 This standard also specifies the pcturesound separation of super 8 triat;en,wcture film
with a magneik so-nd record.

2. Dimensions
Toe dimensions shad be os Tuen ;n lit figure
.ou4.

3. Picture -Sound Separation
The magnetic sound record on the film shall
precede the center of the corresponding picture
by a il i.nne of 18 frames -' 1 frame

4. Magnetic Striping
The magnetic striping shall be os specified in

Proposed USA Standard Dimensions of Mog
nefic Striping of Super 8 Motion -Picture film
Perforated 1R.1667, PH22.161.
NOTE DimAleton A apples in retords produced n
eepapavent tong the some hood for teeard.ng and re
proriac.og M corarnreciolly.prod.red pr,ros moendrd
toe Ina a, a vane," of repraducees. .s race...made°
that a recard.na hood be used epode 00 prodovng a
0025 -in, mgr
dth locoed ho.
'he same con
1

Fig. 18-50. Proposed SMPTE Standard for magnetic stripe sound track placement,
on Super 8 -mm film.

represents the correct setting. (See Fig.
18-301.)

If a microscope is not available, reproduce the negative and measure the
signal

amplitude. The one with the
is the one with the

highest output

sharpest focus. if a negative is reproduced with the sound track and emulsion in position, the test will reproduce
in reverse to the way in which it was
recorded. This is especially true with
35 -mm film. When the test position for
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Fig. 18-53. Paper scale for adjusting the
focus of an optical film recorder.

the sharpest focus is found, the lens
barrel is returned to the corresponding
calibration in the direction the test was
made. This removes any play in the
threads. The locking screws are then

OPACUF
MASK

Fig.

set.

I 8-58A. Shutter system for double

What solution is used for
cleaning recorder optical systems?-The

noise reduction variable -area direct -positive recording.

coated surfaces of modern lenses, although hard, are microscopically thin
and require but little abrasive action to

well to both optical and magnetic re-

18.54

cut through their coating and affect

cording systems.

Ground noise is proportional to the
area of the positive sound

their antireflective qualities. A piece of

exposed

pure soap the size of a pen, dissolved in

track. The noise -reduction system used

a pint of distilled water, will work very
well for removing scum and other dirt.
Apply with a camel hair brush. Wipe

when the negative sound track is exposed reduces the exposed area to an
amount just large enough for the sound
track, without clipping the peaks of the

clean with a soft, lint -free cloth. Do not
use laundry soap powders. Solvents
such as carbon tetrachloride and similar

liquids should never be used to clean
lenses. Isopropyl alcohol may be used
if extreme care is taken to prevent it
from entering the lens system, as it may

dissolve the cement used to hold the
optical elements together. The recommended

cleaner

is

petroleum

ether

applied with a cotton swab.
18.55 What is noise reduction in a
film recording system? - An electronic
system of reducing the exposure to the
film during periods of low or no modulation, thus reducing the inherent noise
of the processed film when reproduced.
18.56 Where is the noise -reduction
bias current applied to a light moduletor7-In the original RCA recorders, the
noise -reduction current was applied to
a coil in the recording galvanometer.

Later, the method of noise reduction
was changed to use noise -reduction
shutters placed in the optical train.
After certain changes in the galvanometer design, the noise reduction was
again applied to the galvanometer, and
this is the system presently used. In the
Westrex recorders, noise -reduction current is applied directly to the light valve ribbon.
18.57

What is ground noise?-It is

the residual noise in a recording system
as the result of the nonhomogeneity of
the recording media. This applies equally

modulations. (See Question 18.58.)
18.58 Describe a double -noise reduction system.-It is a system proposed

by J. G. Strciffert of Eastman Kodak
for variable -area direct -positive
recording. The system involves the use
of noise -reduction shutters, with polarizing devices in the optical train, an
opaque mask, and transparent noise reduction shutters, to produce an elliptiCo.,

cally polarized light beam. The losic
plan of the double noise -reduction system appears in Fig. 18-58A, with a typical sound track shown in Fig. 15-588.
Although considerable experimental

work was done on this system, it has
not been used commercially.
noise -reduction
18.59 What
ore
shutters?-The first RCA optical film
recording systems used no noise reduction. Later, to reduce background noise,
a single noise -reduction shutter was
added In the optical train to reduce the

exposure to the film during periods of

low or no modulation. The resulting
sound track had the appearance of (a)
in Fig. 18-29. Later, the shutter was removed and the noise -reduction current
applied to a cod in the galvanometer as -

1111111111=111W
Fig.

1B -58B. Appearance of direct -posi-

tive sound track.
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sembly, which biased the galvanometer
to one side during periods of low modulation, thus reducing the exposure at

the film as the modulation varied. In
Later recorders, a return was made to a
method employing the use of two shutters in the optical train (Fig. 18-78).
The sound track had the appearance of
Fig. 18-29 (b) and (c). Certain changes

were then made to the galvanometer,
permitting noise -reduction current to be
again applied to a coil in the galvanom-

eter. (This method is used in all present-day RCA film recorders.)
When the noise -reduction current is

applied to shutters at high levels of
modulation, they are fully opened to
prevent clipping of the galvanometer
light beam. At intermediate levels. the
shutters follow the modulations of the
galvanometer with sufficient margin to
prevent clipping. At periods of low no
modulation, the shutters close down to

a very small opening, leaving a thin
line of exposure to the film, called bias
lines. In this manner, the background
noise of the film caused by its granular
nature is reduced as it is unexposed.
The action of the shutters on a biased
galvanometer is operated from a noise
reduction amplifier (NRA). The NRA is
actuated by the same audio signal that
operates the recording amplifier driving
the
galvanometer.
NoIse-reduction

shutters are used only with the RCA
variable -area recording system. A block

diagram showing how the NRA

is

driven from a bridging bus and applies
the bias current to a pair of shutters is
given in Fig. 18-59.

With no signal at the bridging bus,
the noise -reduction amplifier applies a

fixed dc bias to the actuating coils of
the shutters, closing them down and
leaving only a small area of exposure
for the bias lines (Fig. 18-290).
When a signal appears at the bridging bus, it actuates both the recording
and noise -reduction amplifiers, simultaneously. The signal passing through
the noise -reduction amplifier is rectified
and changed to direct current and used
to cancel the fixed dc bias flowing
through the noise reduction shutter
cods. The amount of cancellation depends on the percentage of modulation
or amplitude of the signal at the bridging bus. The signal is passed through
the recording amplifier without change
and deflects the galvanometer mirror in
proportion to the amplitude of the signal. The resultant sound track appears
as shown in Fig. 18-61.
The first few modulations are clipped
by the noise -reduction shutter because
of the delay In its operating time. The
amount of modulation clipped depends
on the attack time. Typical operating
times for noise -reduction shutters are

shown in Fig. 18-61. A typical optical
system layout and the position of the
shutters behind the first condenser lens
is shown in Fig. 18-338A.
In the variable -area biased galvanometer system, shutters arc not used.
The noise -reduction bias current is ap-

plied to n coil in the recording galvanometer which pulls the galvanometer
mirror to one side during periods of low
or no modulation, leaving only a small

NOISE REDUCTION
SPUTTERS

Fig. 18-59. A typical noise -reduction system for variable -area recording using noise reduction shutters (now obsolete.)
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(a) 35 -mm duplex track, opening time 15 milliseconds.
!
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(b) 35 -mm duplex track, opening time 30 milliseconds.
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(c) 35 -mm double bilateral track, opening time 28 milliseconds.
Fig.

18-61. 1000 -He noise -reduction shutter opening tests.

area of exposure for the bias lines. The
noise -reduction action is similar to that
described for the shutter type. (See
Questions 18.12, 18.78 and 18.79.)
18.60 What is a bias line?-A nar-

row line of exposure between the modulations of the sound track as shown in
Fig. 18-290. In all systems, except the
class -13 push-pull, the bias line is obtained by letting a small amount of light

fall on the sound track during periods
of low or no modulation. In the class -B
push-pull optical system, the bias hoes
are created by the tail of the image in
the optical mask as shown at (d) in
Fig. 18-77.
18.61 Define the terms "attack time"

and "release time."-These are the times
required for a noise -reduction amplifier
to open or close. Standard terminology

in the industry defines attack time for
a noise -reduction amplifier to be the
elapsed time from the instant of application of the audio signal until 90 percent of full opening or deflection of the
light modulator is achieved. Release

Fig. 18-61. At (a) the opening time is
15 milliseconds; at (b) 30 milliseconds;
and at (c) 28 milliseconds.
The first and second tests arc for
noise -reduction shutters, the third for a
double bilateral track, the recorder
using a biased galvanometer. The opening time test of a compressor having an
opening time of 3 milliseconds is shown
in Fig. 18-100. Only a negative is required for these tests.
18.62

What

is

decay

or

release

time? - Time required for a noise -reduction system or compressor -limiter
amplifier to close or return to a steady
state.
18.63

What ore the overage attack
times and release times for a noise -reduction system?-The average times for
both a light valve and a galvanometer
are tabulated in Fig. 18.63.
18.64 What is the effect if the attack time is too long?-An excessive
amount of modulations will be clipped
at the start of the sound track causing

distortion.

time is the elapsed time from the instant of removal of the signal until 90
percent of the complete closing time.
These terms apply equally to biased
galvanometers, shutters, or to a light
valve, and variable -area or variable -

18.65 Hors are the opening end
closing times of o noise -reduction system

density recording. Three noise -reduction system opening tests are shown in

A 1000 -Hz signal is applied to the
input of the noise -reduction system am-

.measured?-To illustrate the procedure

for this measurement, a typical variahle-area noise -reduction timing test

circuit is shown in Fig. 18-65A.
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LIGHT VALVES
Opening Time
(Milliseconds)

Type

Closing Time

(Milliseconds)

Variable -area
Standard
Single Track

16 to 23

180 to 260

Variable -area

7 to 10

180 to 260

16 to 22

50 to 80

Push-pull
Variable -density
Standard
Single Track

7 to

Variable -density
Push-pull

50 to 80

10

GALVANOMETERS

Opening Time
(Milliseconds)

Closing Time

Variable -area
Standard
Biased Galvo.

28

4 in. of track

Variable -area
Standard
Shutters

13 to 42

3.5 to 4.5 in. of track

Type

Fig.

1000

It

18-63. Tabulation for overage attack and release times.

rfnlel
se

000

1000.0.11011

Fig. 18-65A. A circui for measuring the

opening and closing times of a

noise -

reduction system.

plifier and rapidly broken. If the oscillator used for the test is accurately cal-

modulations between these two points
of measurement is the time in milliseconds required for the noise reduction system to open from a normal bias
line to 90 percent of full opening.
Release time is measured in a similar
manner, except the time is taken from
the last full amplitude modulation to a

Point on the bias line where the line
returns to its normal width.

ibrated for 1000 Hs, each modulation on

The opening time and characteristics

the film will represent one millisecond
of time.
The noise -reduction opening time is
measured by means of a calibrated microscope from a normal bias line width

for a pair of maladjusted noise -reduc-

to a modulation representing 90 percent
of the full opening. The number of
1

tion shutters are shown in Fig. 18-65B.
Note the bounce in the first few modulations before the shutters completely

open. Only a negative is required for
timing tests. A negative closing test is
shown in Fig. 18-85C.

J

tm??t tfITTM
---qM
k -.41,110 " WA"
Fig. 18-658. A maladjusted noise -reduction shutter opening test, showing shutter
bump of the start of the opening (negative).

Fig.

18.65C. A noise -reduction shutter closing test (negative/.
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Fig. 18-65D. Opening time for noise -reduction shutters as compared to that of a
biased galvanometer.

The difference in the opening time

output is terminated in a resistive load

for a biased galvanometer and noise reduction shutters is shown in Fig.

of 600 to 1000 ohms. The bias current is

18-65D.
18.66

signal. A frequency of 1000 Hz is then
applied to the input and increased for

What is a noise -reduction
thump?-A low -frequency thumping
noise caused by a noise -reduction sys-

tem when the attack time is too short
(See Question 18.65.)
18.67 HMV
can
noise -reduction
thump be checked? -11 the noise -reduc-

tion system attack or release time is not

correct, it is possible that a thumping
noise will be heard in the reproduction,
particularly in dialogue. If the recorder
is equipped with a phototube monitoring system, thumping can he checked
by patching out the audio signal and
listening to the opening and closing of
the noise -reduction system. If a photocell monitoring system is not available,
dialogue is recorded with the audio
leads to the light modulator discon-

nected. When this track is played back.
if noise reduction thumps or hreathing
noises are present, they will be beard
between pauses in the dialogue. Noise -

reduction shutters are checked in a
similar manner. If the channel includes
a 40 -Hz high-pass filter, it should be
removed from the circuit for both the

adjusted for 30 mA without an input

an indication of about 5 mA on the
bias -current meter.
Constant -amplitude signals from 30
Hz to 10,000 Hz are then applied to the

amplifier inpnt, and the bias current
read for each frequency of interest. If
the hiss current does not remain constant, the input level should be increased or decreased 1 dB. For a refer-

ence current of 5 mA, the variation in
milliamperes of bias current versus frequency should remain well within 1 dB
over the entire frequency range.
The frequency -response characteristics are plotted thus: frequency versus
decibels, as for any other type amplifier.
The same method of measurement can
also be applied to a light valve, except
that the initial current and the closure

current will vary with different type
light valves.
18.69

Is

noise

reduction

required

with a variable -area class -8 recorder?-

No. A class -B recording system is inherently a noiseless recording system

recording and reproduction tests.
18.68 What effect does noisereduclion bias current have on the frequency
response of a galvanometer or light

valve?-It has no effect if the current
is an inverse of the input signal -level
change. For a variable -area NRA, this
may be measured by connecting the
amplifier as shown in Fig. 18-68. The dc

Fig. 18.68. Tett circuit for measuring the
frequency response of a noise -reduction

amplifier (NRA).
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because the bias line disappears during
the periods of no modulation. However,

due to slight variations in the optical
and modulation systems, it has been
found advisable to permit a small

amount of light to fall on the film between modulations, thus creating bias
lines. Generally, they are in the order
of
and and are visible in Fig. 18-298.
The bias lines in a class -B variable area recording system are created by
the image mask and not by a bias current flowing through a bias coil as used
1

in a normal recording system. Class -AB

recording systems, illustrated at (e) in
Fig. 18-29. also require no noise -reduction equipment.
18.70

What is margin?-Margin is

the amount of gain the noise -reduction
amplifier is increased after setting the
noise -reduction bias current. It is expressed in decibels. The increased gain
causes the noise -reduction system to
open a greater amount than is actually
required, thus reducing clipping of the
initial modulations. The amount of mar-

gin (lead) required will vary with the
type recording system, program material, and the attack time of the noise reduction amplifier. Typical margius
used in the industry are: variable -area
3 to 6 dB; variable -density, 2 to 4 dB.
18.71

What is an anticipatory noise -

reduction system?-An early noise -reduction system used with direct -positive recording. A separate sound track
of the noise -reduction envelope was recorded in advance of the normal sound
track at a sufficient distance to compensate for the delay -time of the noise -re-

duction amplifier. This system is now
obsolete.
18.72

The external circuit, 1 and 3, goes
through the light -valve equalizer and
to the light valve. (See Fig. 18-26E.)
With light -valve switch Si in the on
input to the NRA is
bridged across the recording line. Since
position, the

the bridging input is 10,000 ohms, the
bridgiug loss is less than 05 dB. With
the light -valve switch in the off position, the circuits to

the light -valve

equalizer and to the noise reduction
circuit are shorted, and a 600 -ohm termination is applied to the recording
line. The signal now goes through the

input control R2. through transformer
T1 and auxiliary input control R4,
which is used for adjusting the range
of R2.

Tube V1 -A is an amplifier stage and
is a cathode -follower output.
stage. The output from this stage passes
through transformer T2 and through a

Vl-B

full -wave rectifier V2. The low-pass

filter at the output of V2 supplies an
attack time of approximately 18 to 22
milliseconds, and a release time of approximately 85 to 100 milliseconds. Tube
V3 -A is an LC oscillator, operating at a

frequency of 30 kHz, with the output
being controlled by R17. The output of
the oscillator is modulated in V3 -B by
the rectified signal envelope from the
low-pass filter in the output of V2. The
30 kHz carrier voltage at the output of
V3 -B decreases as the applied signal
envelope de voltage increases. The carrier output is controlled by R18. Control R20 adjusts the range of R18.
The 30 -kHz output of modulator
V3 -B is applied to the grid of V4, amplified, and then stepped down by

transformer T3 and rectified by CR1
Show a schematic diagram for

and CR2 The rectified 30 -kHz signal is

a noisercduction amplifier (NRA) suitable for variable -area or variable -density recording.-Noise-reduction amplifiers (NRA) have undergone little
change in design over the past years,

then filtered and brought to the meter
shunt R24, the noise -reduction switch
S4, and to terminals 10, and 11, of J1.
The V.A. test position of S4 applies reverse bias to fully open the valve ribbon, and provides a wide exposed track
for sensitometric measurements, when
recording variable -area tracks.
Bias meter Ml is a zero -center movement, calibrated in 100 divisions each
side of center. Four ranges of current

and are much the same except for a few
minor changes. A schematic diagram for
a
Westrex Model 1610-A high -fre-

quency carrier type NRA is shown in
Fig. 18-72A. Its design is suitable for
recording either variable -area or variable -density sound tracks. and standard

or push-pull sound tracks.

Starting at the input, the signal

is

brought from the recording amplifier to
the input through terminals 2 and 3 of
J1, and out through terminals 1 and 3.

for the meter are provided by switch
S3 -A. The second section of 53-B increases the gain of V4 for the two
higher scales of the meter positions.
In use, certain controls arc placed at

a remote position as pictured in Fig.
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Fig. 18-72A. Weser.: Corp. Model 1610-A noise -reduction amplifier (NRA).
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18-26D, and arc connected to terminal

to 5000 Hz, and 1.5 dB from 5000 to

strip (J1). Light valves in current use
require a noise -reduction current of 52

10.000 Hz, with reference to 1000 Hz.

to 600 milliamperes, depending on the
type used. The frequency response of
the amplifier is plus or minus 1 dB 50

A second noise -reduction amplifier
schematic diagram is given in Fig. 1872B. This NRA is designed for use with
only variable -area sound track using a

a

O
cg

o
2
I(

-0 2od

JWL

NCO
0
g

P.

2

N.A

0

8
O

Nne

Fig.

18-728. Noise -reduction amplifier for voriable-arco recording.
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biased galvanometer or noise -reduction

shutters. The circuitry consists of

a

voltage amplifier tube VI, a driver stage
V2 connected as a cathode follower, a
full -wave rectifier V3, and a dc amplifier stage V4. An input transformer T1
supplies both a matched 600 -ohm and
25,000 -ohm bridging input. Across the
secondary of T1 is a gain control calibrated in 1 -dB steps. The first stage is

RC coupled to the second stage. The
driver stage is transformer -coupled to
the rectifier stage The driver stage is

if it is possible, the
width should be 2 mils. In the early
mils. However,

model 16 -mm recorders, the bias line

was generally on the order of 4 to 6
mils, due to the difficulty of maintaining a 2 -mil line.
18.75 What is the width of the bias
lines for a 36 -min class -8, variable -area
recorder? Unrnodulated, 0.75 to 1 mil.

Modulated, 025 to 0.35 mil. For single
system class -B newsreel cameras, 2 to

fier input transformer, thus permitting

2.5 mils (unmodulated) and 1 to 1.5 mils
(modulated). The bias lines for a
class -B recording may be clearly seen
in Fig. 18-298.
18.76 Give the connections for a

the charging of capacitor Cl from a

variable -density

very low impedance

Ger.-Such a diagram is shown in Fig.
18-76. It is somewhat similar to that of
the variable -area noise -reduction am-

employed as a cathode follower in order
to present a low impedance to the recti-

to

retain good

peak -reading ability. The output from
rectifier V3 is filtered and supplied as a
control voltage to the grid of V4, the de
amplifier stage. The load (galvanometer
NRA coil or shutter coils) is connected
in series in the negative leg of the high

voltage. The initial or no -signal bias
current is indicated in the meter Ml.
Key switch SI Is used to short-circuit
the audio signal for checking the bias
current. The power supply must be of
good regulation and capable of supplying fairly large amounts of current
without affecting the operating voltages

to any great extent. A plus voltage of
47 volts is supplied to the grid return of
V2. Because the cathode is plus 57 volts
above ground, this makes the control
grid of V2 10 volts negative with respect
to the cathode.
What is the width of the bias
18.73
line for 35 -mm variobleoreo recorders?

-For standard sound tracks, the width
of the bias line is 2 miLs.
18.71 What is the width of the bias
lines for 16 -mm variable -area recording?
-The width of the bias line is 2 to 4

noise -reduction

armpit-

plifier described in Question 18.72. The
principal difference is the method used

for applying the bias current to

connected to the junction of the light
valve and a resistance R, which is equal

in value to the light valve impedance.

This method of connection forms

a

bridge circuit which is unbalanced by
the action of the noise -reduction current.

With the noise -reduction amplifier
properly set and no modulation, the
negative exposure appears as a light
gray exposure the full width of the
sound -recording slit. The density of ex-

posure varies with the amount of bias
current and the opening of the light valve ribbons.
18.77 Describe an optical mask.

-

A small metal mask in which is cut an

AMOGING

Bus
MATCNING
TRANSFORMER

Fig.

the

light modulator.
The positive side of the bias current
is connected to a center tap on the light
valve impedance -matching transformer.
The negative side of the bias current is

18-76. A typical noise -reduction system for variable -density recording.
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image for forming the sound track in a
variable -area
corder.

photographic

film

re-

The image mask is mounted at (c) in
the optical train drawing of Fig. 18338A. Typical sound track images used

by RCA in their early- and present-day
recorders are given in Fig. 18-77 (a)
through (h).

At (a)

is

a mask used in the first

variable -area

recorders.

The

sound

tracks appeared as shown in Fig. 18 APERTURE
IMAGE(LIG

APERTURE
IMAGE(LIGHT)

NOISE
REDUCTION
SHUTTER
W

SLIT

441='-' V /

SLIT

(a) Unilateral negative 50% deflection.

(b) Duplex negative standby position.

APERTURE
IMAGE(LIGHT)

APERTURE
IMAGE(LIGHT)

SLIT
NOISE
REDUCTION

TAIL

SLIT
LONG

SHUTTER

SIDE
SHORT

SIDE

(c) Class -A, push-pull negative standby
position.

(d) Class -B, push-pull negative standby
position.

APERTURE

AUXILIARY
DIRECT -POSITIVE

IMAGE (LIGHT)

TRACK SLIT

APERTURE

SLIT
(e) Bilateral negative 100% deflection.

IMAGE (LIGHT)
(f)
Bilateral

direct -positive
deflection.

AUXILIARY
POSITIVE
TRACK SLIT

APERTURE

IMAGE (LIGHT)

APERTURE
IMAGE (LIGHT)

SLIT

(g)

100%

Double -bilateral negative
deflection.

100%

(h)

Double -bilateral direct -positive
100% deflection.

Fig. 18-77. Sound track images used by RCA both past and present, for negative and
direct -positive recording. The black areas represent the light image as seen looking

at the illuminated end of the optical system.
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29A. At (b) of Fig. 18-77 is a duplex

IIMS LIME

mask which produces a sound track as
shown in (c) of Fig. 18-29.
The image mask at (d) in Fig. 18-77
is used to create the class -B push-pull
track shown at (f) in Fig. 18-29. The
class -AB mask has a similar appearance, except the angles of the long and

SLIT

IMLITTPI

ucffr IMARE

(a) No modulation.

short sides of the image are slightly
different. The tails in both masks form
the bias lines. A bilateral negative image appears in Fig. 18-77e, and for
direct -positive recording in (f). A double -bilateral image for negative recording appears at (g), and for direct -positive recording at (h).
Bilateral and double -bilateral images
arc used for both 16- and 35 -mm re-

SKIT1111

Larti

SKJ1 It.

IMAGE

(b) 50% modulation.

cording and are the present type in use.

The signal-to-noise ratio for the double bilateral is somewhat better with
lower distortion and higher output.
Either type may be used for recording
negative or direct -positive by tilting the
galvanometer image above or below the
recording slit, as shown in (f) and (h)

of Fig. 18-77. Basically, the image recorded on the film for the double -bilateral track operates in the same manner as for the bilateral, as explained in
Question 18.78. For direct -positive recording the process is reversed.
18.78 Describe the operation of a

(c) 100% modulation.
Fig.

18.78. Light image positions for a

standard

duplex

variable -0 ca

track and noise -reduction

sound

button.

For periods of low modulation, the
shutters are moved inward and as the
of modulation increases,
they move outward.
The mechanical slit at the rear of an

percentage

galvanometer with noise -reduction shut-

optical system, with an image for

ters.-An image that will form the desired sound track image is cut in the

standard

a

duplex variable -area sound

an objective lens on the galvanometer
mirror which reflects the image of the
mask on the mechanical slit at the rear
of the recording optical system. The
mask image is deflected upward and
downward over the face of the recording slit by the motion of the galvanom-

track projected across the face of the
slit, is shown at (a) in Fig. 18-78. (This
is the same as shown at (b) in Fig.
18-77 except the image is inverted.)
With the galvanometer recorder switch
in the record position, the noise reduction shutters arc pulled inward by the
fixed de bias from the NRA, to a halftrack position. It will be noted the shut-

eter which is caused to move by the

ters are closed down to a position where

applied audio frequency currents. The
galvanometer mirror (and the light
beam) are deflected in proportion to the
applied signal voltage. The film is in

only a very small amount of light

permitted to pass through the recording
slit to the film. These small beams of
light at the upper corners form the bias

motion, and, as the galvanometer moves

lines when the galvanometer is in a
steady-state condition. When viewed
through a periscope placed in the opti-

optical mask. This image is projected by

the image across the slit, an oscillographic-type sound track is exposed on
the film.
As the galvanometer Ls modulated,
the noise -reduction shutters are moved

in and out, the amount depending on
the percentage modulation of the galvanometer, as the galvanometer, amplifier,
and noise -reduction shutter amplifiers
receive the audio signal simultaneously.

is

cal system, they appear as two pinpoints of light and arc often referred
to as "snake eyes."
The light image appears as shown at
(c) in Fig. 18-78 when the galvanometer

is modulated 100 percent. Here it will
be noted the shutters are pulled outward beyond the ends of the slit and
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the light image has moved upward to a

position where the slit is completely
covered, except for the small dark portion in the center of the slit. The center
portion of the slit is purposely left dark
so as not to expose the film in the center. This prevents clipping of the modulation peaks. If the slit were completely covered with light, the peaks of
the negative image would meet in the
center. When printed, they arc reversed.

Thus, the modulation peaks would be
clipped. As peak clipping causes excessive harmonic distortion the peaks are
prevented from meeting by leaving the

center portion of the slit dark. The
position of the light image for a condition of 50 -percent modulation is shown
at (b) in Fig. 18-78. The light image Is
in the same position as for the standby
position,

except

the noise -reduction

shutters have been pulled partially outward by the action of the noise -reduction bias current. Only the ends of the
slit are illuminated. The center portion
is dark. For 25 -percent modulation, the

light image does not rise as far as for
50 -percent modulation. Also, the noise reduction shutters do not open as wide.

Because the recording amplifier that
drives the galvanometer and the noise -

reduction amplifier receive the signal
simultaneously, the noise -reduction am-

plifier pulls the shutters outward as the
percentage of

modulation

increases.

However, the shutters arc never completely out of the way; thus, the first
few modulation peaks are clipped and

appear as shown at (a) and (b)

in
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18.79. Biased galvanometer using
o bilateral sound mask.

current and the percentage of modulation. In no case should the modulation
be great enough to pull the image upward to the point where the bias -line
exposure is removed. This would result

in a loss of the bias line. Two other
positions of modulation are shown by
the dotted lines. As it may be seen, the
area of exposure across the slit is varied with the percentage of modulation.
With the film traveling at a constant
velocity past the slit, an oscillographic
picture is obtained on the film.
18.80

Is an optical mask required

with a light ravel-Yes, a mask is required. The type mask used depends on
the type light valve used. In the Westrex Corp. recorders, the appropriate
mask is put in place by turning a thumb

screw in the modulator unit in which
the light valve is mounted.
Different type light valves are used
for variable -area recording than are
used for variable -density push-pull recording. For variable -area recording,
the light -valve ribbons are placed in a

Fig. 18-61.

vertical plane, as may be seen in Fig.

How does the optical mask
form the round track image when using
a
biased galvanometer?-Fig. 18-79

18-2613. For variable -density recording

shows the image reflected from the galvanometer mirror as seen on the end of

18.81
What are the factors governing the recording of dialogue?-Because

the optical system barrel. The lower

dialogue is generally reproduced at a
higher sound level than that at which
it was originally recorded, it will sound
boomy and unnatural if the human car
characteristic is not considered when
making the original recording. To obtain a listening quality pleasing to the
ear, dialogue equalization is used in the
recording channel as shown in Fig.
18-81. It will be noted the frequencies
below 800 Hz are slowly attenuated to
reduce the amplitude of 100 Hz 8 to 12
dB compared to the level of 1000 Hz.
The frequencies above 1000 Hz are accentuated to add presence to the voice.

18.79

point of the reflected image is brought
to the edge of the slit by adjustment of
the fixed bias in the noise -reduction
amplifier. The width of the bias line is
determined by recording several current settings, developing the negative,

and then measuring the width of the
line.

With no modulation applied to the
galvanometer, the image rests ns shown
by the solid lines. With modulation applied, the image moves up, down, and

around a mean average, depending on
the amount of cancellation of the bias

the ribbons are placed in a horizontal
plane.
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Fig. 18-81. Dialogue equo isation cures.

However. the amount of midhigh frequency equalization will be governed
by the stage acoustics, the type microphone employed, and the type recording
channel used. As a rule, each recording
activity develops its own standards of
equalization to produce an overall fre-

quency response which will meet the
accepted reproducing standards of the
industry. Meeting the standards of reproduction is highly important because
theaters throughout the world are
treated acoustically and the sound systems equalized electrically to produce a

high rate of intelligibility, and to provide the overall best reproduction possible. The low end of the dialogue must
be rolled off in order to achieve intelligibility.
In addition to the equalization, compression may be used when rerecording
which also induces a certain characteristic. This subject is discussed in QtleSlion 18.84. Microphone placement is discussed in Question 4-114, and dialogue
equalization is treated in Question 6.122.
(See Question 18.169.)
18.82 Is the peak energy of music

and dialogue the same at for a sine
ware?-No. The peak energy of music
and speech is from 8 to 12 dB greater
than that of a sine wave for a given

highly important in an optical film recording system that the complete recording channel starting at the microphone and continuing through to the
light modulator be in phase electrically

and that if any piece of equipment is
removed its phasing be checked before
putting it into permanent operation.
Phasing is discussed in Question 23.104.
18.84 What is compression?-A signal is said to be compressed when it is

reduced or held within a given ampli-

tude at the output of a device, for a
given increase in signal level at the input. Compressor amplifiers are employed with recording systems, particularly with the optical recording system,
to prevent the overloading of the light
modulator.

Compression

is

of great

value when recording high-level dialogue or sound effects. Compression
should not be confused with overloading of the system. When properly applied, compression reduces overloading
distortion, and generally improves the
overall recording characteristic.
Experience has shown that certain
types of recorded dialogue and sound
effects are of such volume range they
cannot be reproduced to the best advantage in a theater. When reproduced,
the loud passages are too loud and the

level. A complex waveform compared to
a sine wave is shown in Fig. 18-82. This
subject is further discussed in Question
17.163.

18.83 Are the waveforms of music
and dialogue of sine wove character?No, the greater percentage of recorded
sound is not symmetrical in character

as the pressure half of the waveform
is generally greater in amplitude. It is

18-82. One cycle of a complex
waveform superimposed on one cycle of
a tine wave.
Fig.
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low passages are too low. Many times
the low-level passages are lost in the
ambient noise level of the theater. Also,
the high-level material appears exaggerated, producing an unnatural quality.
Because manual compression of program material is impractical, electronic
compressors

(sometimes

called

elec-

have been developed

tronic mixers)

which do a very satisfactory job. Although a compressor restricts the vol-

arc in general usage, gradual and limiting. Gradual compression is set to give
a slope of 2 to 1 as shown by the curve
(a) in Fig. 18-85. Limiting curves have
slopes between 4 and 6 to 1 as shown by

curve (b). Compression ratios are expressed by stating the breakaway point
which is relative to 100 -percent modulation of the system. The breakaway
point is defined as that point where
compression can just he observed or it

ume range to some extent, it aids in flattening out excessive peaks and valleys

affects the system 0.5 dB. Curve (a)

in the overall characteristic. Compression is seldom used with music record-

into 10 dB at an output level of plus
4 dBm. Curve (b) is a ratio of 17 dB
into 3 dB at an output level of plus 4
dBm. Curve (c) is the input-output

represents a compression ratio of 20 dB

ing, although a compressor can be used

as a limiter for supplying 1 to 3 dB of
limiting when transferring magnetic
track

sound

to

photographic

sound

track. This is necessary because of the
greater dynamic range of the magnetic
track, compared to the optical sound
track. Variable -area photographic sound
track is limited by the mechanical deflection of the galvanometer, while variable -density is limited by the exposure.
Limiting is also used in the transfer of
magnetic sound track to disc records.

Here again, the peaks must be con-

characteristic of the compressor amplifier uncompressed below its overload
point
18.86

Shove a schematic diagram for

a compressor amplifier.-The schematic
diagram for a Wcstrex Model RA -1593A
compressor is given in Fig. 18-86A, and
its control panel RA -1594A is shown in
Fig. 18-8613. Fig. 18-86A shows that the

amplifier consists of three push-pull
stages connected in tandem. The first
stage is comprised of two 12BA6 remote

cutoff tubes, VI and V2. The second
stage, V3A and V3B, is transformer coupled to the output stage V4A and

trolled to permit increasing the average
level to an acceptable value. (See Question 18.101.)
18.85 What are the characteristics

of the average compression used for film

recordingt-Two types of compression

V4B. Compression and limiting are obtained by varying the de hias applied to
VIA and V2A. At the lower part of the
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diagram is a control or side amplifier.
The input and output circuits are transformer -coupled and are designed to

933

fier is taken from one side of the output

transformer T3, through capacitor C9

operate from and into 600 -ohm circuits.

and resistor R31.
The control amplifier consists of

The input signal for the control ampli-

tubes V7A and

V7B,

with the second

Fig. 113-86A. Westres Corp. Model RA -1593A compressor amplifier.
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stage transformer -coupled to a full -

wave rectifier V6. The dc voltage from
the rectifier is fed to the control -grid
return circuit of VIA and V1B, which
acts as a variable gain stage. A dc amplifier is connected across the output of
rectifier V6 to drive the meter or

meters which indicate the amount of
compression. Potentiometers PI and P2

provide a means of dynamically balancing the stage following the compression stage, to minimize transients (gen-

orally referred to as thumps) resulting
from the compression of a steep wave front signal.

The operating controls arc mounted
on remote control panel RA -1594A (Fig.
18-86B). A selector switch in this panel

provides a means of varying the compression slope, and the threshold at
which compression starts. The compression meter is calibrated from 0 to 15 dB,
and it indicates the amount of compression while the compressor is operating.
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The attack time is approximately 1 millisecond for all conditions. The release
time may be varied over a range of 100,
250, and 500 milliseconds. Five values of
high -frequency equalization are provided for de-essing (see Question 18.89)

by

the connection

of different value

the cathode resistor in the first stage of control amplifier

capacitors across

R.34,

V7H. These capacitors affect the frequency characteristics of the control
amplifier in steps of

2

dB at 10,000 Hz,
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causing the high frequencies to be com-

pressed more than the lower frequencies. A flat position is also provided. The
range of compression, release time, and
high -frequency equalization is given in
Fig. 18-86B. A special 20.000 -Hz transistor oscillator automatically keyed on

and off at a level sufficient to drive the
amplifier into compression by approximately 2 dB is patched into the input
and used to balance the compression

amplifier. A VU meter is connected
across the output of the compressor
circuit
containing a 200 -ohm resistor and a
4-µF capacitor connected in shunt. Poamplifier,

in

parallel with

a

tentiometers PI and P2 are then adjusted for a minimum thump on the
VU meter.
The amount of compression to be

used will be governed by the type of
program material to be recorded. A
properly

designed

compressor -limiter

amplifier adds very little distortion to
the overall recording and may be disregarded when compared to the overall results obtained.
A second schematic diagram for a
18-86C and is similar to that in Fig.
18-8GA, except
for certain circuit
changes. The first stage consists of two
GIC7

variable -mu tubes, VI and V2,

connected push-pull. A dual input attenuator, calibrated in 1 -dB steps, is
connected across the secondary. It will
be observed that a fixed resistor, R5, is
connected in the cathode circuit of
these tubes to establish an initial bias.
In the plate circuit of the tubes is connected balancing potentiometer R9. The
first stage is transformer -coupled to a
two -stage amplifier, and then to an output transformer.
At the lower portion of the diagram
is the control or side -amplifier, consisting of a two -stage amplifier and a rectifier, The center tap of the terminating
resistors across the secondary of the
input transformer Ti is returned
through an RC network to the rectifier
V7. With an audio signal at the primary

put stage V5, through capacitor C10 and
resistor R28, to slope control R29. After
amplification, the signal is again ampli-

fied by V6 and rectified by full -wave
rectifier V7. Here the audio signal after
rectification is applied to the grid -return circuit of VI and V2. As the ampli-

tude of the signal rises and falls, the
variable bias voltage supplied by the
diode rectifier rises and falls in proportion to the average value of the input
signal. Thus, the gain of the input stage

controlled, holding the output to a
predetermined level as set by the adjustment of the threshold, slope, arid
is

compression controls.

The amplifier may be dynamically
balanced to remove the effect of transients and the tendency to thump by applying a GO -Hz signal of approximately

2 Vac to the grid return of the first
stage by means of the balance voltage
jack. Because the balancing signal is
connected in series with the return cir-

cuit of control grids of VI and V2, the
signals at the grid of each tube will be
in phase; that is, both grids will have
the same instantaneous polarity. Therewill also he
in phase. For all practical purposes, the
signal can he completely balanced out
by connecting a vacuum -tube voltmeter
and a GOD -ohm terminating resistor
across the output winding of transformer T3, and adjusting potentiometer
R9 for a minimum reading on the vacuum -tube voltmeter. The minimum
level is greater than minus 52 dBm.
The restoring time is 100 milliseconds
for 99 -percent restoration. This may be
increased to 500 milliseconds by chang-

ing resistor R4 in the grid -return lead
of VI and V2 to a value of 2.4 rnegohms.
The power supply, although not shown,
is straight forward with low ripple voltage and good regulation. In the uncompressed position (Manual), the frequency response is plus or minus 1 dB,
20 to 10,000 Hz. In the compressed posi-

tion, it will approximate that shown in
Fig. 18-91. Total harmonic distortion in
the uncompressed position is less than

of the input transformer T1, the sec-

0.7

ondary applies the signal to the control -

dam. Harmonic distortion in the compressed position, using a compression

grids of VI and V2 simultaneously, but
180 degrees out of phase. The signal is
amplified and passed on to the second
and third stages and then to output
transformer T3. A portion of the output
signal is fed to the control amplifier in -

percent for an output of plus 28

ratio of 20 into 10, is 0.9 percent with a
100 -millisecond release time, or 0.2 percent for a 500 -millisecond release time.
Both measurements are at 400 Hz. The

reference frequency for testing cont-
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pression ratios of the amplifier in Fig.
18-85C is 300 to 400 Hz.

What does the terns 20 into
compression mean?-It is a term
used in stating the characteristics of a
18.87

10

compressor amplifier arid means that
for an increase of 20 dB in level at the
input the output level will only increase
10 dB.
18.88

What ore the compression ratios most commonly used for motion pic-

ture rerocording and transfer? -30 into
10, 20 into 10, and 30 into 15. For trans-

fer work only limiting is used, with the
limiter set for to 2 dB at 95 -percent
modulation of the light modulator.
1

What does the terns "de-essing" mean? --It means that the high fre18.89

quencies

have

been

compressed

a

greater amount than the lower frequencies to remove sibilance. This is

compressor be employed when rerecording dialogue, and limiting be emwhen transferring a master
magnetic sound track to an optical
sound track.
The overload point of variable -area
sound track is reached quite suddenly,
and peak clipping occurs, squaring -off
the peaks of the waveforms. If the track
is composed of dialogue or music, considerable distortion may result.
Variable -density sound track overloading is rather gradual; however, if
the levels are high, compression or limployed

iting is also called for. It is next to impossible to hold down manually a highlevel dialogue track when rcrecording,
and still attain a fairly high average
level of dialogue. This is particularly
true for 16 -mm film. (Sec Question
18.88.)

accomplished by equalizing the rectifier
amplifier (side amplifier) so that greater
compression is obtained above 1000 Hz
than below 1000 Hz.

78.97
What is the frequency response of a compressor amplifier using a
de-esser equaliser?-In Fig. 18-91 two
compressor frequency characteristics

It has been shown from experience
that a more natural and pleasing reproduction of dialogue can be achieved if
the tendencies toward accentuation of
sibilants is reduced or eliminated.
Equalization used in compressors for
this purpose is derived from consideration of the average relative -spectral energy distribution of the male and female
voice, speaking in the English language.
For languages other than English, it
may he necessary that the characteris-

are shown, with and without de-essing
equalization. It will be noted that in
the de-essing position the response at

tics of the compressor equalizer be

Fig. 18-91, 300 to 400 Hr. is used. Com-

changed slightly. Equalizers used for
the suppression or elimination of sibilants arc termed "de-essing equalizers"
and arc connected in the control or side
amplifier of the compressor.
18.90 When are compressors and
limiters essential? - With the present
policy of recording original dialogue
and music on magnetic tape or film, and
because of the dynamic range of magnetic sound tracks, it is essential that a

pressors with other frequency characteristics will require a frequency in the
fiat portion of the frequency response.
If a de-esser equalizer is not used,
either 400 Hz or 1000 Hz may be used.

10,000 Hz is reduced 9 dB, and at 40 Hz

it is reduced 4 dB. Without de-essing
the frequency characteristics arc essen-

tially flat.
18.92
What frequency is used when
adjusting the compression ratio of a
compressor amplifier?-For compressors

using a de-esser equalizer and having
a frequency characteristic as shown in

The compression ratio should be
checked before each recording session.
This may be clone by applying a normal

signal to

the recording channel and

throwing the compression key from
manual to compress and noting the drop
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in level on a VU meter. For a ratio of
20 into 10, this will be 5 dB; for 8 into
4, it will be 2 dB; and for 32 into 16, 8

pressor, the balancing control is adjusted for a minimum thumping indication on the meter. If a compressor

dB.

amplifier is not balanced, a breathing or
thumping sound may be heard between

Will the use of compression
when set for a high ratio increase the
harmonic distortion? - Only a small
amount. The benefits gained by the use
of compression are such that the slight
increase of distortion is negligible.
18.93

pauses in dialogue. (See Question 18.86.)
18.96
What is the gain of a com-

used? -When recording dialogue and
certain types of sound effects. Generally, for dialogue about 20 into 10 will

pressor amplifier?-As a rule, it is operated as a no -gain device. However, the
manufacturer generally provides some
means for increasing the gain so that
the amplifier may serve the purpose of
both a line and a compressor amplifier.
18.97 What precaution should be

be suitable. Compression is seldom used

token when using a compressor? -11 the

for mUsic recording; however, a small

channel employs high- and low-pass

amount of limiting is sometimes used as
a ceiling control.
When recording original dialogue
sound tracks on magnetic tape or film,
no compression is used. However, when
rerecording, compression is used in the

filters, they must be connected after the
compressor amplifier. This is to prevent
a change in their frequency characteristics by the action of the compressor.
Compressors have a tendency to smooth
out the frequency characteristics of the
recording system preceding it, resulting
in a form of "automatic effort equalization." Thus, when the voice is raised in
level, the amount of low -frequency attenuation is reduced, thus preventing

18.94

When should compression be

dialogue tracks. Limiting may be required when transferring from a dubbing master sound track to an optical
sound track for release prints. (See
Question 18.88.)
18.9$ Describe

the

procedure

for

the

balancing a compressor amplifier.-For
the RCA compressor amplifier, a 50- or

voice from becoming harsh and

shrill. Normal low -frequency equalization used for dialogue prevents thumping due to unbalance that may exist in
the push-pull stages of the compressor
amplifier.

60 -Hz signal is applied to the balancing
voltage input, in series with the grid returns of the first -stage variable -mu
tubes. A vacuum -tube voltmeter is con-

18.98

Where is a compressor ampli-

nected across the output, and the balancing control (R9 in Fig. 18-86) is balanced for a minimum indication on the

fier normally connected in a recording
channel?-For dialogue recording, at

meter. As a rule, at least 50 dB or better
is obtained. Indications of minus 60 dB
are not uncommon.
To balance a Westrex compressor, a
special oscillator is used that supplies a
20,000 Hz signal pulsed about once per

shown in Fig. 18-98. A separate pot
called a ceiling control is connected in
the output of the compressor and may
be used to change the amount of com-

the output of the mixer network, as

pression. Changing the compression in
this manner does not affect the slope of
the compressor characteristic, only the
amount of compression.

second. While watching a meter connected across the output of the coinS/H-1
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Fig. 18-98. Dialogue recording with a compressor amplifier.
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18.99 At what percentage of modulation does a compressor take hold?-It

will depend entirely on the setting of
the compression ratio and the level se-

lected for the breakaway point. Compression may be smoothly controlled

standard meter for
monitoring is a VU meter with ballistic
characteristics that meet the USASI
(ASA) Standard C16.5-1961. However,

recording?-The

What are the average at-

for photographic film recording, a peak indicating instrument, if available,
should he used. It is adjusted to indicate the maximum deflection when the

tack and release times for a compressor

light modulator indicates 100 -percent

amplifier?-Attack time: 1 to 10 milli-

deflection. In this manner, the peak excursions of the light can be monitored.
In the absence of a volume indicator of
this type, an oscilloscope can be used as
it is a peak -indicating instrument.
If a peak -indicating device is not
available, at least an 8 -dB lead must be
inserted in the VU meter circuit to prevent the overloading of a light valve or
galvanometer after lining -up the chan-

over a wide range of levels.
18.100

seconds. Release time: 100 to 500 milli-

seconds. A typical timing test of the
opening characteristics of a compressor

amplifier is shown in Fig. 18-100. The
test is made by applying 5000 Hz at an
amplitude 20 dB below the normal input level and then suddenly applying a

level that will result in the maximum
output level. Not more than three peaks
of the 5000 -Hz modulations should he
clipped. Only a negative sound track is
required for the above test.
18.101
What is the difference between compression and limiting?-Corn-

pression is used to hold down or limit
the peaks of dialogue in the ratio of 30
into 10, or 20 into 10; limiting is generally set for 1 to 3 dB and is used as a
ceiling control when transferring from a
high-level track to a photographic
sound track. In both these instances, the
dynamic and average levels arc increased due to limiting of the peak values. (See Question 18.85.) Limiters are
used extensively in broadcasting, as

nel.

(See

Questions

10.3,

10.7,

and

17.163.)

18.104

What is a background -noise

suppression amplifier (13NSAP-It is a
special type amplifier that operates
somewhat like a noise -reduction ampli-

fier (NRA) used for photographic film
recording. However, in the instance of
the background -noise suppression amplifier. it is connected early in the recording circuits to reduce unwanted
noise

in the sound track to be rere-

corded. The amplifier is set up in such a
manner that it closes down during

they permit the transmitter to be fully

pauses in the dialogue and other portions of the sound track. A typical example of its use follows. Assume that

modulated, thus increasing the coverage

dialogue has been recorded on a street

without oveimodulation.
18.102 What is a ceding control?A variable attenuator connected at the
output of a compressor -limiter amplifier to control the amount of compression. Increasing the loss of the ceiling
control causes the compressor amplifier
to be driven harder to secure the same
outpnt; thus, the amount of compression is increased. However, the slope
characteristics are not affected.
18.103 What type volume indicator
is recommended for photographic film

with considerable traffic noise in the
background. During rerecording (dubbing), the BNSA is set to close down a
given amount during dialogue pauses;
thus, the background noise is reduced.
Precautions must be taken to keep the
reduction in the background from becoming great enough to he noticeable,

f

seconds.

to the listener. Also, if the amplifier is
set up too tight, it causes a thumping
noise at the end of the spoken word,
which also becomes annoying. A small

J

Attack -time test for compressor amplifier, opening time 3 milliFig. 1 8-1 0 O.

since too much reduction at a pause between sentences become quite annoying

amount of noise must be left in each
pause to avoid listening fatigue. Such
amplifiers are not used with music.
When employed properly, a BNSA
may be used to salvage sound tracks
previously considered unusable. Because such amplifiers are provided with
an adjustable release time, they may be
used to reduce reverberation to an ex-
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Fig. 18-104A

Position of o background -noise suppression amplifier IEINSA; in a
rerecording channel.

tent. It should be understood that this
amplifier does not actually remove the
noise recorded in the dialogue, but because the listener is concentrating on
the dialogue, a reduction of noise between words makes it appear that the
background noise has been reduced. If
the original sound track contains background noise that is equal to or greater
in level than the dialogue, little can be
done to improve the situation.
Devices of this type are not discriminatory to frequency and operate regardless if the background noise is of

low or high frequency in nature. The
frequency response is generally greater
than that of the recording channel. The

small amount of added distortion is of
little consequence.

A block diagram showing the position of a BNSA in a rerecording chan-

is shown in Fig. I8 -104A. Background suppression amplifiers as a rule
nel

have sufficient gain to be placed in a
fairly low-level position; however, this
is not always true. Therefore, to attain
the most efficient operation of the device,

manufacturer's
should be consulted.
the

data

sheet

The term "background noise suppres-

sion amplifier" (BNSA) should not be
confused with the background amplifier
(up and downer). This was an amplifier

used in the early days of rerecording
(1931) to reduce the music and sound
effects behind the dialogue when the
actor spoke,

without disturbing the

level of the dialogue. The control or
side amplifier had frequency characteristics that would allow it to respond to

frequencies only within the dialogue
range. The first amplifiers of this kind
used voice -operated relays; later, elec-

tronic control was added. For operational purposes, the sound effects and
music had to be on separate sound
tracks, with a separate background amplifier in each track. The use of such a
device was annoying, as the sound effects and music levels were continually
being increased or decreased, which detracted from the dialogue.
Modern background -noise suppressiou amplifiers are generally constructed to use five stages of noise re-

duction of 5 dB each, that may be inserted singly or together, reducing the
noise by an equivalent amount. During

SOIWE S,1PPCSSIXt

(i) O

it
Fig.

18-1048. Magna -Tech Model 348, solid-state background -noise suppression
amplifier.
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periods of no modulation, the attenuation of these stages is reduced rapidly
to zero, to permit the program signal to
be passed without attenuation. The
noise thresholds of the various stages

recording system is the maximum sig-

are staggered to remove the background
noise gradually.

tem is an input signal that is one-half

During its operation, by inserting the

first stage the signal-to-noise ratio

is

increased by 5 dB. Inserting the second
stage increases the ratio by another 5
dB, and so on for the additional stages.
In this manner, a total of 25 -dB background reduction can be attained. The

attack time is on the order of 1 millisecond, and the release time is adjustable in three steps-fast, medium, and
slow. By selecting the proper release
time, sibilant distortion and reverberation in sound tracks can be considerably reduced. As mentioned previously,
in the initial adjustment for a given sit-

nal

amplitude that may be applied

without overloading or with reference
to a given amount of distortion. Fifty percent modulation of a recording systhe maximum signal amplitude, or 6 dB
down from 100 -percent modulation. In
Fig. 18-24A is shown percentage modu-

lation of a light modulator for optical
film recording with reference to the
maximum signal amplitude or 100 -percent modulation.
18.110
How is percent modulation
of o recording system calculated?-Percent modulation may he calculated:
Percent modulation = -B x 100
where,
A is the signal amplitude,

B is the carrier amplitude (the clear
area of the film base).

uation, care must be taken to avoid
clipping the end of the words, or using
too much background reduction.

78.117 Define the term "rorecording."-Whenever a sound track is re-

What is an electronic mixer?

corded a second time it is said to be re-

-It is another name for a compressor limiter amplifier.

recorded. In the motion picture indus-

18.705

dynamic noise
suppressor?-A method of suppressing
18.106

What

is

a

noise in recording circuits by controlling the bandwidth of the reproducing
circuits. The control circuits make use
of a reactance tube, electronic gating,
and filter circuits. The bandwidths of
the reproducing circuits are automatically controlled by the amount and

character of the noise in the recorded
material.
18.107

What is comprex recording?

-A system of recording in which the
original sound track is compressed a
given amount reducing the dynamic
range. When reproduced, the sound
track is expanded the exact amount it
was compressed. Because of the difficulty of controlling both the recording
and reproducing characteristics, it has
not been accepted commercially.
18.108 What is oeermodulation?Overloading or overshooting the maximum amplitude for a given recording
system. Overmodulating increases harmonic and intermodulation distortion.
18.109 What does the term "percentage modulation" mean?-It is the
percentage of the applied signal with
reference to the maximum signal that
may be applied to a recording system.
One hundred -percent modulation of a

try, it is common practice to rerecord all
sound tracks into one composite track
called a master. During the rerecording
operation, music and sound effects are
added as required and the levels
smoothed out.
18.112 Define the term "dubbing."
-In the early days of sound motion pictures when only disc records weic used,
the process of rerecording disc records
was termed duplicating. The area where
this work was performed was called the

duplicating room, or "dupe -room." In
some studios, the term "doubling" was
also used. This term then degenerated
to

dubbing

and

has

remained

so

throughout the years. Therefore, dubbing has become the expression for rerecording and vice versa.
18.113 What is lip-sync?-A

re-

cording procedure for recording dialogue by actors while watching a silent
motion picture. The words desired are
spoken in synchronization with the lip
motion of the characters in the picture
and recorded. Sometimes, previously
recorded dialogue is used for timing
and inflection.
18.114

Describe the mechanographic

system of recording.-This is a system
where the sound track is engraved in
an opaque film. The finished sound
track is similar in appearance to a vari-
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able -area sound track and is reproduced using a photocell. This system

18.117 Whet is the purpose of a 45 Ha high-pass filter in a rerecording chon-

was invented by James A. Miller of the
Phillips Miller Co., of Holland.

nell-To limit the response of the chan-

tor low-pass filterT-A low-pass filter
used in rerecording channel monitoring
systems, having the frequency characteristics of the average motion picture
theater. This filter was used when photographic film was the only medium for

nel at the low frequencies. The original
optical film rerecording channels contained such a filter to eliminate the effect of low -frequency rumble in reproducers, which generally occured below
45 Hz. Unless very wide -range recording is being done, many recording activities still use a 45 -Hz high-pass filter

recording sound for theater use. The

to remove the possibility of low -fre-

characteristics of this filter were based
on hundreds of acoustical measurements in theaters conducted throughout

quency noise. High-pass filters are also

What is a rerecording moni-

18.116

used in transfer channels in combination with optical recording equipment.

the United States. A composite was

(See Question 18.331.)
18.118
What ore the bandwidths
used for production recording and rerecording?-For production recording involving only dialogue and using 1/4 -inch

then made of the measurements and the

filter designed accordingly. The rerecording mixer was then in a position to
better judge the final recording. The
frequency response is that shown in

magnetic tape, the bandwidth is 40 to

curve (a) Fig. 18-115. Since magnetic

8000 Hz, with dialogue equalization be-

sound tracks are used extensively in
theaters, a rerecording filter is seldom

ing used below 800 Hz, and the mid-

used.

above 1500 Hz. If the production channel uses 16 -mm magnetic film, the
high -frequency response will be about
7000 Hz, and for 17.5 mm, about 8000
Hz. The best dialogue recording is ob-

range

In the rerecording of 16- and 35 -mm
optical sound track, it may he desirable

to include in the rerecording monitor
system a low-pass filter, having the
characteristic given in curves (b) or

high -frequency

equalization

tained when this frequency range

is

(c). In some installations, only a 10,000 -

used.

Hz low-pass filter is used and is left in
the monitoring circuit permanently.

generally 40 to 8000 Hz. This is particu-

For rerecording, the bandwidth

What is a monitor cord?-A

18.116

larly true if the final product to be released uses an optical sound track. If
the release print uses magnetic sound
track, the music is sometimes extended

scale on a film recorder for indicating
the percentage modulation of the light
modulator to the recordist. Calibrations
are also included to aid in the setting
of the noise -reduction bias current and

to 10,000 Hz. However, this will depend
entirely on the type of music, and
whether the distortion is low in the

margin.
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original sound track. Generally speaking, for either type release print, a frequency range of 40 to 8000 Hz will be
quite satisfactory. (See Question 6.122.)
18.119 Describe a photocell IPEC1
monitor system used in photographic
film recorders.-Photocell or PEC monitoring, as it is sometimes called, is a

method used to monitor directly from
the modulations of the light modulator
in a photographic film recorder and is
used by both RCA and Westrex. A portion of the modulated light beam is split
off and passed through an optical system, amplified, and is available over the
monitor system for comparison with the
direct sound and that generated by the
light modulator.
Early type film recorders monitored

through the film base by placing the
phototube behind the film. However,
this method is now obsolete, as the film
created a high -frequency hiss in its
passage in front of the phototube, and
the monitoring system required considerable high -frequency equalization to
compensate for the loss of high fre-

0000000000
1111111111,111111M11,117/11111

fir,,.

aaa .11111111101.11,1

Fig. 18-1208. A 35/32 film base with a
single 16 -mm sound track.

sound track is recorded near the center
at a distance equivalent to sound track

placement for 16 -mm film. After recording the full length of the roll, without rewinding, the film is rethreaded on
the recorder and a second track is recorded.

After the film has been processed, it
is split down the center and 1.5 -mm of
film is removed from the two outer
edges. This results m two 16 -mm sound

tracks from a single base. Hence, the
name 35/32 -mm film.
In a second method, a single sound
track is recorded in the exact center of

the film (Fig. 18-120B). After processing, the film is not split. Both these
methods result in considerable saving of
storage space, as the storage of film becomes quite a problem in a large studio

quencies.

where several million feet must be

A modern PEC monitoring system
used by Westrex is illustrated in Fig.
18-26B. The method used by RCA is

stored every year.

quite similar.
What is 35/32 -mm optical
18.120

type recording. Because of the demand

film recording stock?-It is a standard
35 -mm film base with 16 -mm perforations, as shown in Fig. 18-120A, and is
used in 35 -mm film recorders that have
been modified to run at a speed of 36

It is the policy of most studios to
modify their older recorders for this
for this type recording, film manufacturers now supply a 32 -mm base film
with 16 -mm perforations.

fpm.

Two methods of recording the sound
tracks are used. In the first method, the

00 Cs POSVIK

NSIY

Fig. 18-121. A typical H and D curve.
18.121
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What is an H and D curve?

-A curve showing the relationship of
exposure to density for a given film
emulsion. This curve was originated by
WIND

MOOT
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Fig. 18-120A. A 35/32 film base with
two 16 -mm sound tracks.

Hurter and Drillield, hence its name.
It is also known as a D Log E curve
A typical H and D curve is shown in
Fig. 18-121.
18.122 What is a D Log E curve?See Question 18.121.
18.123 Define the term "density"?

It is the common logarithm of opacity.
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What is log density?-An

quency distortion, sibilance, signal-to-

increase in density caused by development and is not due to exposure.
18.125 How is the correct density
for sound track negative and print deteriniimdl-For variable -area recording,
by the cross -modulation method. For

noise ratio, and whether noise reduction
breathing can be detected. Sibilance

variable -density, by the intermodula-

tive densities will cause high -frequency

tion method.
18.126 Whet is o cross -modulation

distortion, which is similar in sound to

18.124

should not be confused with high -frequency distortion as there is a considerable difference between the two. Improper combinations of print and negaexcessive sibilance.

test?-A test used with variable -area

The output level will vary with dif-

recording to determine the correct neg-

ferent combinations of negative and

ative and print densities by measuring the M1 -in of the valleys between

print density. Select a combination for
the best reproduction of the high frequencies and overall level. Although
the foregoing method is not entirely
satisfactory, it can be used for either

modulations.
18.127 What is an intermodulation

test? -A test used in variable -density
recording for determining the correct
negative and print densities. The inter modulation distortion is measured for
a combination of negative and print

variable -density or variable -area sound
tracks when test equipment is not available. However, whenever possible, the

sults in the lowest distortion is the optimum value of negative and print den-

densities should he determined by the
use of an intermodulation analyzer or
cross -modulation oscillator for best results. It is the policy of most recording
activities to hold the print density to a

sity.
18.128

given value. If subsequent tests indicate
a change in density because of a change

density that will result in the lowest
distortion. The coinhination which re-

How are the optimum negative and print densities determtned, if
availed:40-13y
making a series of exposure tests starting at a low -exposure lump current settest

equipment is

not

ting and increasing the exposure current in fractions of an ampere in the
following manner:
Assume the manufacturer's recommendation is that the exposure lamp be
operated at 5.6 amperes. Start at 5.4
amperes and record sibilant words such
as, "sister Susie is sewing shirts for
soldiers," or "she sells sea shells by the
seashore." Do this for every 0.20 -am-

pere increase of the current until 6.6
amperes is reached.

Develop several samples of unexposed sound recording stock at developing times of 4, 5, 6, 7, 8, 9, and 10
minutes. This test is to determine how
long the film may be developed without
the fog exceeding 0.06. Next, develop
the exposure tests to the maximum time

emulsions, the negative density is
changed rather than the print density,
as this method simplifies the making of
future prints. Also, in this way the print
density is always an optimum value.
ir.

18.129 Are tests required every
time the emulsion is changed?-Yes.

Every time a new emulsion number is
used, tests must be made to determine
the correct negative density, lamp current, and high -frequency loss. (See
Question 18.160.)
18.130 What is image spreed?-It

is a term used to indicate the growth
of the silver image beyond the outline
of the optical image which originally
formed it. A negative which has been
properly exposed and processed will
appear clean and sharp under a microscope. A good print will appear almost
as sharp as the negative, with only
slight deterioration.
If a variable -area negative is ex-

determined by the fog test and then

amined under a microscope, it will be

make prints for each sound track negative at the following densities: 120,
1.30, 1.40, 1.50, and 1.60. The print fog

noted the peaks of the modulations appear to be slightly rounded when com-

density must not exceed a density of

be sharp. This nonsynunetry is caused

0.30.

by the high density of the negative.

Play back the prints, starting with
the lightest density, on a reproducer

Image spread is necessary in the negative to compensate for the image spread
in the print which is an the opposite
direction. For variable -area recording,

having a known frequency response and
pay particular attention to high -fre-

pared to the valleys which appear to
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the print density should be approximately 1.40 for satisfactory reproduction
and good signal-to-noise ratio.
18.131
What is the principal cause

of image spreod?-Reflection and refraction in the film base between the
halide grains and the surrounding gelatin causing the light to be scattered.
Scattered light produces a latent image
in the grains outside the exposure area.
Therefore, as the density is increased,

distortion of the modulation image increases. When developed at low density, peaks of modulations are reduced.
For high densities, they are increased.
18.132 What is the effect on reproduction if the imago spread is toe
great?-The reproduction appears to

have excessive sibilance. However, this
is actua:ly not the case, but is high frequency distortion.
/8.133 How does the density of

print affect the electrical output from
a photocell in a reproducer?-The output voltage from the photocell is directly proportional to the change in
transmission between the light and dark
areas of the sound track.

18.138
What is the dynamic range
of a 35 -mm sound trackt-Frorr. 40 to
50 dB. 45 dB is about average when
good quality control is maintained.
18.139 What is an "A" or "B" film
winding?-A method of winding 16 -mm
optical or magnetic recording stock to
bring the sprocket holes into the right
position for a given optical or magnetic

film recorder. When purchasing 16 -mm

film, the type winding must be specified. The USASI (ASA) Standard for
16 -mm film winding is given in Fig.
18-139. It will be observed that the
emulsion or magnetic coating is inside
for either type winding.
18.140

Is the "A" or "IV winding

used with 35 -mm film?-No. Only with
16 -mm film.
18.141
What is the color sensitivity

of sound recording film?-It is blue -sensitive only.
18.142

Con

the

same

recording

stock be used for both voriable-area and

variable-density?-No. They require different

emulsions

and

characteristics.

For variable-arca recording, the recording stock has fine grain and high

What routine tests should

contrast to permit the attaining of a

be made to maintain a uniform product?

sharp image over a wide range of frequencies. The control gamma generally
falls between 3.0 and 3.20. Recording
stock used (or variable -density record-

18.131

-Exposure tests to determine whether
any change has taken place due to
aging in the exposure lamp. This may
be ascertained by running a series of
wide -track exposures and reading the
densities, then comparing them with

previous tests against a standard developing time, or by means of a photometer mounted on the recorder.
18.135
What type film is used for
recording sound?-Although the film
used for sound recording is called
sound -positive, when it is exposed and
developed, the image is black. A nega-

tive sound track is shown at (a) in
Fig. 18-288 and a positive one is shown
at (b).
18-151.)

18.136

(See

Questions

18.142

and

What is a negative blow-up?

-A 35 -nun sound track made from a
16 -mm sound track by optical enlargement. This practice is not recommended
because of the increased background
noise, image, spread, and distortion.
However, reducing a 35 -mm negative to
16 mm is common practice, as very satisfactory results are obtained.
18.137 What is the dynamic range
of a 16 -ems sound track?-Approximately 35 to 40 dB.

ing

is also fine grain, but with lower

contrast, with the control gamma falling
between 0.40 and 0.60. Although the
foregoing stock is referred to as sound positive stock, the word positive is used

only to indicate that the speed of the
film is similar to release print stock and
can be handled under the same safe light conditions. Positive perforations

are used in both types of film.
Questions 18.135,

18.150,

and

(See

18.151.)

Both emulsions arc blue -sensitive only,
and employ a gray antihilation base.
18.143 Show a flowchart for 16 -mm
black and white negative and sound
track.-See chart in Fig. 18-14.3.
18.144 Show a flowchart for 16 -mm
color reversal original and sound frock.
-Such a chart is given in Fig. 18-144.
18.145 Show the method of producing 16.mm positive prints from black
and white film, using 35/32 method,
with sound track.-Such a method

given in Fig. 18-145.
18.146 Give a flowchart for 35 -mm
color negative and sound track.- Such
chart is pictured in Fig. 18-146.
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American Standard

A and B Windings of 16mm Film,
Perforated One Edge

PH22.7 5-1953

Winding B

Winding A
Emulsion side in

Emulsion side in

(With the types of winding described below, the emulsion side of the Alm
shall face the center of the rol1.1

1. Scope
The purpose of th.s stondord is to insure

1.1

a uniform method of designating the type of
winding (the location of the perforated edge)
when ordering or describing 16mm row -stock
film with the perforations along one edge.

hove the perforotions along the edge away
from the observer. No preference for either
type of winding is implied, since both types
ore required for use on existing equipment
3.

Film on Spools for Daylight
Loading

2. film on Cores for Darkroom

When the film is wound on a spool with
o square hole in one flange and a round hole
in the other flange. it shall be specified as
3.1

Loading
When a roll of 16mm row stock, perforated along one edge, is held so that the
outside end of the film leaves the roll at the
top and toward the right, winding A shall
hose the perforolions along the edge of the
2.1

rim toward the observer. and winding B shall

winding B when wound as described for B
above and with the square hole on the side
away from the observer. W.ndings other than
winding B. on Spank, ore considered as Ipeciol.order products.

Appendix
Oho append.. is not a port of rtimm con Ssonda,d and B Windings of lem
Performed One Edge, PH22 73 1953 I

Al. The types ol winding cen.ed by ri.s Pandora

square hole in ere Range and a round /tote in the

Oct limited to thous which we

other. con be wound m whet ways than Sal de.

Al.

It

IS

general use

recognized Mot film on spools, with o

wnrrn'19 B. and 'hot for special purposes
.here w-indings moy be oirpplied commercially
tic,rhed

Appeared Dircombei 17, 1953, by The American &order& Association. Incorporared
Sponsor Society of Mahon Picture and Television Engineers

so....
40

i4 1 4.144444 404o

l'ori 565 SIM., Pew 'fork It. IL

.

1.411
I.
54S. WM

4

PM, 2: Ci.te

Fig. 18-139. USASI (ASAI Standard for A and B wind 16 -mm film. This Standard
was originated in 1953 and reaffirmed in 1961.
18.147 What is raw stock? Unexposed film.
18.148 What is safety base filial-

A film base made from a slow burning
material called acetate. This base is
used in the manufacture of all present-

day 35 -mm motion picture film. Safety

base film may be identified by small
marks placed at a distance of one frame
along the edge of the sprocket holes and

the words safety film. The marks are
parallel to the film length and distin-
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Fig

18-143. Flowchart for 16 -mm block and white negative and sound track. (Courtesy, General Film Laboratories, Division of DeLuze Laboratories, Inc.)
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16mm 6/W Rtvei.
Daily Work Fivnt

16nwn Cigar Reversal
Daily linsniorire

110099
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likern CoMe
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A -WIND
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NEGATIVE

16mm
B -WIND
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NEGATIVE

Fig. 18.144. 16 -mm color -reversal original and sound track_ ,Courtesy, General Film
Laboratories, Division of DeLisse Laboratories Inc.;
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guish safety base film from the older
nitrate base type. The marks may be

filter, a somewhat better image is obtained with its use. Such emulsions may
be loaded, using a red light in the dark
room, inasmuch as they are insensitive
to red light. The antihalation backing is

seen in Fig. 18-148.
18.149 What it a nitrate base film?

-A highly inflammable material formerly used for the making of motion

a gray dye which serves to prevent
halation. If the dye were not present,
light penetrating the emulsion would

picture film base before the introduction of safety base film. Nitrate base
film may be identified by small marks

be reflected at an angle from the back
of the base to strike the emulsion again
and cause halation around the image of
the sound track. By using an antihalation backing, the light not absorbed by
the emulsion undergoes absorptive action of the dye twice in order to return
to the emulsion. Under these circumstances, the chances of halation occur lag are practically nonexistent. The dye

in the sprocket hole area placed at right
angles to the film length. Nitrate film is

no longer manufactured in the United
States because of its inflammatory na-

ture. However, many valuable nitrate
base films are still in archival vaults
throughout the world; therefore, if
there is contact with nitrate film, it
must be handled with extreme care
18.150

does not bleach out when the film is
processed and it has no effect on the
printing, except that the lamp current

What is line -grain sound re-

cording stock?-A fine-grain emulsion
with an antihalation base with a grain
size much finer than emulsions used
prior to 1939. Although fine-grain film
does not require a blue or ultraviolet

must be increased slightly.
18.151
Why is a positive stock used
for sound fecordinal- The negative

itog

35mm

ore

131W

Negative

35mm B/W
Master
Positive

SOUND
NAST ER

35132mm
61W

35,32
SOUND
NEGATIVE

.

Dupe

.

Neg live
WM'

35/32mm
61W

Positive

Print

Ve
.1Pnal
Fig. 18-145. The 35/32 -mm method of producing l6 -mm positive prints from black
and white films. !Courtesy, General Film Laboratories, Division of Deluxe Laboratories, Inc.)
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35mm 8(W
Pan -Master

Positive

Dupe

3Srnen B/W
Dupe

Negative

Negative

35mm Color

35mm 81W
Positive
Print

Pouter
Print

Fig. 18-146. 35 -mm color negative flowchart with sound track. (Courtesy, General
Laboratories, Division of DeLuse Laboratories, Inc.)
stock used for the picture is not suitable
for sound reproduction because of the
higher background noise. The finer
grain of a positive emulsion has a
greater signal-to-noise ratio.
18.132

What is a ttttt sal film?-

One which, after exposure, is processed
to produce a positive rather than a negative image. (See Question 18.287.)
Under what conditions should
sound recording film be stored? Nega18.153

live reversal and sound film may be
stored for a period of 6 months in a
temperature not to exceed 55 degrees
Fahrenheit, provided it is in the sealed
cans as received from the manufacturer.
For positive stock, the maximum storage
temperature is 65 degrees Fahrenheit. In

both instances, the relative humidity
must not exceed 50 to 60 percent. Sound

stock, when exposed, should be processed as soon as possible. Film may be

subjected to temperatures from minus
65 degrees F to 160 degrees F. However,
at the lower temperatures, the film
speed is reduced and the film requires a

much longer exposure time. Above 70
degrees sensitometric deterioration of

the emulsion is much more rapid. At

Fig. 18-148. Method of identifying 35 mm safety base film.

temperatures of 200 degrees, raw stock
becomes badly fogged, with shrinkage
and deterioration increasing rapidly.
18.154
What is projection pelnting?
-A method of reducing a 35 -mm sound
track or picture by optically projecting
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the image of the negative on the print
stock. It is more commonly known as
optical reduction printing. (See Question 18.157.)
18.155 Define the terms "inserted"

and "wound -on" relative to motion pictrue film row stock.-The expression
"wound -on" is used to denote that the

film is wound tightly on a core which
cannot be removed from the roll, except

by rewinding the film. Inserted means
that the film initially was wound using
a collapsible mandrel, and the core has
been inserted in the roll. Thus, the film
is not actually attached to the core.
\Then received from the manufacturer,
sound recording stock is wound -on.
When purchasing 16 -mm film, the type

winding "A" or "B" must be specified.
(See Question 18.139.) The cores for
35 -mm stock are supplied with or without a keyway in the core, and they arc

generally referred to as male and female cores. Therefore, when ordering
35 -mm stock, the type core must be
stated.
18.156

Can a negative sound track
be developed in o positive -type solution?

-Yes. This is often done In small laboratories where it is Unpractical to have
both negative and positive developing
machines. The developing solution is

slightly different from that used for
normal positive

development.

is projected on a prism C through the
optical system B by the exciter lamp D.
The projected image of the sound track
is turned 90 degrees by the prism both
at the head end and at the point where
it enters the 16 -mm section of the
printer. A second optical system E fo-

cuses the sound track on the 16 -mm
raw stock at F.
18.158 What ore the principal objections to optical reduction sound
tracks?-Possible increase in the background noise and distortion, as well as
loss of high frequencies as a result of
print slippage. Also, the printer may induce flutter in the final print. However,
all of these defects may be controlled by
close maintenance of the machine.
18.159 What is a contact sound-

printer?-A sound printer in
which the negative sound track is held
in close contact with the print stock on
which the image is to be printed.
track

18.160 What method is used by the
manufacturer of row stock to indicate
new emulsion run?-The manufacturers
of raw stock number their emulsions in
different manners. Eastman Kodak uses
three groups of figures. The first group
designates the type emulsion, the sec-

ond group the emulsion run, and the
third group the emulsion cut. A typical
number might be:

Cross -

modulation tests are made in the same
manner and plotted as for normal sound
track negative development.
/8.157 What ore the basic principles of an optical reduction sound track
printer?-The basic components are
shown in Fig. 18-157. The 35 -mm sound
track A to be optically reduced to

16 -mm is placed at the left end of the
machine. The image of the sound track

Type

Run

Cut

5375

101

21

If the second group of figures is different from those on the stock previously
used for recording, a new set of cross modulation or intermodulation tests is
in order to determine the correct negative and print densities. Under certain
instances different emulsion cuts will
require a different exposure lamp current; therefore, a lamp test is required.
18.161
What ore the laboratory
processing tolerances for negative and

PRISM

OPTICAL
SYSTEM

print sound -track densities?-Most laboratories can hold the requested densities
within plus or minus 065 points. Thus,
if a negative density of 2.50 is requested,
the density could vary from 2.45 to 2.55.

For a print of 1.40, the density could
vary from 1.35 to 1.45. Under no cir-

as -w
F14.14

A

-sr

Fig. 1 8-1 5 7. Basic components of the

optical reduction printer.

cumstances should the density be permitted to exceed 0.10 points from the
optimum density.
78.162 Is it permissible to hold the
print density at a given value and vary
the

negative

density

when

changing
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59

5.0

Fig. 18-163A. Exposure lamp current plotted versus negative density for 16 -mm Mm.
emulsions? - Yes. The print density
should be held at a given value and

how is it used with a film recorderl-lt

small variations, as required, made in
the negative density. By this method

type which is placed in such a position
that a portion of the exposure light in
the recording
light-sensitive target. Although the ex-

is

prints may be ordered at any future
time knowing that the print density will
always be correct. If such a system is
not adopted, it will be necessary to
specify a different print density for each
sound track. With different print densities, the output level will change and
make it difficult to intercut sound tracks
made at different times.
18.163 What is a photometer and

a

photocell of the self -generating

posure lamp is initially set by its current, the final adjustment is made by
the photometer. As the exposure lamp
ages, the emitted light falls off and, for
a given ampere setting, less light is obtained. If the reading of the photometer
is noted when the exposure lamp is first
calibrated, it may be used to set the

MEM
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Fig. 18-1635. Typical photometer reading ye sus exposure lamp current for 35 -mm
Film. Readings for two lamps ore given to show the difference in exposure between
the lamps.
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lamp current for the same amount of
illumination each time. Thus, the recordist is assured of the correct exposure at all times. It is also a good indicator as to when the exposure lamp
should be changed. Recorders such as
Fig. 18-26A, F,

those in

and G are

equipped with photometers. A typical
plot of exposure lamp versus negative
density for 16 -mm film is shown in Fig.
18-163A. The actual readings are shown
by the dots above and below the line.
For all practical purposes, the line can
be assumed to be straight. Fig. 18-163B
is a plot of photometer readings versus
exposure lamp current for 35 -mm film.
Two lamps are plotted to illustrate the
difference in exposure for a given lamp.
This indicates the importance of a photometer.
18.164

What is a working print?A print used by the editorial department for editing purposes. When completed, the negative is cut and a new
print made for rerecording.
18.165 What does the term "opacity" mean?-It is the amount of opposition offered to light transmission by exposed and unexposed film. It is the reciprocal of transmission. A table of
opacities is given in Section 25.
18.166

What is percent transmission

of film?-The amount of light that will
pass through an exposed and processed

film. Percent transmission may be expressed:

Transmission = 100 x

L.

where,

La is the total incident light,
L, is the total light through the film.

Generally, the transmission of film
measured in terms of its opacity:

is

Density = Log Opacity
1

T
where,

T is the transmission.
(See Fig. 25-160.)
18.167 What are dailies or rushes?

-The first print made from the previous day's shooting. The picture and
sound track are placed in sync by the
cutting department and run for the director, camera, and sound departments
to check picture and sound quality.
18.168 What is the aperture effect?
-A term applied to the high -frequency

harmonic distortion caused by the height

of the recording and reproducer apertures. For recording, the slit height
should be as small as practicable to reduce the effects of harmonic distortion.

The slit height in a modern film recorder is approximately 0.25 mil. To
reproduce 9000 Hz with minimum distortion, the reproduce slit should be
1.0 mil, in order to cancel second harmonic distortion.
Motion picture theater reproducing
equipment as a rule employs slits of
1.2 to 1.3 mils in height. Such heights
may be used because the frequency response is limited to approximately 8000
Hz.

18.169 What is film -loss equalisation?-Film-loss equalization is equalization inserted in the recording circuit

of a photographic film recorder to compensate for the high -frequency loss of
the film. High -frequency loss is due to
the characteristics of the film, linear
speed, optics, printer loss, and processing losses. (See Question 6.127.)
18.170
How is film loss measured?

-When a new recorder is installed or
the optical system is overhauled, it is
necessary to make film -loss measurements to establish the amount of film loss equalization required to compensate for the characteristics of the film,
linear speed, optical printer, and processing losses. All equalization and filters
normally used in the recording channel
(except in the instance of a light valve
equalizer) are removed. Frequencies of
interest, generality 400 Hz to 10,000 Hz,
are applied to the input of the recording

amplifier, and the light modulator

is

deflected by 80 -percent modulation (2
dB below 100 -percent modulation) as
accurately as possible for each frequency.

After the negative has been recorded
and processed, the peak amplitudes of
each frequency are measured with a
calibrated microscope or optical cornparitor. The results arc plotted, frequency versus amplitude, as shown in
Fig.

18-170A. The amplitudes of the

print arc measured in a similar manner.
Before measuring the print, a frequency -response measurement of the
reproducer must be made, using a multifrequency test film. From its frequency -response test, necessary correc-

tions arc determined and applied to the
print measurement to compensate for
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Fig. 18-170A. Negative and print losses for 35 -mm variable -area film.
the variations in

area film, a negative density of about
2.40 and a print density of 1.40 will be
satisfactory. After the film equalization

the reproducer re-

sponse.

If both the negative and print arc
measured using a comparitor, the difference between the two is the printer
loss. The negative cannot be successfully measured in a reproducer.
If the print density is satisfactory.
the required film -loss equalization will
be an inverse characteristic of the film
loss. The measurements given in Figs.

has been established, cross -modulation

or intermodulation measurements are
then made, as discussed in Questions
18.232, and 18.274 through 18.277. Film -

loss equalization requires no further attention when once established, unless
there is some radical change in the

method of processing, printing, or other
devices directly affecting the recording
on the negative. Film -loss equalizers
are discussed in Question 6.127.
The variations in the negative response of Fig. 18-170A are caused by
the slight variations in reading the op-

18-170A and B are for galvanometer re-

cording. Typical film -loss characteris-

tics using a light valve for both variable -area and variable -density film are
given in Figs. 18-170C and D.
To make the initial recording for
variable -density film, an exposure is

tical comparitor. It will be observed

that the graduations for this particular

made for a negative density of about
0.48 and a print of 0.6. For variable-

S

§s

i i i ii i

g

graph arc 0.2 dB per graduation.

.

N

. .0 .(I ... .
ID

10

,

REFERENCE
FREOUENCY

/....

.x.

0
N

IC P 0 -

I

+ IQ

*5

../Y-°

-- ________

a..".

"NAPP.A-

0

'1.

5

...,

10

EQUAL T TION
PRINT LOSS
RESULTANT

-o-.-:- - ----
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recorded variable -area frequency characteristics using
light valve. Response is measured electrically.

Typical

such an equalizer, strapped for a 7 -dB
insertion loss. The amount of equalization depends on the type of light valve.
(See Question 18.15, and Fig. 18-26E.)

18.171
How is a sound head equalized for a uniform frequency responsel-

By playing back a multifrequency film
and adjusting the sound head optical

18.174 Give a recording characteristic suitable for optically reducing 3.5-mni
sound track to 16 -mm sound track.-

system for maximum output at 9000 Hz.

The equalization in the photocell preamplifier is then adjusted for a uniform
output frequency characteristic.

Such a characteristic is given in Fig.
18-175. It will be noted that an 80 -Hz
high-pass filter is used to limit the low frequency end. A small amount of mid-

What is the loss per genera-

18.172

o

tion of rerecorded film?-For each generation, approximately 85 percent of the
resolving power remains.
18.173 Show the characteristics of

range

high -frequency equalization

is

used to compensate for losses in this
region and to add presence to the re-

o light -valve equalizer. - Light valves
have a rising frequency characteristic
caused by the resonant frequency of
the ribbons, starting at about 3000 Hz
and continuing to a resonant peak of

production.

The

magnitude

of

the

equalization will vary with the optical
reduction machines and laboratory
processing; therefore, the characteristic

approximately 6 dB at 6000 Hz. To com-

shown is only for guidance. Listening

pensate for this rising characteristic, a
light -valve equalizer is employed, with
a frequency characteristic inverse to
that of the light valve. In Fig. 18-175 is
shown the frequency characteristic for

tests must be conducted and the characteristic altered to determine the final
characteristic.
18.175 What arc the techniques
used for rerecording 16 -mm sound track?
L
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Fig. 18-170D. Typical recorded variable -density frequency characteristics using a
light valve. Response is measured electrically.
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1 8-1 7 3. Light -valve equaliser characteristic for Westres light valves.

-Because the dynamic range of 16-nini
film is considerably less than 35 -mm
film, it is necessary that 16 -mm dialogue be recorded at approximately 75 to 80 -percent modulation. To aid the
mixer in obtaining a correct balance
and to bring the lower levels up to an
intelligible level (for television), the
monitor level is lowered 4 dB below
that normally used for 35-mni rerecording. The frequency response of the
monitor should be cut off at about 6000
Hz. For dialogue, an 80 -Hz high-pass

compensator is used in the recording
circuit to permit the making of a high density print (1.5 to 1.9), with lower
cross -modulation products. This is accomplished by predistorting the recorded signal in order to cancel the

filter is employed to limit the low -frequency end. A suggested recording

biased galvanometer. (See Questions
18.201 and 18.246.)
18.177 Describe the various optical
test films available for photographic

characteristic is given in Fig. 18-175.
18.176 Describe the characteristics
of a direct -positive recording.-Directpositive recordings are made using a
variable -area sound track, recorded
with either a light valve or galvanometer. The track is developed to a gamma
of 2.5 to 3.0. and exposed for a density
as determined by cross -modulation or
sibilant tests. In some instances, a special device called a cross -modulation

cross -modulation components produced

by image spread due to the high density. A typical frequency response from
16 -mm direct -positive recording is
shown in Fig. 18-176. The cross -modulation compensator is a development of
a

RCA, and can only he used with a

sound equipment.-Test films for optical
devices, like those for magnetic equipment, are many and varied. Among
these are: multifrequency test films,

Academy test film (with picture) consisting of products from the majority of
the major studios, focusing azimuth,
flutter, and many others. Also available
are special test films for television
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Fig. 1 8-1 7 5. Suggested recording characteristic for rerecording 35 -mm sound tracks

to 16 -mm photographic film.
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equipment. These films may be obtained

tape machines arc often used for this

from the Society of Motion Picture and
and Television Engineers (SMPTE).

purpose.
18.182

What
does
the
term
"gamma" meon?-The gamma of a pho18.178

tographic material is the slope of the

straight-line portion of an H and D
curve, as shown in Fig. 18-121. Gamma
represents the rate of change of the
photographic density with the logarithm
of exposure, and does not by itself define the contrast of the negative or print,
but is only one of the many contributing
factors in the processing chain of events.
Both gamma and density are specifications used in the development of photographic sound track.
18.179 What does the term "print up" or "print -down mean? -1t is associ-

cated with a method used in printing
variable -density souud tracks to increase or decrease the output level by
changing the overage transmission. The
purpose of the change from normal is to

increase the output level for main or
end title music and to obtain the greatest dramatic effect in certain portions of
the film. By this method, an increase of
4

to

6 dB may he gained in the re-

lease print. The output increases when
the sound track is printed lighter than
normal, thus increasing the dynamic
range.
18.180

What is a film buckle?-It
2 condition which occurs when the
film in a camera or sound recorder

What h a blimp?-A sound
deadening cover placed over a motion
picture camera on a motion picture set
to prevent the noise of the camera
movement from being picked up by the
microphone. It is also called a barney
(horse blanket).
18.183

What is grandeur film?-A

70 -mm film introduced by 20th Century
Fox several years ago for wide screen
projection.
18.184 What is a loading bag?-A
cloth bag with arm sleeves for loading
film in daylight.
18.185 What is papering a sound
track?-Dropping small pieces of paper
in the reel while it is running to mark
a cue or rewind point.
18.186 What is a montage? -A

group of dissolves and superimpositions.

A term used by the special -effects department of a motion picture studio to
descrihe a jumble of pictures or sounds.
18.187 What are edge numbers?-

A series of numbers with key letters
appearing along the edge of negative
film. Their purpose is to identify the
footage of sound track or picture. Such
numbers may he seen on the film outside the sprocket holes in Fig. 18-191.
18.188 What is the purpose of waxing film?-To prevent the film from

is

sticking to the shoes of the projector
aperture plate. The wax is applied to

jumps the sprockets and piles up in the
transport system. As a rule, a switch is
provided to protect the equipment
when this occurs.
18.181
What is a scratch track?-A
temporary sound track used for cuing
purposes only. It is generally made by
a person other than the one who will do
the final recording. One -quarter inch -

the edges of the film.
18.189 What is green film?-Film
which has not been properly dried and

waxed. Green film when run through
a projection machine will stick to the
aperture plates causing the emulsion to
pile up and damage the sprocket holes.

Green film also causes the picture to
go in and out of focus. Sticking to the
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printer and used in a motion picture
processing laboratory for the control of
gamma. A typical gamma strip appears
in Fig. 18-191.
18.194 What is a control strip?A gamma strip as described in Question
18.191.

18.193

What is a loading hook? --A

metal rod bent in the form of a square
hook and used for releasing the light
trap in a film magazine when loading
the magazine.
/8.1 9 6 Describe the construction of

Fig.

1 8-1 9 O. A

cincx strip.

Fig.

1 8-1 9 1.

A

sensitometric strip.

aperture plate can he prevented by applying a mixture of beeswax and carbon

tetrachloride, or special solutions developed for this purpose, to the film.
18.190 What is a cinex strip?-A
film strip with a series of exposures
corresponding to standard printer lights
from 1 to 21. Each succeeding exposure
is given a greater exposure than that of
the previous one, as shown in Fig.
18-190.

18.191

What is a sensitometric test

strip?-A strip of film containing

a

series of graded exposures as shown in
Fig. 18-191. It is used for quality control
in film -processing laboratories. It is also
called a gamma strip.
18.191 What are
printer light
steps?-.Varying degrees of printer light

intensity for increasing or decreasing
the density of exposure on a printing
machine. The film illustrated in Fig.
18-190 is a typical example of the differ-

ent light steps of a printer. Printers for
sound -track printing include half-step
lights.
18.193 What is a gamma strip?-A
film strip exposed in a sensitometric

a densitometer.-A densitometer is basically a sensitive light meter for measuring the density of exposure of motion picture film, in either the picture or
sound track areas, for both black and
white or color.
The Westrex Model RA -1100H, pictured in Fig. 18-196A is a direct -reading integrating -sphere type electrical
densitometer using two photocells for
measuring the ratio between the light
transmission with and without the film
in the beam of light. Light from an exciter lamp, held constant by a voltage
regulator, is interrupted by a light
chopper (rotating disc) and directed
through the film and a limiting aperture
by
suitable lenses. After passing
through the film, the light enters an integrating sphere where it produces a
signal in the photocell, proportional to
the amount of light transmitted. The

amplified and rectified output of the
photocell is indicated on a meter calibrated to read directly in terms of density. A schematic diagram of the integrating sphere and photocells is shown
in Fig. 18-1968.
This densitometer is designed to provide three types of integral diffuse density measurements. The integrating
sphere essentially collects all the light

passing through the film and aperture.
A type 929 blue -sensitive and a type
925 red -sensitive photocell are mounted
in the sphere in a manner in which they

receive only the light that has been reflected at least once from the surface of
the sphere. Three light filters mounted
on a filter disc provide transmission of
limited spectral ranges for the type of
measurement desired. Setting the filter
disc in place, with the desired filter in
the optical path, automatically operates
switches. In turn, these switches control

a relay that connects the appropriate
photocell to the input circuit of the pre-
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Fig. 18-196A. The Westre: Corp. Model RA -1100H densifoniefer.

amplifier. The resulting reading of density, as defined by Hurter and Driffield,

is essentially the same as is seen by the

is based on the differential with and

A Filter "IR" is an infrared filter and
is used in the measurement of silver or

positive film.

without film sample in the light beam

silver sulfide with dye sound tracks.

path.
Three filters are mounted in the

filter in conjunction with the
photocell characteristics provides a nar-

This

head, with the chopper wheel. Filter

"V" is used for measuring the visual
density of black and white film. It has

row bandpass in the spectral region of
800 rnillimicrons. Its use results in a
thoroughly reproducible density reading
of tracks on color films measured at the

been selected so that the resultant spec-

tral response closely simulates that of
the human eye.
A Filter "P" is used for measuring
the printing density of black and white

peak wavelength of the spectral sensitivity of the average theater reproducer.
Densities from 0 to 4.0 may he read
with the visual or printing filter in use.

film. It provides a density reading which
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18-1968. Diagram of the optical system used in the Westreit Corp. Model
RA -1 1 00H densitorneter.
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The infrared filter passes only a very
narrow band at 800 millimicrons and
consequently reduces the sensitivity of
the instrument by approximately 20 dB.
This limits the readings with this filter
to a density of 3.0.
The head assembly at the left of the
instrument (Fig. 18-196A) contains the

optical system and filters. Below the
head assembly is an aperture plate in
the form of a metal slide. Just above
the aperture plate is a film gate which
is designed to accommodate 35 -mm film.

The film gate may be locked in position
by a locking lever located at the left of
the head assembly. Immediately below

the aperture plate

is

the integrating

Three potentiometers are provided

on the left side of the meter case for
presetting the meter zero point for the
three light filters. Contacts, operated by
the filter wheel (on top the optical

housing) automatically select the appropriate preset meter zero point for
each filter in the optical path. On the
right side of the meter case is a potentiometer for calibrating the high end of
the meter scale.
The light source is a straight filament
lamp, operated at a relatively low ternperature to insure long life. The current
for this lamp is maintained constant
over a wide voltage range, by a voltage -

regulator transformer. The condenser

sphere.

lens assembly consists of a pair of

To the right of the head assembly is
a meter having a logarithmic response,
calibrated in density. It, therefore, reads
linearly in density. The scale is calibrated 0 to 1.1. Four density ranges:
0 to 1, 1 to 2, 2 to 3, and 3 to 4, are
covered by the use of pushbnttons be-

piano -convex lenses which image the
lamp filament on a block of optical
glass, the length of which is chosen to
eliminate the coil pattern at its exit

surface. The cone of light falling on

low the meter. An extra 0.1 -density cal-

this block is interrupted by a synchrononsly driven interrupter wheel (chopper) which gives a frequency of 375 or

ibration point at the upper end of the

450 Hz on a power supply of 50 to 60 Hz

scale provides overlap between ranges.

respectively. The light from the glass
block is reflected downward by an
aluminum -coated first surface mirror to
the objective lens which brings the exit
face of the glass block to a focus at the
film plane. The filter wheel previously
discussed is located between the con-

denser lens and the interrupter wheel.
Pittsburg HA -2043 heat -absorbing fil-

ters are mounted in front of the visual
and print light filters in the filter disc.
The aperture plate contains a wide
and narrow aperture. The wide aperture clears the scanning beam, the nar-

row aperture limits the width of the

Fig. 18-196C. Macbeth Instrument Corp.
Model TD -102 Quantolog densitometer.
INCIOENT

TRANSMIT TEC

LIGHT

LIGHT FLUXII I

FLUX('

light beam.
Pictured in Fig. 18-196C is a Macbeth
Instrument Corp. Model TD -102 Quantalog densitometer. This instrument
may be used for measuring both picture
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COMPENSATING
CIRCUITRY

Fig. 18-196D. Block diagram for Macbeth Instrument Corp. Model TD -102 Quanta log densitometer.
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and sound track. A block diagram of its
basic components is shown in Fig. 18196D, with the
schematic diagram
shown in Fig. 18-196E. The operation of
the instrument is based upon the use of

circuit, which automatically adjusts the
dynode voltage applied to the photo multiplier tube, so as to maintain constant anode current The dynode voltage required to maintain a constant

a photomultiplier tube in a feedback

current for any particular amount of

Fig. 10-196E. Schematic diagram for Macbeth Instrument Corp. Model TD -102

Quantalog dersitometer.
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light falling on its photosensitive cath-

and black and white densities.

ode is used as a measure of the optical
density of a sample placed between a
light source and the photomultiplier
tube itself.

Question 11.32.)

If the light flux falling on the photosensitive surface of the photomultiplier
decreases when a sample of film Is in-

troduced into the light path, the input
signal of the voltage amplifier decreases.
This signal is amplified and fed into the

input of a power amplifier, which con-

trols the output voltage of the high voltage power supply. With a film sample in the optical path, the output of the
high -voltage supply increases in order

to maintain a constant anode current
within the photomultiplier tube. The
meter indicating the density is in reality a voltmeter, which constantly measures the voltage applied to the dynode
clement. Since the meter is calibrated
in terms of density, the voltage increase

indicates an increase in density. The
dynode voltage for a typical photomultiplier tube will vary between 220 and
750 volts for samples whose optical densities fall between 0 and 4.0. As the relationship is not completely linear, a
compensating circuit is used to calibrate
the density readings to a standard. This

instrument may he used for both color

(See

/8./97 Can any type densitorneter
be used for the measurement of color
film sound tracksl-No. A special densitometer must be used. (See Question
18.798 What is a Moriota?-A motion picture film editing and synchronizing machine manufactured by the

Magnasync-Moviola Corp. The machine
pictured in Fig. 18-198A is designed for
editing 35 -mm picture and sound track.
Various combinations of 16 -mm, 17.5 mm and 35 -mm film heads may also be
obtained using sound reproduction from
either optical or magnetic sound track.
The sound track which is on a separate film is placed on the sound head

section at the left and the picture film
right. The picture and sound
head sections are connected by a mechanical clutch, which may be disengaged to permit either head to be run
independently of the other. Also, the
machine may be run backward or forward at standard sound speed, or at a
variable speed controlled by means of
a foot pedal. The sound -pickup unit
at the

employs a photocell or a magnetic head.
amplifier, and loudspeaker. Headphones
may also be used when required.

Fig. 18-198A. The Magnasyne-Movioin Corp. Model UD-20-CS editing machine for
synchronizing thc sound track with the picture.
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Fig. 18-198B Magnasync-Mos$ola Corp. Model UD-20-S editing machine with the
Carlos Reyes magnetic search head at the left.

Another machine also manufactured
Magnasync-Moviola Corp. and
equipped with a Carlos Revas magnetic
searching head for synchronizing mag-

the sound during the return trip of the
magnetic pickup head. The start and
ending of a particular sound or group
of modulations may be accurately lo-

netic sound tracks to the picture is
shown in Fig. 18-19813. The magnetic
sound track is threaded in the head on
the left and passes over two sprockets
placed approximately 14 inches apart.
Between the sprockets is a magnetic
pickup head C mounted on a movable

cated by moving the position indicators
A and B. Sound and picture action may

by

arm.

In normal operation, the magnetic
head remains stationary and the film is
passed over it for regular sound reproduction. In the event it is desired to

locate a particular sound or modulation, the film is stopped with the section
of interest between the sprockets The
magnetic pickup is then oscillated between the sprockets at sound speed by
means of an electric motor. This enables
the operator to hear the sound recorded

on the magnetic sound track between
the lower position indicator A arid the

upper position indicator B. An automatic switch Is provided which cuts out

be synchronized without stopping the
machine by shifting the magnetic pickup

head through use of hand wheel E.
The machine also contains a complete

reproducing system for optical sound
tracks; however, the optical reproducing unit D remains in a fixed position at
all times. The switch for the motor driving the pickup head is shown at F. This
machine may also be obtained for various combinations of film size and speed

and for multiple sound track and picture reproduction.
An editing machine manufactured by
the Westrcx Corp. and designed for
editing both optical and magnetic sound
tracks with picture appears in Fig.
18-198C. Although the machine shown
is for 35 -mm film, it may be obtained
for use with any size film Normally,
the picture is viewed on a small screen
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18-198C. Mognosync-Moviola combination 16/35mrn preview -type editing
mochine.

in the center of the machine; however,
if desired, the picture may be viewed
considerably enlarged on a screen
placed at the rear of the machine.

Facilities are provided so that the machine may be run either backward or
forward at the sound speed or a vari-

of the film. A diagonal splice is made at
an angle running from one corner of a

frame to the other. This means the
splice crosses the sound track at an
angle.

Diagonal splices may be used with
any standard type sound track, either

able speed. If the variable speed is used.

variable -area or variable -density. How-

the speed is controlled by means of a
foot pedal. Footage counters and re-

ever, they cannot be used with pushpull sound tracks, because part of the
splice is out of phase with the sound
track and will cause a noise when at

winds can be seen at the right- and
left-hand sides.

One of the features of this machine
the elimination of the conventional
intermittent sprocket employed in the
is

picture head section. The picture is pro-

jected by means of a 12 -sided prism
which rotates at a continuous speed to
provide continuous projection without

the use of a shutter or intermittent
mechanism.

/8.199 What is the difference between a diagonal and a straight splicing
machine?-As far as the machine itself
is concerned, there is little difference,
except for the shape of the cutting

knives. A straight splice is one which
is made at right angles to the motion

passes before the photocell. Blooping is
discussed in

Questions 18.209, 18.210,

and 18.211. A 35 -min automatic film splicing machine manufactured by Bell
and Howell is shown in Fig. 18-199A. A
close-up of the splicing mechanism is
shown in Fig. 18-199B. and typical
splices appear in Fig. I8 -199C.
18.200 What is sprocket -hole modulation and what is its cause? During
the development of the sound track, the

sprocket holes, in passing through the
developing solution, cause eddy currents to he set up in the solution. This
action causes an increase in the development around the sprocket hole area
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Fig. 18-199A. The Bell and Howell 3S -mm automatic film -splicing machine.

compared to other portions of the film.
When played back, a frequency of 96 Hz

is to start. The picture is then loaded in
a sound magazine and placed on a re-

will be heard (35 -mm film running at
90 feet per minute).
Sprocket -hole modulation may be

corder, with care taken to line up the
punch mark in the film with the light
beam of the recorder optical system.

prevented by turoulating the developer
around the area of the sprocket holes to
prevent the formation of eddy currents.
Sprocket -hole modulation may also
be created by the misalignment of the
film as it passes through the transport
system of the projector.
18.201
What is meant by the term
electronically printing a sound trackT-

The sound is then recorded in the usual
manner for direct -positive recording, as
discussed in Question 18.176. Ektochrome reversal print stock may be
used for this purpose.
As there arc no intervening genera-

The term is another name for direct positive recording, and is a method of
transferring a prerecorded sound track
to n release print without intermediate
steps. In the procedure used, the laboratory exposes the picture on the print
stock but does not process it. A punch
mark is put on the film where the sound

tions and the final sound track is a
direct transfer horn the original. considerable time is also saved. The prin-

cipal drawback to this method of recording release prints is that each print
must he recorded
18.202 What is toe recoedine-A
method used in the early days of variable -density sound recording. The exposure was confined to the toe portion
of the H and D curve for both negative

Fig. 18-1990. Close-up of the splicing mechanism of the Bell and Howell automatic
film splicer.
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Fig. 18-199C. Optical film splices on 16 -min and 35 -mm film, as made on a Bell
and Howell automatic film -splicing machine.

and print. Such prints were used for
playback purposes and tests. Their use
was similar to the direct positive of to-

day. The output level is about 6 dB
greater than for a normal print. However. the signal-to-noise ratio is lower
and the distortion is higher.
What is painting out a
18.203
sound fecal-The removal of unwanted
noises of trailing sibilants by the use of
an air brush and indelible ink. (This is
not very satisfactory.)
What is a glow tube record 18.204
leg system?-An obsolete film recording
system which used for its light modula-

tor a vacuum tube containing two or
more elements in a combination of rare
gases. A high voltage is used to bias the
elements on which the audio signal is
superimposed. The audio signal causes
the gas to ionize and vary its light in -

tensity, thus producing a variable -density recording.
This method of recording is now obsolete because of its low light intensity,
large wattage consumption (causing a
considerable amount of heat), very

short life, lack of uniformity, low sensitivity, low signal-to-noise ratio, and
erratic

electrical

characteristics. The

outline of this tube is shown in Fig.
18-4B anti the method of coupling it to
the output of an amplifier is shown in
Fig. 18-204. About 100 volts of audio
signal are required to properly modulate the tube.
What is a periseope7-A de/6.205
vice used for checking the optical system of a film recorder. It is also known
as a focusing microscope.
What Is a silent
18.206

sound

track?-A sound track containing no
modulation and used for intercutting
between sections of dialogue to prevent

having a completely dead period between the sections. For variable -density

sound tracks, it consists of a light gray

exposure the full width of the track.
For variable -area sound tracks, it consists only of the bias lines.
18.207 What is a room noise track?
400V

coupling circuit for the
glow tube.

Fig. 18-204. The

-A sound track of the noise of a room
or set. This track is made when everyone on the set is quiet while the ambient noise is recorded. This track is later
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variable -area push-pull
sound tracks.

Fig. 1 8-2 0 9A. Bloop configurations.

used by the editorial department for intercutting between scenes for a uniform
background

noise.

(Sec

Question

18 206.)

18.208

What

a

is

Kerr

light modulator containing two electrodes immersed in a solution of nitrobenzol. The exposure light is passed
through a Nicol prism and focused on a
position between the electrodes of the

Kerr cell. The pale polarized light

is

rotated under the influence of a strong
magnetic field external to the cell. This
action

results

in

a

variable -density

sound track. It was used in the early
days of the development of film recording
18.209 What is a bleep? - An
opaque patch or painted image over a

splice

where two sound tracks

are

joined together (Fig. 18-209A). Its purpose is to prevent a sudden impact or
dick, caused by the splice, as it passes

during the making of prints by exposing the splice area to a strong light as
it passes through the printing machine.
The density variation is such that a
smooth transition is obtained from one
section of a sound track to another.
The blooping operation is automatically controlled by a notch punched in
the edge of the sound negative which
operates a microswitch turning on the
Mooning light. A typical flash bloop is
shown in Fig. 18-2098.
16.210 How long should a bleep be
for a standard sound track? -One wavelength longer than the lowest frequency

to be recorded. If the lower limit
system is 95 Hz, the bloop image must
be 0409 inches in length or one wave-

length of 44 Hz. The wavelength for
film running at a speed of 90 feet per
minute or 18 inches per second may be
calculated:

the photocell.
Sound -print bloops are painted over

X_

18,000 x 10 '

frequency

tive, using an oval -shaped punch. When

18.211
Is it necessary to bloop a
push-pull sound track?-Generally, no.
In the push-pull system of recording,
the two halves of the sound track are

prints are made from the negative, the

recorded 180 degrees out of phase with

punch hole appears as an opaque oval -

respect to each other. Therefore, their
outputs as seen by a push-pull photo-

the splice with indelible ink, using an
artist's air brush. Negative bloops are
made by punching a hole in the nega-

shaped patch over the splice. A flash
bloop is a photographic hloop made

Fig

cell are additive. When a splice appears

18-2090 Flash bloop.
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Loss in dB

Slit
Height

0.5

1.0

kHz

1.00 Mil

0.1

2.0

3.0

4.0

5.0

6.0

7.0

8.0

9.0

10.0

kHz

kHz

kH:

kHz

kHz

kH:

kHz

kHz

kHz

kHz

0.3

1.1

2.6

4.9

8.5

14.0

31.0

0.75 Mil

0.2

0.6

1.5

2.6

4.3

6.5

9.7

14.0

23.0

0.50 Mil

0.1

0.3

0.6

1.1

1.8

2.6

3.7

4.9

6.5

85

Fig. 18-213. Loss for different slit heights with reference to frequency.
across a push-pull sound track, the
noise caused by the splice appears
across both plates of the photocell
simultaneously (see part (a) of Fig.

18-209A) causing a simultaneous voltage to he generated by each half of the
photocell. These two signals being equal
in amplitude and in phase are cancelled

out in the output circuit of the photocell; thus, no signal or noise is generated.

The foregoing statements apply only
to a push-pull reproducer in which the
cancellation is at least 30 dB. The subject of push-pull sound heads is discussed

in

Questions 19.97, 19.98, and

19.99

18.212 What is slit loss? -The loss
caused by the aperture size in sin optical system used (or either the recording

or the reproduction of sound tracks.
18.213 What is the loss for different slit heights with reference to a given
frequency?
18.211

See Fig. 18-213.
What it the cutoff

fre-

quency for slits of different heights?
Slit Height
in Inches
0.0012
0.0010
0.00075
0.00050
0.00040
0.00014

C;:toff Frequency
in Hz
6000
7200

9600
14,400
18.000
51,000

18.215 What is the scanning beam
height used ,n film recorders? -For variable -density recording, 0.5 mil. For
variable -area, 0.2 mil. The mechanical
slit in the optical system is considerably
higher than the actual beam on the film.
The final height at the film is obtained
by optical reduction.
18.2/6 Show the details of a motion
picture film processing machine. -An
automatic film developing machine
manufactured by Houston -Fearless is
shown in Fig. 18-216A. It may be used

for the development of reversal and
negative or positive 16 -mm motion picture film. Although the machine shown
is designed primarily for the processing
of reversal film, a simple rearrangement

of the processing solutions or the film
travel seqnence will enable it to process

either negative or positive film.
The machine is designed to be portable, if necessity requires. Casters, lev-

eling devices, and locks are provided
at the front end of the cabinet. It may
also be loaded in the daylight, making
special partitions unnecessary. External

water and power connections are included at the rear. The housing contains eight solution tanks, two water
tanks, a drying cabinet, a film driving
mecbanism with a variable -speed transmission, a solution circulating pump, an
air compressor, a refrigeration system, a
solution heater, thermometer, and foot-

age counter. It is equipped with three
electric motors. Heat lamps for drying

the film and an air filter are also provided. A 1200 -foot magazine which is
loaded in a dark room and placed on
the machine is also provided. This type

operation permits the machine to be
operated in white light.
A continuous minimum tension on
the film, that eliminates breakage and
assures uniform processing results, is
provided by a clutch -controlled film driving mechanism. This mechanism
eliminates stretching and contraction
due to the process cycles, and makes
mechanical control and manual adjustments unnecessary.

Replenishers are furnished for the
first and second developers, the bleach,
and hypo tanks. The replenisher bottles

are fitted with glass petcocks and the
rate of replenishment is adjusted by
calibrations on the replenisher brackets.
Fresh water replenisher solution is

added at the bottom of the tanks and
the solution level is maintained by
overflow drains at. the top of the tanks.
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Fig.

1 8-2 1 6A, The 16 -mm automatic film developing machine manufactured by
Huston -Fearless.

The overflow is piped to a dram at the
rear of the machine. The principal components, as indicated are: A film magazine for unprocessed film, B and C
solution tanks in which rollers pass
film through processing stages, 13 re-

clutches U driven by chains Y is shown

in the center compartment. The machine is driven by three motors, operating from 220 volts ac, single-phase, and
consumes about 3.5 kW.
Fig. 18-216C shows the methods used

plenisher bottles, E take-up reel for
processed film, F footage counter, C
temperature gauge, H start and stop
buttons, and I access door to solution

for reversal or negative processing of
film. The loading elevator holds 20 feet

valves.

wash, bleach, clear, and second developer each hold 3.5 gallons of solution
and 20 feet of film. The stop bath holds
3.5 gallons of solution and 26 feet of
film. The fixer tank holds 4.5 gallons of
liquid and 26 feet of film. The two wash
tanks are filled with running water and
will hold 26 feet of film each. The dry
box will hold 110 feet of film. The total

The interior view of the machine
with the top covers and replenisher

bottles removed is shown in Fig

18-

216B. Starting at the lower right corner,
the loaded film magazine (not shown)

feeds the unprocessed film to the first
group of rollers

A. The film

passes

downward over another group of rollers end then upward to the next set B

and so on until the last group H is
reached. The direction of the film is
then changed and passed over roller

I

of film, the first developer tank 7 gallons

of solution and 40 feet of film. The

amount of leader required to run
through the machine is 354 feet. The net

weight of the machine is approximately
1100 pounds.

and to the other side of the machine
where it passes over other groups of
rollers K to Q and to the take-up reel.
Shaft R drives a pulley which drives

The interior of a film processing laboratory installed by Houston -Fearless

the take-up reel spindle S by means of
a V -belt. The transmission system consisting of a gear box T and a group of

tanks with their rollers, and at B the

in Hollywood, California. is shown in
Fig. 18-216D. At A are the processing
dry boxes. The processed film is wound

onto a reel at the extreme left (not
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Fig

18-2168 Interior view, from the operating end, of the Huston -Fearless 16 -mm
automatic film developing machine.

shown). Duplicate equipment appears
at the right.
Fig. 18-216E shows the laboratory
developed by Hi -Speed Equipment Di-

able -density sound track in a special
developer having low activity, in order

vision of the Artison Industries. This
laboratory is designed for either color

short for the linear speed of the average
processing machine. With the emulsions
in use, this practice is unnecessary, and
they are processed in a regular negative

or black and white processing. The con-

trol equipment is pictured in Fig. 18-

that the development time for the required low gamma would not be too

216F.

developer. A typical developer

How are variable -area sound
Crocks processed?--Variable-area sound

Eastman Kodak D-76 developer.

18.217

18.219

is

the

Define the tern, "speed of

tracks are processed in the same solu-

lifm."-It is the inherent sensitivity of

tions as used for regular positive film

the emulsion for a specified set of conditions, relative to its exposure and development. If such conditions of exposure are known precisely, such numbers
may be said to describe the absolute

development. (Sec Question 18.218.)
18.218 How are variable -density
tracks processed? -1n the past

sound

years, it was necessary to process vari-
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generally developed in the

speed of the material. As a rule, only

tests are

the relative speed is required. The term
"speed" is defined as the reciprocal of
the exposure required to produce a specific result and can be equated:

same solution used by the laboratory.
18.222 What is the average negatire-fog density for ',enable -area sound

S

track?-Approximately 0.01 to 0.05. This
figure does not include the base density.

With the base density included, it will
measure about 0.26 and will vary with

k

where,

K is constant,
E is the exposure corresponding to a
point on the toe or shoulder of the

curve at a specified density gradient, over a specified log E range.
Various values of K are also used.

18.220 At what speeds ore sound
tracks developed?-The time of development and speed of the developing
machine depend on the type of sound
track being processed, the developing
solution, and the required density. A
variable -area sound track developing
time could run from 4 to 12 minutes,
with machine speeds of 30 to 250 feet
per minute.
18.221
What are hand tests? -They
are hand -developed recording tests for
checking optical focus, track placement,

azimuth, or any other tests requiring
only a negative. They are not critical,
in regard to a specific density. Hand

the time of developmeut. (See Question
18.271.)

18.223 What is the average print
fog density for variable -area sound

track?-Approximately 0.12, including
the base density. As for the negative,
the amount of fog will depend on the
time of development. (See Question
18.272.)

18.224 What is the cause of log
density?-It is a slight density produced

on the film in areas where there has
been no exposure. The net fog value for

a given development time is obtained
by subtracting the total base density
and fix -out emulsion from the density
of the unexposed, but processed, film.
With modern films, the fog density is
quite small.
18.225 What are the basic components of a cross -modulation oscillator?-

A high -frequency oscillator for gener-

(a) Negative processing.

(b) Reversal processing.

Fig. 18-216C. Methods of setting up the Huston -Fearless 16 -mm automatic film
developing machine.
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Fig. 111-216D. The interior a a typical film processing laboratory.

ating carrier frequencies and a second

oscillator to modulate the carrier frequency at a lower frequency. generally
around 400 Hz at 75 -percent modulation.
18.226 What are the carrier Ire -

Fig. 18-216E

employed for 35 -mm crossmodutatton tests? -6000 or 9000 Hz

quencoes

18.227

What carrier frequency

is

used for 16 mm cross -modulation tests?

-A frequency of 6000 Hz modulated by

Film processing laboratory equipment manufactured and installed by
Hi -Speed Equipment Division, Artisan Industr,es Inc.
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hg. 18-216F. Processing control equipment for the film processing equipment shown
in Fig. 18.216E.

400 Hz, at 75 percent (Westrex) or 80
percent (RCA).
18.228
To what percent is a light

lating frequency. Different carrier fre-

rnodulotor deflected for cross -modulation

35 -mm film. At the present time, a carrier frequency of 6000 Hz is employed
for 16 -mm film, and 9000 Hz for 35 -mm
film, although older equipment may use
4000 and 6000 Hz, respectively. However, regardless of the carrier fre-

tests?-Eighty-percent modulation. This

modulation or deflection must not be
confused with the 75 -percent (Westrex)
or the 80 -percent (RCA) modulation of
the cross -modulation oscillator carrier
frequency. These are two separate and
distinct functions.
18.229 Why is the light modulator
deflected 80 percent for crossmodulo.
lion tests as opposed to 100 percent?The use of 80 -percent modulation prevents any possibility of overmodulation
of the sound track.
18.230

Describe the design of cross -

modulation oscillators. - Cross -modulation tests arc used only with variable -

area photographic film recording and
are particularly well adapted to the
measurement of photographic film distortion (image spread). Since the distortion occurs principally as a fill-in on
the clear half of the recorded waveform.
it is an unsymmetrical form of distor-

quencies are employed, depending if the
test is

to be recorded on 16 -mm or

quency, the modulating frequency

is

always 400 Hz. The oscillators must not
have a THD greater than 05 percent.

The schematic diagram of an RCA
M1 -10803-B

cross -modulation

oscilla-

tor is given in Fig. 18-230A. Tube VI
functions as both a carrier oscillator
and a mixer tube for the 400 -Hz modulating frequency, with switch Sl selecting the desired carrier frequency. Tube
V2 functions as a modulator, operating
at 400 Hz and a reference frequency of
1000 Hz, and is coupled to VI by means

of two windings on the carrier oscillator coil. Switch S2 selects the type test
to be recorded.
Mounted on the front panel are three

tion. (See Question 18.232.)
Basically, a cross -modulation oscilla-

continuously variable attenuators, P1,
P2, and P3. These attenuators are for
adjusting the amplitude of the carrier

tor consists of two internal oscillators,

frequency, 1000 -Hz reference frequency,

one generating a carrier frequency, and
the second generating a carrier -modu-

modulated carrier, and the overall out-

put level. As pointed out in Question
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Fig. 1B -230A. Schinnatie diagram for a cross -modulation oscillator.

18.232, the amplitude of the individual
oscillators must be precisely set when
recording tests. Attenuator P3, the output control, is always in the circuit, regardless of the tests being conducted.
When only the carrier frequency is
being recorded, it is first passed through

the carrier level attenuator, and then to

output level attenuator P3. When recording the modulated carrier, the signal passes through the modulated carrier attenuator P2, then to the output
attenuator P3. When recording a 400 -Hz
or 1000 -Hz reference signal, the output
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level of V2 is fixed, but the overall level
is adjustable by means of P3. Switch Si

same results. Fig. 18-230C shows that
two frequencies, A and B, are generated: one at 8600 Hz and a second at
9000 Hz (35 -mm film). These frequencies are added together, resulting in a
difference frequency C, with an envelope varying at a rate corresponding to

is mounted inside the instrument and
is generally left at a given carrier frequency. The use of the various controls
is discussed in Question 18.232.
The schematic diagram for a Westrex
Corp. Model RA -1397 cross -modulation
signal generator is given in Fig. 18230B, and although the circuit is somewhat different from the oscillator previously described it will produce the

the difference between the two frequencies, or 100 Hz.

When such a signal is applied to a
recording system having nonlinear distortion characteristics (photographic

1^

.

OV

agg,

la

c:t

li;
1

Fig.

1

18-230B. Schematic diagram of Westrez Model RA -1397 crossroodulation
signal

generator.
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FREO -

1

F REO -2

sists of three RC oscillators, VI, V5, and
V12, two amplifiers, a hybrid mixing
circuit, and a power supply. Oscillators
VI and V5 consist of 2C51/396A dual triode tubes, connected as resistance capacity tuned oscillators, with a thermistor in the feedback loop for controlling the amplitude of oscillation. Oscil-

lator VI provides frequencies of 3600
and 8600 Hz. Oscillator V5 generates
frequencies of 4000 and 9000 Hz. The
modulating oscillator generates a 400 -Hz
frequency.
For 16 -mm film, frequencies of 3600

'NONSYMMETRiCAL CAST0RTION

'ADULATED 51GNAL AFTER PASSING

THROUGH 400Y. BANC0455 FILTER

Fig.

18-230C. Waveforms encountered

and 4000 Hz arc employed; for 35 -mm
film, 8600- and 9000 -Hz frequencies are

used. Individual controls for adjusting
the oscillator amplitudes, output level
control, and an output meter, are pro-

vided on the front panel, along with
several other controls for circuit ad-

using the Westrea Model RA -1397 cross modulation signal generator.

justment when first installed.
Relative levels of the two superimposed signals are initially adjusted for a
2.5 -dB differential, which results in a
The

recording), new frequencies are gener-

75 -percent

ated which equal the difference fre-

peak values of the two frequency sig-

quency and multiples of the two prin-

nals and the 400 -Hz reference signal are
made equal in amplitude and applied to

cipal frequencies (also the harmonics of

each component frequency). Curve D
illustrates a typical case of nonsymrnet-

rical distortion. It should be noted that
the peak amplitudes are greater on one
side of the baseline than on the other.
This gives rise to a low -frequency component shown at E (envelope shaped).
This component is isolated for measurement by passing it through a 400 -Hz
read-out filter. The amplitude of the
400 -Hz read-out signal is compared with

modulated

envelope.

the recording system
dB down from the 100 -percent recording level of the channel.
The motion picture industry has
standardized cross -modulation tests in

order that the values of cancellation
measured will have a definite meaning

the terms of distortion (cancellation). A cancellation of 30 dB is considin

a reference frequency of 400 Hz. The
amplitude of the read-out frequency is
measured and termed "cancellation,"
and its amplitude is expressed in decibels.

It should be observed that if the distortion is symmetrical with respect to
the positive and negative halves of the
signal, the cancellation is complete and
no difference frequency distortion is
present. Thus, a sensitive even -order
distortion measurement is provided that
does not indicate odd -order distortion.
A typical cross -modulation test made
using the Westrex method of measurement is shown in Fig. 18-230D. The plot
shows the cancellation for various combinations of print and negative density.
The schematic diagram given in Fig.
18-230B shows that the instrument con-

25
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18-2300. Cross -modulation distortion plot using Westres crossmodulation
signal generator.
Fig.
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ered to be the minimum acceptable
value for good quality recording. The

described in Question 18.774. Although
the following examples arc based on a

reader is referred to USASI (ASA)
Standard PH22-52-1960 reaffirmed De-

print density of 1.30, the procedure is
the same for any density.

cember 1967
18.231
Show a block diagram of a
cross -modulation oscillator connected to

image of the sound track on the print
must be identical to the image formed

For

satisfactory

reproduction,

the

a recording channel.-As a rule, cross modulation oscillators are patched directly into the recording amplifier that
drives the film recorder. However, in
some instances, the gain of the recording amplifier may not he sufficient, in

on the negative by the optical system of
the recorder. However, such conditions
do not prevail because of the diffusion
created by the light-sensitive emulsions,

which

the cross -modulation

exposure light strikes the film. These

oscillator may be patched into an amplifier ahead of the recording amplifier,

factors and others cause the image on

into one of the mixer inputs, as

than the image originally formed by the
recorder optical system. This phenome-

or

instance

shown in Fig. 18-231. Care must be
taken that all equalization and any filters between the mixer console and the
recorder ore patched out of the circuit.

This does not include the light -valve
equalizer (if such a device is being
used). The cross -modulation oscillator
is used as described in Question 18.232.
WWI
0
CROSS
is CO/A AT ION

0

OS

vuH
FILM
ECORCIOV

Fig. 18-231. The cross -modulation oscillator connected to the recording channel
for recording a cross -modulation test.

the wavelength of the exposure light,
and the angle of incidence at which the

the print to become larger or smaller
non is called image spread. Image spread

is not important at frequencies below
1000 Hz, but at the higher frequencies
it is all important and is the controlling
factor in the final quality of reproduc-

tion. Because the image on the print
will always be larger than the optical
image that formed it, image spread is
purposely introduced in the negative
sound track for compensation.
The images on the print are reversed
from those on the negative. The blacks

of the negative become white on the
print and the whites of the negative
become black on the print. 11 image
spread is induced in the negative, the
white spaces between modulations on
the print become smaller; thus, the
print image is brought to the exact size

of the original image formed by the
Explain the theory of cross -

recorder optical system. Because image

modulation tests and how they are
mode.-Because of the characteristics of

spread at 1000 Hz is quite small, this
frequency is used as a reference fre-

motion picture film, complete opacity
and transmission are not possible. For
high -quality recording and reproduction, it is essential for the print to have
a high ratio of signal to noise and low
distortion. To determine the correct
negative and print densities and to
maintain a uniform quality from day to
day, it is necessary that tests be made
frequently to assure the correct development of both the negative and the
print, and to determine the correct negative density when an emulsion is
changed The following discussion per-

quency for 35 -mm film measurements.
For 16 -mm film, 400 Hz is used.
Quality control of sound tracks using
the cross -modulation method of measurement consists of recording a high

18.232

tains to both light -valve and galvanom-

eter light modulators recording variable -area sound track. For variable -

density sound track, an intermodulation oscillator and analyzer are used as

frequency modulated by a lower frequency. If too great an image spread
is present in the print, the valleys between the modulations will he filled in.
On the other hand if too great an image
spread is present in the negative, the

valleys between the modulations of the

print will be widened because of the
reversal process between the negative
and the print. Typical cross -modulation
recordings are shown In Fig. 18-297.
When measuring a cross -modulation
test, the reference frequency is first reproduced and used as an index for the

OPTICAL FILM RECORDING

balance of the test. Next, the high -frequency signal is reproduced to measure
the high -frequency loss. Finally, the
several cross -modulation tests are reproduced. The signal measured in a
cross -modulation test will be the same
as the modulating frequency used to

modulate the carrier frequency when
the tests were recorded.
During the reproduction of the cross modulation frequencies, a handpass filter is used to permit only the modulating frequency (400 Hz) to be measured,
while rejecting the high -frequency carrier. The amplitude of the 400 -Hz modulating signal, when measured, will be
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Request the process laboratory to develop this negative to a gamma of 2.5
or 3.0. After development, measure and
log the lamp current versus density as
these exposures will be referred to
again later in the tests. If the recording
channel is to be used for making cross modulation tests, all filters and equalizers must be patched out to provide a

flat frequency response within plus or
minus 1 dB up to the frequency used
for measuring the high -frequency loss.

Next, a tabulation sheet similar to
that shown in Fig. 18-232 is prepared.

governed by the amount of image
spread existing in the negative and

On this sheet are entered data pertinent
to the tests. At the left in column A are
the modulating and carrier frequencies
used for both 16 -mm and 35 -mm film

print. When the image spread of the

tests. In column B is entered the per-

negative matches or cancels the image

centage of modulation of the light modulator, which is generally 80 percent.
Using 80 -percent modulation of the
light modulator precludes any chance

spread of the print, the amplitude of
the 400 Hz will be at a minimum. This
is referred to as the cancellation voltage.
The high -frequency film loss is mea-

sured by using either 9000 Hz or 6000
Hz. The difference in amplitude between the 1000 -Hz reference frequency
and the 9000- or 6000 -Hz signal will be

indicative of the high -frequency loss.
High -frequency loss is compensated for

in the film loss equalizer; however, a
small variation of plus or minus 1 to
2 dB will be noticed from day to day.
This must be expected, as processing,
film emulsions, printing, and other factors all have their effects on the high frequency response. If this loss is important, it may be compensated for

of overmodulation and clipping of the
peaks which would result in a distorted
sound track. Photometer settings are
entered in column C, if used.

The lamp current used for each
cross -modulation test is entered iu column D and the measured densities
(wide -track portion) in column E. Print
densities asked for and received back
from the laboratory are entered in
columns F to J. Additional space is provided for entering the emulsion, edge,
and light modulator numbers, negative
fog density, recorder number, and type
sound track recorded At the bottom of

during the rerecording operations or
during the transfer from magnetic film

the page are spaces for entering the

to optical sound track. Generally, if the

cellation of 30 dB and the high -frequency loss.

loss

is within the limits mentioned, it

may be ignored.

To illustrate the procedure used for
making cross -modulation tests, it will
35 -mm variable -area
studio -type recorder using either a light
valve or galvanometer is to be put into
be

assumed

a

density tolerances for a minimum can-

Referring to previously logged lamp
current versus density tabulation, select

a lamp current for a density of about
2.50 to be used as the midpoint exposure

Before starting the cross -modulation

for the cross -modulation tests. The selection of a density of this value aids in
plotting the cancellation as it will likely
nccur between a density of 2.4 and 2.6.

tests, a series of exposure lamp tests

Enter this lamp current (for this illus-

must he made, using the same emulsion
that is to be used for the cross -modula-

tration it will be assumed to be 6.0 amperes) in column D, lines 1, 3, and 9 of
Fig. 18-232. Fill in lines 5 to 13 starting
at a lamp current of 5.6 amperes and
increasing the current in steps of 0.10

service

tion tests. Start by adjusting the lamp
current to 5.6 amperes and expose about

10 feet of wide track on the film. Increase the lamp current to 5.7 amperes
and make a second exposure. Continue
this routine up to 6.4 amperes, increasing the current in steps of 0.10 ampere.

ampere up to and including 6.4 amperes.

Line 2 and line 5 of column D are the
same current (5.6 amp) as are lines 4
and 13 (6.4 amp).
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The lamp currents in column D are
those which will be used when recording the cross -modulation tests. If. however, the highest negative density is
about 2.0 or slightly less, select as the

midpoint of the tests a lamp current
that will result in a density about 0.2
to 0.3 below the maximum density. and

enter the other lamp currents in the
manner described previously. It will be
noted the lamp current for the 1000 -Hz
reference frequency and the second

9000 -Hz high -frequency loss test arc
the same as for the midpoint of the 400/
9000 -Hz cross -modulation test (line 9).
The following procedure is that used

when making cross -modulation tests
using the RCA cross -modulation oscillator. Insert the optical system periscope in the recorder optical system and

observe the waveforms of the cross modulation oscillator in the following
manner: (11 the recorder does not use

a periscope, the following tests may be
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Fig. 18-232. Tabulotion sheet for cross -modulation testa.
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made by observing the deflection of
the light modulator on the monitor
card.)

lamp current to 6.0 amperes and then
to 6.4 amperes.
13. Throw the light modulator switch

to the OFF position, including bias.
1. Connect the output of the cross modulation oscillator to either the
recording amplifier or to one of the
mixer inputs. Set the mixer control
to the average or normal signal level
for the channel and leave it set
throughout the balance of the tests.
2. Set the cross -modulation oscillator

to the 1000 -Hz position and adjust
the output control (or this frequency
for exactly 100 -percent deflection of
the light modulator as observed in
the periscope or on the monitor card.
3. Set the cross -modulation oscillator

to the 9000 -Hz position and adjust
the output at this frequency for 100 percent deflection of the light modulator.
4. Set the cross -modulation oscillator
to the 400/9000 -Hz position and ad-

Set the cross -modulation oscillator to
the 400/9000 -Hz position. Record 10

feet of sound track for each lamp
current in column D, starting at line
5 (5.6 amp) and continuing up to 6.4
amperes with a section of wide track
between each test.
14. Send the exposed sound track to

the process laboratory with instructions to process it to exactly the same

value of gamma to which the lamp
test was developed. Laboratories test
their developing solutions daily to as-

sure a uniform product from day to
day. To arrive at a given gamma, the

developing time of the machine

is

altered by changing the linear speed
15. Request three prints at densities
of 1.20, 1.30, and 1.40 At times, it

might be advantageous to request

just the output control for these fre-

prints at densities of 1.10 and 1.50, in

quencies to exactly 100 -percent mod-

addition to the above to extend the

ulation of the light modulator.
5. Reduce the gain of the recording
This will then result
in a recording level of 80 -percent

range of measurement.

modulation of the light modulator.
After the above adjustments arc
completed, the controls are left set
throughout the balance of the tests.
6. Adjust the exposure lamp current
to 6.0 amperes.

7. Start the recorder running with
the light modulator switch in the
OFF position. When the recorder is
up to speed, throw the light modulator switch to RECORD and expose
25

feet at

1000 Hz as

a

reference

frequency.

8. Throw the light modulator switch
to OFF position, including the bias.
9. Record 5 feet of wide track. This
exposure will he used later for density measurements. (A wide -track
exposure is made at the end of each

Although the foregoing tests appear
rather complicated and difficult to make,

they must be made in the order given
and while the recorder is in motion.
The cross -modulation tests may be used
with any type variable -area film re-

corder using either a light valve or a
galvanometer. The recording of cross modulation tests for push-pull recorders is described in Question 18251. For
16 -mm recorders, the procedure is ex-

actly the same as for 35 mm, except
that 6000 Hz is used for the carrier frequency and 401, Hz Is used for the ref-

erence frequency. If optical reduction
prints arc used, the cross -modulation
test must be made to include the final
16 -mm print.

The cross -modulation test used by
Westrex

for

variable -area

recording

differs somewhat from that used by

cross -modulation recording.)

RCA. Two frequencies of 8600 and 9000

10. With the light modulator switch
in the OFF position (including bias).
switch the cross -modulation oscillator to 9000 Hz and change the lamp

Hz are combined In a hybrid coil

of 400 Hz (the difference frequency between the two frequencies).

current to 5.6 amperes.
11. From the wide -track position (9)
return to the normal recording posi-

waveform to a recording system having
nonlinear characteristics causes the

tion and record 10 feet at 9000 Hz.
12. Repeat operations (10 and (II),
in essence, except for changing the

to

provide an envelope varying at a rate

The application of such a complex
generation of new frequencies which
equal the difference between the two
high frequencies, (400 Hz), also, multi-
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pies of the difference frequency, and
harmonics of the two high frequencies

methods, but only approximately the

(8600 and 9000 Hz).
In a recording system having non -

lation for the Westrex method is also
30 dB for both 16- and 35 -mm sound

symmetrical distortion, the peak excursions of one side of the sound track will
have greater amplitude than the other.
This condition causes the generation of
a low -frequency component which is

tracks. The test is made using 80 -percent modulation of the light modulator.
For 35 -mm sound tracks the frequen-

same. The minimum acceptable cancel-

cies are 8600 and 9000 Hz with a 400 -Hz

later isolated during the reproduction

reference frequency. For 16 -mm sound
tracks the high frequencies are 3600 and

of the test track, by passing the re-

4000 Hz.

corded signal through a 400 -Hz band-

Measurement of the test is handled
in the same manner as that described
for the RCA cross -modulation test, re-

pass filter.

The amplitude of this low -frequency
ence frequency of 400 Hz and is called
the "cancellation." It is expressed in

questing from the laboratory several
different negative and print densities.
The combination of negative and print

decibels.

densities that results in the greatest

component is compared with a refer-

The relative levels of the three sig-

value of cancellation is the correct one.

nals (8600. 9000, and 400 Hz) have been

and should fall at a print density be-

standardized to permit the amount of

tween 1.30 and 1.50.
Cross -modulation
test
equipment
should be tested frequently as described
in Question 23.185.
/8.233 How are cross -modulation

cancellation to be stated in terms of the
amplitude of the nonlinearity. The relative level of the 8600- and 9000 -Hz signals is set to result in 75 -percent modulation; that is, the 8600 Hz is set 2.5 dB

tests measured?-By filtering out the

lower in amplitude than the 9000 -Hz

high -frequency component (carrier frequency) and measuring the amplitude

signal amplitude.

If the distortion of the recorded test
symmetrical with respect to both
halves of the signal, cancellation will
be complete, and no difference fre-

of the lower frequency (fill-in). The

is

greater the fill-in between modulations,
the less cancellation obtained.
18.230 What are the basic compo-

quency (400 Hz) will be measured. This
provides only a test for even -order
harmonic and does not indicate the
degree of distortion for odd harmonics.
When the Westrex and RCA method
of measuring cross modulation is applied to a given recording channel, the
values of cross modulation measured

nents

of

a

cross -modulation read-out

sat?-A 400 -Hz bancipass filler for filtering out the high -frequency carrier
and allowing only the 400 -Hz component to be measured. A pad with a loss

equal to the insertion loss of the filter
is inserted by a key switch when the
filter is removed from the circuit. This
is necessary to prevent affecting the

will not be exactly the same for both

PAD LOSS

EQUALS INSERTION
LOSS OE 8.11440 -

PASS FILTER

DD
DAAOPASS
FILTER

Fig. 18-234. Diogrom for a cross -modulation test readout set for measuring tests
mode with either Westrea or RCA crossmodulation oscillators.
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Fig. 18-235A. Using a cross -modulation readout set with a recording channel.

the frequency response, a
measurement is made from the repro-

level of the single -frequency measurements which would result in erroneous

ists as to

ducer to the output of the amplifier

readings. If the device is used in circuits that are balanced to ground. repeat coils should be connected in the
input and output as the case may require. This is important as high -fre-

driving the VU meter, using a multi frequency test film. Correction factors
(if required) can then be applied to the
measured response at the carrier fre-

quency leakage may result because of
unbalance and give rise to false readings at 9000 Hz. A diagram of a typical
cross -modulation test set is shown in
Fig. 18-234. (See Question 530.)
18.235
Show a block diagram for
connecting a cross -modulation read-out
unit.-Because a considerable amount
of amplification is required following a
cross -modulation read-out unit, either
the recording channel or a vacuum -tube
voltmeter will be required for its operation. In the first method of connection,
the read-out unit is connected in the
recording channel as shown in Fig. 18235A. Care must be exercised in order

quency. The measurement is made using
the procedure given in Question 18.237.

A second method, shown in Fig. 1823513, uses the recording amplifier connected at the output of the cross -modu-

lation read-out unit. It is important that

the amplifier used for driving the VU
meter have sufficient gain and output to
deflect the VU meter up to and includ-

ing about plus 38 dBm (plus 40 dBm
equals 10 watts). Additional gain may
be obtained, if needed, by operating the

amplifier without a termination, provided the frequency response is not af-

fected and the amplifier is not driven

that all impedance matches are satisfied,

into excessive distortion. The procedure
is the same as for the first method dis-

and that the channel has a uniform fre-

cussed.

quency response up to and including

A third method, the preferred one, is

carrier frequency used for the
cross -modulation measurements. A VU
meter is connected across the output of
the amplifier normally used to drive the
recorder. This combination is used to
measure the cancellation levels of the
cross -modulation test. If any doubt ex -

shown in Fig. 18-235C. Here, a vacuum -

the

tube voltmeter is connected at the output of the read-out unit. The output of
the filter must he terminated in its normal load impedance because of the high
impedance input of the vacuum -tube
voltmeter. Using this method, the signal

REPRODUCER

CROSS- MOOULt Dm

READ-OUT out

PREAme

AMR

vu urn

500 EL

ZEC
PI

MON AMP

KMON LiS
RR1DG,NG

NPUT

Fig. 1111-23513. Using a cross -modulation readout set with an amplifier and VU meter.
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RE AO-OUT SET

PREAMP

Oyu.

etc
PI

MON AMP

-KUM

L1S

Fig. 18-235C. Using a cross -modulation readout set with a vacuum -tube voltmeter.
This is the preferred method.

from the reproducer is adjusted for zero
dBm output at 1000 Hz, and the cancel-

enter both the requested and received
densities at the top of the last three

lation read directly in relation to the

columns. This information will prove

1000 -Hz reference frequency.
/8.236 Arc special calibrations required for the connections shown in Fig.
f8-2358?-Yes. A special scale is made

useful later when making corrections or
estimates. The actual measurements arc
made as follows:

(Fig. 18-236) for the amplifier used in
combination with the VU meter in Figs.

1. Set the switch on the filter to
FILTER OUT. Thread up the 1.20

18-235A and B. This scale Is placed
around the outer edge of the 34-dBm
calibration of the VU meter attenuator

density print on the sound head.

scale. It will be observed that the minus
34-dBm calibration of the new scale is
opposite the plus 4-dBm calibration of
the normal meter scale. If a vacuum tube voltmeter is employed as shown
in

Fig. 18-235C,

the amplifier

not

is

When the machine is up to speed,
adjust the gain of the amplifiers and
the pot P1 at 1000 Hz for an output
level of zero on the new volume indicator scale. (This is opposite the
plus 38-dBm calibration on the normal meter attenuator scale.) After

setting the level, pot PI is left unchanged for the balance of the measurements associated with the 1 20 -

required.

density print. All output levels arc
10

54

.1,4

read on the new scale of the volume
indicator meter. Read the output
levels of the three 9000 -Hz recordings arid enter them in column F. In
reality, the output level is started at
a plus 38 dBm and, as the levels drop

-9

411

40

11

54

so

aw

-s
64

.04
614

s.

off,

1.1

SCRII
ros

T441

Fig. 18-236. A special VU meter ottenuator

for cross -modulation
measurements.

scale

18.237
measuring

test

What is the procedure for
a

cross -modulation

test?.

the sensitivity of the meter is

increased by removing loss from the
meter attenuator. Starting at a high
output level, using the inverse scale

-

First, measure the visual density of the
negative test tracks made as described
in Question 18.232. Enter the densities

in column E of the tabulation sheet
(Fig. 18-232). Next, measure the print
densities and enter them in columns F,
G, and H. As the received densities will
not always be the exact value ordered,

facilitates the reading of the meter
and requires no mental corrections
2. After reading the amplitude of the
three 9000 -Hz recordings, throw the
filter switch to FILTER IN and read
the amplitude of the nine 400/9000 Hz recordings. The filter removes the
9000 -Hz signal and leaves only the
400 -Hz signal. Read the levels by increasing the sensitivity of the volume
indicator meter. Enter the levels in
column F, as shown in Fig. 18-232.

It will be noted as the cancellation
increases, the level of the 400 -Hz
signal drops and, at a given density,
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a cancellation of 29 dB. Enter this value
on the graph at the junction of the 29 dB line and a negative density of 1.80.
Next, plot for a negative density of 2.10
and so on for all the negative densities
in the 1 18 column. In this manner, the
cancellation for all three print densities
and negative densities are plotted. It

starts to return to a higher level. At
the lower cancellation levels, it will
be necessary to read down on the
meter scale which is added to the
meter attenuator. For example, if the
attenuator scale reads minus 34 dBm

and the meter indicates a minus 6
dB, the level is minus 40 dBm.
3. Measure the 1.30 and 1.40 densities

will be noted that after a maximum

in a similar manner. The results of

cancellation has been reached, the curve

these tests are then plotted as shown

rises again. The rising cancellation is
plotted at the right and labeled for each

in Fig. 18-232.

density.
18.238

How

After plotting the three densities, an
X is made where the curves cross the
30-d13 cancellation line. Next, two lines

cross -modulation

are

rests plottodt-On cross-sectional papei, as shown in Fig. 18-238A. The
graph is prepared by entering the print

Dl and D2 are drawn in at priut den-

densities and cancellation in decibels at
the left A line is drawn across the
paper at the 30 -dB cancellation point P.

sities of 1.25 and 1.35. Lines Q and R
are drawn in by pointing off the three

It will be assumed for this example of
plotting that the print density is to be
held to 1.30, for reasons as explained in

point on the three cancellation curves.
as indicated by the dotted lines. This is
done for both the decreasing and in-

Questions 18.239 and 18.240. Under these

creasing

densities 1.18, 1.29, and 131 above the X

conditions, the negative density will be
varied to obtain a print density of 1.30.
Therefore, the negative density will
vary for different amounts of cancella-

cancellation curves. If the
points for lines Q and R do not result
in a straight line, an average value for
the three is taken. A vertical line, S, is
drawn downward from the point where

tion. The first curve plotted is for the
1.18 received print density, by taking

lines DI and Q meet. Also, line "T"

the data from columns E and F of Fig.

Read the negative densities at the lower
ends of lines S and T and compute their

08-232.

average (2.11 plus 2.55 divided by 2).
Th's results in a density of 2.33. This s

As an example, a print density of
1.18 and a negative density of 1.80 have
a-uod TE, .2,7

_5575
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0,11,67
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from the point where D2 and R meet.

0

0

0 06

1.40

011'

IiV

III

01
r

a

110

.r

6

/

s

1 10
Is 411

ti-

1

'

31

i

I

810

.....

I
s

I

1

.I

e

I

s

$

le

t

It

5

1

1

I

,

I

s

-

30

.,

4o
k
i 00

i 20

140

160

140

200

220

,3

240

2.60

240

NEGATIVE DENSITY

Fig. 18-238A. Method of plotting cross -modulation measurements.
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the negative density

a

curves plotted for a giver. negative and

print density of 1.30. The cancellation
of this negative and print density will
be approximately 45 dB. It should be
noted that the loss at 9000 Hz will be

print density should not be less than
plus or minus 0.22 from the optimum

required for

about 3.0 dB.

The diagonal line U is drawn from

negative density. This will allow for
variations in processing.
18.239
Why it the sound print density held constant and the negative den-

junction of line DI and line T. A vertical line V is drawn downward from the
point where a print density of 1.30

sity varied?-To facilitate the ordering
of prints at a future time. All prints are
made to a given density, thus permitting a better quality control.

crosses line U. This ends at a negative
density of 2.33. Line U may be em-

18.240 Why is a density of 1.30 to
1.40 used for variable -area prints?-Be-

ployed for selecting the correct print
density when the negative density is

cause this range of print density permits the negative density to be varied

incorrect, or vice versa. For example:
What is the correct print density for a

within a practical range, and with good
signal-to-noise ratio. Studios using variable -area recording systems (galvanometer or light valve) use print densities between 1.30 and 1.50, the average

the junction of line D2 and line S to the

negative density of 2.60? Answer, 1.36.

Or, what is the negative density for a
print density of 1.23? Answer, 2.02.
In Fig. 18-238B arc shown the results
of an unsatisfactory cross -modulation
test. It may he seen that the negative

density can only be varied plus or
minus 0.04 point from the optimum
density before the cancellation becomes

less than 30 dB. After plotting up the
results and determining the optimum
negative density for a given print density, the laboratory is instructed to de-

velop the negative to within plus or
minus 0.05 point of the specified density. The same tolerance is requested
for the print. The spread between the
x-0400 TEST.210

3373-103-11

CORDER - PR 31.1

being 1.40.

What is the minimum ac-

18.241

ceptable cancellation for cross -modulation tests?-It has been determined
from exhaustive listening tests that the
minimum acceptable cross -modulation

is 30 dB. This is true for both 16- and
35 -mm film. However, good laboratory
control should yield at least 36 to 40 dB,
with 45 dB not uncommon. For direct positive recording, the cancellation

should be on the order of 36 dB or
greater. (See Question 18.246.)
18.242
What arc the causes of poor

9/21e67
L illf- CI
NEG f 06- 0.10

140

1 30

z

1 11

120

9

20
.

6

-

-30

40

-

1.-"......------................N.'SI

\i- 77........T
1.1

290

NEGATIVE DENSITY

Fig.

18-2388. Unsatisfactory cross -modulation nseasurcrnenh.
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items to be checked. The optical system

tion is increased. This is often mistaken
for excessive sibilance. If the density is
too light, the signal-to-noise ratio is
decreased and the background noise is

of the recorder may be out of adjustment, negative or print developer not

increased.
18.244

cross -modulation cancellation?- The pri-

mary cause is image spread. If this is
not the cause, there are many other

correct, poor contact between the negative and print in the printing machine,
over- or underexposure of the negative
or print, recorder or reproducer optical
systems out of focus, high distortion in
the 400 -Hz oscillator of the cross -modulation oscillator, noise in the cross modulation measuring circuit, excessive

flutter in the recorder or reproducing
system or printer, or the frequency response of the measuring circuit is inadequate. The frequency of the 400 -Hz
oscillator in the cross -modulation oscillator may not correspond to the center
frequency of the bandpass filter used in
the readout panel.
As may be seen from the foregoing.
there are many factors which can con-

tribute to poor cancellation; therefore,
each and every piece of equipment from

the original recorder must be functioning at its peak performance, if a maximum cancellation is to be achieved.

This is the reason why a tight quality
control must be established to obtain
quality sound tracks.
18.243 If the density of a variable area sound track exceeds the optimum
value, how is the reproduction affected?
-The high -frequency response is reduced and the high -frequency distor-

Define the term "balanced
donsity."-It is a term used to express a
condition when the negative and print
densities are such that the cross -modu-

lation or intermodulation product is at
a minimum, and there is little or no
image growth or contraction.
18.245 When is a 6000 -Hs carrier
frequency used for 35 -mm cross -modulation tests?-When the frequency re-

sponse of the recording channel is limited to 6000 Hz; however, 9000 Hz is the
frequency generally used
18.246

Describe a cross -modulation

compensator and its purpose.-A cross modulation compensator is an ampli-

fier developed by RCA for use with a
recording galvanometer when recording direct -positive variable -area sound
track. It is applicable to both 16 -mm
and 35 -mm recording. This device will
permit the production of higher densities with lower cross -modulation products. This is accomplished by predistorting the audio signal in such a manner
that the cross -modulation components
caused by image spread because of
the high sound -track density are cancelled.

Because of the inherent characteris-

tics of photographic materials, the attainment of complete opacity and trans-

ea
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Fiq. 18-246A. Block diagram for connecting a cross -modulation compensator amplifier to a recording channel for recording a direct -positive sound track.
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Fig. 10-246B. Schematic diagram for RCA MI -10285 cross -modulation compensator amplifier for recording direct -positive sound track.

parcncy is not possible. However, it is
possible to produce a density contrast
that is practical and will generally satisfy most requirements. The theory of
cross -modulation tests is discussed in

Question 182.12. By the use of the compensator, it is possible to produce direct -positive sound tracks and cancella-

tion of 40 dt3 or more at a density of
1.90.
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Direct -positive recording deals with
a single recording consisting of a sound
track on a positive print, which cannot
be corrected for cross -modulation distortion, as when a negative and a print
are used. This restricts the density to a
low value of between 1.2 and 1.4. If the

If

original

signal

is

passed

istic, then rectified and fed to the re-

the phase and amplitude are

properly corrected, optimum cancellation of the image spread or cross -modulation effects may be achieved.
A block diagram for the connection

116

wM
12

of a cross -modulation compensator amplifier is given in Fig. 18-246A. Except
for the connection of the cross -modulation amplifier, the recording channel is
normal. Cross -modulation amplifiers

5
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0
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can he used only with a biased galva-

2
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18-246C. Frequency characteristics
RCA

cross -modulation

compensator

amplifier for recording o direct -positive
sound track.

exposure is increased to obtain a higher
density, excessive sibilant distortion is
encountered because of the filling in of

the recorded waveforms due to image
spread at the higher density. The cross modulation compensator corrects this
distortion by predistorting the recorded
signal. By altering the shape of the sig-
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nometer and are not applicable to
noise -reduction shutters. The output of

the compensator unit is connected in
parallel with the output of the noise reduction amplifier (NRA) to buck the
noise -reduction current. Normally, the
noise -reduction current decreases with
an increase of signal amplitude, while
the compensating unit current increases.

Therefore,

the compensator

current must be proportional to the signal amplitude.

A schematic diagram for a cross modulation compensator is shown in
Fig. 18-246B. The signal is applied to a

bridging input of transformer T1, and
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through a filter, a compensating signal
can be derived with a rising characternal. If

18

of

the optical image can be such as to
counteract the distortion induced by
image spread and the processing.

cording galvanometer as a bucking sig-
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Fig.

nal as it is being recorded, the shape of
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Fig. 18-246D. Cross -modulation cancellation versus density for direct -positive recording using a cross -modulation compensator amplifier.
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terminated at the secondary by a gain

reference frequency, then an 8000 -Hz -

control. The signal is then applied to the

control grid of cathode follower VIA

carrier frequency for high -frequency
attenuation, followed by an 8000 -Hz -

through a frequency -selective network

carrier frequency modulated 80 percent

which supplies the frequency correc-

by 400 Hz. For these recordings, the

tion. The slope of this correction is 6 dB
per octave and attenuates frequencies
below 500 Hz. The signal from the out-

galvanometer is deflected to 80 percent
(down 2 dB from 100 percent).

put of VIA is applied to the control

the tests are measured in the usual

grid of a two -stage amplifier, V1B and
V2, employing negative feedback from
the plate of V2 to the cathode of V113.
The feedback lowers the plate impedance of V2 and improves linearity and
stabilizes the gain. Leaving V2, the sig-

manner using a cross -modulation readout unit. Tests with the greatest cancel-

nal

is applied to transformer T2 and

full -wave rectifier V3. The output of V3
is developed across R14 and applied,

without filtering, to the control grid of
V4, a dc amplifier. Because of its high
output impedance V4 may be connected

directly across the galvanometer bias
coil without any loading effects occuring. The plate current of V4 for a zero
signal is quite low due to the applica-

tion of a high grid -bias voltage. Because the cathode of this tube is unbypassed, negative -current feedback is

induced and the input to output linearity is maintained.
The rectifier in the compensator generates products consisting of sum and
difference frequencies of both the fundamental and harmonics Because the
galvanometer does not respond to frequencies above 9000 Hz, the sum frequencies of the rectification products
contribute nothing to the corrective signal. The difference frequencies of the
fundamental from the rectifier products
provide
cancels

the corrective signal which
the cross -modulation compo-

nents. To eliminate the effects of phase

shift, filtering of the signal at the control grid of V4 has been omitted. The
frequency characteristics are given in
Fig. 18-246C.

The compensator is put into service
by first making a series of lamp tests to
determine the lamp current for the desired density, which for this discussion
will be 1.60. After determining the correct lamp current, a series of cross modulation recordings are made for

different readings of the meter on the
cross -modulation compensator, by keep-

ing the percentage of modulation (galvanometer) constant and varying the
input gain control on the compensator
unit. The first recording is 1000 Hz for a

After the film has been processed,

lation and minimum distortion are selected. and the compensator current
noted. Assuming that the test indicates
a current of 5 milliamperes, an 8000 -Hz
sine -wave signal is applied to the channel and the gain of the recording chan-

nel and the compensator are adjusted
for an 80 -percent deflection of the galvanometer. (The 8000 -Hz signal is below the resonant frequency of the galvanometer.)

When adjusting the compensating
amplifier and recording channel as just
described above, the compensator adjustment is independent of the recording channel frequency characteristics,
since any change in the characteristics
is automatically reflected to the compensator unit because of its position in
the recording circuits.
After the tests have been made, dia-

logue tests are recorded at the exact
compensator current selected, then at 1
and 2 milliamperes above and below the
selected value, using sibilant sentences,

as given in Question 2.96. It may be
found, after listening to the tests, that
the compensator current should be increased or decreased slightly from the
value of 5 milliamperes.
Typical cross -modulation measurements are plotted in Fig. 18-246D. When
the compensator current has once been
established, it will require no further

attention, unless the laboratory processing methods are changed.
18.207 What aro the effects of
cross -modulation distortion?-The sound
seems to have excessive sibilance which

is not the case, but is high -frequency
distortion. Cross -modulation distortion
is caused by improper negative and
print densities which affect the cancellation of cross -modulation distortion
components. Cross -modulation distortion is more disturbing to the ear than
harmonic distortion.
The proper negative and print densities may be determined by one of the
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two methods described in Questions
18.128 and 18.232.

18.248 What is the percent transmission when the negative and print densities for variable -area sound tracks ore

correct?-Including the fog density, the
percentage of transmission is 50 percent.

This condition

is

determined by the

cross -modulation test
16.249 If the exposure lamp in a
film recorder is replaced, is it necessary
to make a complete family of new cross modulation
? - Not if previous
cross -modulation test data are available.

An exposure lamp test is made and
compared with the old and new densities for a group of given lamp currents. If the comparison is favorable, a
lamp current corresponding to the old
lamp is selected and recording is con-

tinued in the usual manner. If a photometer is used for monitoring the exposure lamp, the same readings for a
given density are used.
18.250 How ore exposure lamps for
selected? - - Exposure
film recorders
lamps for an optical film recorder must
be carefully selected. Many times new
lamps designed for recorder use are not

entirely satisfactory. Several types of
lamps arc available for recording use
which employ straight and curved filaments and have either bayonet or pre focused bases.

The filament should be carefully inspected as to its placement in the envelope relative to the optical system.
If the filament is a curved one, the coils
should be even and the arc smooth, with
even spacing between the coils. If a line
is drawn from the base of the lamp upward through the center of the filament,

the filament should be at right angles

to the line and the line should pass

for at least two hours before attempting
to make any tests involving the record

ing of film. If the recorder is equipped
with a photometer, the deflection for a
given exposure current is noted and the
lamp adjusted by the photometer rather
than by current alone. After the lamp
has been in operation for a few hours,
it starts to blacken inside the envelope
as a result of carbon deposits thrown
off by the filament. This causes a reduction of intensity for a given current.
The photometer indicates the light intensity and may be used for resetting
the current for a given intensity, where
the current alone would not be accurate.
When an exposure lamp is replaced,
it is necessary to make a series of ex-

posures at several different lamp currents, as explained in Question 18.249
The use of a photometer for monitoring
the intensity of the exposure lamp will
result in better control of the exposure.
and eliminate the need for lamp tests
when the lamp must he replaced in an
emergency.

Lamps that are used for recording
and reproduction are generally rated at
about 75 percent of their burn -out cur5 am-

peres will burn out at about 6.5 amperes, while a lamp that is rated at 10
volts, 7.5 amperes, will burn out at
about 10 amperes.
With a 10 -volt, 5 -amp lamp operating

as rated, a color temperature of about
2950K (Kelvin) will be developed. If
the lamp is operated at 6 amps, a color
temperature of approximately 3200K
will be developed. The color temperature of a 10 -volt, 7.5 -amp lamp, operat-

ing as rated, will develop a color temperature of about 2925K. With the same
lamp operating at 9 amps, a color tem-

through the filament. If the filament
is curved, the curved side is turned

perature of around 2975K will be de-

toward the optical system
Most recorders are provided with an
eccentric adjustment in the lamp socket

Prefocussed recorder lamps employing curved filaments are manufactured
in two types. It is possible for the filament to he turned 180 degrees from the
normal for a given recorder lamp

for positioning the lamp horizontally
and a vertical adjustment for centering
the filament on the center axis of the
optical system. The best way to install
the lamp is to observe the filament
through the optical system, if possible.
by looking back into the optical system
with a periscope and having the lamp
burning just above a dull red color.
After installing a new lamp, it should
be allowed to burn at its rated current

veloped.

socket. Therefore, the filament curve
must be checked in relation to the base
before installation.
18.251

Haw

are

cross -modulation

tests recorded on a push-pull recorder?-

In a manner similar to that described
for

a

standard

recorder

(Question

18.232). except only one side of the
push-pull sound track is used. This is
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accomplished by racking over the galvanometer to one side and exposing only

7. Record 10 feet of 1000 -Hz track.
8. Galvanometer off.

one-half of the track. If, after the prints
are measured and excessive sibilance
exists, yet the cancellation is satisfactory, the density of the exposed side of
the track should be checked for non uniformity.
If the density appears to he satisfac-

9. Move galvanometer to right until
one track is cut off as shown at C in
Fig. 18-254.

10. Record 10 feet of 1000 -Hz track.
11. Develop negative and make one
print.

tory, the trouble may be due to slippage

in the printer. It is generally more satisfactory to measure the density of the
exposed sound track before attempting

L

IA)

5'0408v

to make a cross -modulation test.
Measurements of the density between

the two sides of the exposure should
also be made, because when the recorder is used in its normal manner
(push-pull), the density variation between the two sides of the sound track
must be nearly the same. If the density
variation is excessive, severe distortion
will result.
18.252 Why is it desirable to use
push-pull sound tracks for recording
rather than standard sound tracksl-

;CI

Fig. 18-254. Galvanometer crossovertest
images as seen on the monitor card of a
variable-areo push-pull film recorder.

Reez...sse of the greater signal-to-noise

ratio, cancellation of even -order harmonics, and relieving of the necessity
for blooping splices. Also, noise -reduction equipment is generally not required. (See Questions 18.209, 18.210,
and 18.211.)
18.253 What

is

a

galvanometer

crossover fast?-A test made on a variable -area push-pull film recorder to
determine where the sound tracks arc

78.255

How is a crossover test rivers-

suredP-The print is run on a normal
sound head and measured by observing

the output level from the three recorded positions on a VU meter in the
following manner. Set the output level
from the right-hand track to a convenient point on the VU meter scale, say
zero. Tabulate the output readings as
shown below. Assume the right-hand
track reads zero, the standby position

180 degrees out of phase with respect to

-1.5 dB, and the left-hand track -3.0

each other and if the azimuth adjust-

dB.

ment is correct.
18.254

Now

is

a

crossover

test

mode?-Thread up the recorder and
proceed in the following manner:
1. Set galvanometer to the standby
position (as shown at A of Fig.
18-254). Apply 1000 Hz to the galvanometer and deflect it to 10 percent modulation (20 dB down from 100 percent modulation).
2. Galvanometer off.
3. Move galvanometer to the left far
enough to cut off one sound track as
shown at B in Fig. 18-254. The
amount of movement is checked beforehand by observing the movement
with a periscope in the optical system.
4. Record 10 feet of 1000 -Hz track.
5. Galvanometer off.
6. Move galvanometer to standby po-

sition, (shown at A in Fig. 18-254).

Crossover
Right

Crossover
Standby
1.5 dB

0

Crossover

Left
-3.0 dB

The average values of the right and left
tracks are subtracted from the standby
output reading. Example: right side

reads 0.0 dB; left side reads -3.0 dB.

-3.0
2

= -1.5 dB

-1.5 dB - (-IS dB) = 0
Tolerance for the crossover test is -1.0
dB to +0.5 dB. A typical crossover test
is shown in Fig. 18-255. The two sides

of the track should not vary in output
level more than plus or minus 0.10 dB.
18.256 Why is a lower exposure
lamp current used for 16 -mm than for
35 -mm film? - The linear speed of
16 -mm film is 40 percent slower than

OPTICAL FILM RECORDING

Fig.
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1 8-2 55. A typical push-pull crossover test for o push-pull variable -area photo-

graphic film recorder (print).
35 -mm film; therefore, for the same
emulsion or a given density, the lamp

ulation is measured. Cross -modulation
measurements indicate 40 -dB cancella-

current must be reduced to equal the

tion for a print density of 1.60, with a

exposure of the film running at 90 fpm.

high -frequency loss of

18.257

In what direction is the fil-

ament of an exposure lamp placed? -1I

the filament is of the curved type, the
curved side is placed facing toward the
film. This is quite important as less light
and possible shadows may be indicated

1
dB. Prints
which will prove quite satisfactory may
then be made at a density of 1.40.
18.262 What it an antihalation

base film7-A film with a gray dye in-

site direction. In some instances, pre focused -base lamps may not fit in the
exposure lamp socket with the curved

corporated in the base to prevent halation around the image. This is extremely important for photographic film
sound recording and is discussed further in Question 18.150.
18.263 What solution is used for

side of the filament toward the film;

cleaning

with the filament turned in the oppo-

therefore, lamps should be carefully in-

spected before installing them in the
recorder.
18.258

What is the overage negative base -fog density for varlable-area
sound track?-From 0.28 to 0.30, de-

pending on the lime of development.

sound truck?-Several commercial solutions are available on the
market. If optical sound track is to be
used for rerecording, the track should

be cleaned in advance of its use.
18.264

What are the average sound-

track densities for Eltachrome reversal
print film?

This figure includes the film -base density, arid is referred to as the base -fog
density.
18.259 What is the transmission
through the opaque area for a print den-

tin modulated

densityof
positive

Uninodulated
track
density of
coicrr print

sity of 1.40?-Four percent. This is the
amount of light transmitted through the
opaque portion of the film. (See Ques-

Track

print

Variable -area

2 0 to 2.2

tion 25.160.)
18.260 How arc the optimum nega-

Variable density

tive and print densities determined for a
single -system recorder -cameral -13y listening tests, iis described in Question

The sound track is printed from a positive sound track. (Sec Questions 18.287

18.128.

and 18315.)

How is the optimum density
determined for dupe negatives?-A typi-

18.265 What
zero -shift
is
the
method of determining negative and

cal example follows. Assume that an

print densities for variable -area record-

original negative is developed to a density of 2.35. and that a print made from
this negative has a density of 1.40 and
measures 42 -dB cancellation. The negative consists of 1000 Hz for a reference
frequency, 9000 Hz for high -frequency
loss, and a 400/9000 -Hz cross -modulation test.
This print is sent back to the laboratory and dupe negatives with densities
of 1.60, 1.70, and 1.80 are made. A print
having a density of 1.40 is made for
each dupe negative and the cross -mod-

ing?-A method of determining the optimum densities for both negative and
print by recording a high frequency
(6000 Hz for 16 -mm film and 9000 Hz
for 35 -mm film) at 80 -percent modula-

18.261

0.22 to 0.25

(clear area)
0.6 to 0.7

0.65 to 0.75

tion. A series of negatives is made using

different lamp currents, with a section
of unmodulated track between. The
densities are then read and tabulated.
Prints are made and their densities read
on a special densitometer consisting of
two photocells in a balanced circuit.
Minimum distortion is achieved when
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the clear and opaque areas are equal, or

variable -density

when a condition of 50 -percent trans-

modulated? -When a variable -density
sound track is overmodulated, it is exposed along the sloping portion of the
exposure curve. Thus, the distortion in-

mission is obtained.
18.266 What other factors rather

than image spread affect the high -frequency reproduction? -11 overload takes

higher frequencies, the
often mistaken for excessive
the

place in
effect is

sibilance. This effect has been noted
when the original sound tracks were
recorded on magnetic tape which had
been overloaded by driving the tape
into saturation.
18.267

Describe the sound track im-

age most commonly used for variable area recording. - Present day systems,

using a light valve or a biased galvanometer, employ the double bilateral
image, as shown in Fig. 18-299A. In the
older systems, the single bilateral image
was used.
18.268 What sound track image is
most commonly used for variable -density

recording)-The most commonly used
:wage is that shown :n Fig. 18-306A.
18.269

How are the negative and

print densities determined for variable density recording?-By the inter -modulation distortion test method. Intennodulation tests arc made in a manner
similar to that described in Question
18 232, that

is, by making a group of

negatives and prints and then measuring the intermodulation distortion of
the prints. The combination of densities
having the lowest distortion is the cor-

sound

track

is

over -

creases gradually. When a variable -area
sound track is overloaded, the modulation peaks are clipped, as shown in Fig.
18-293. The distortion rises very rapidly.
18.274 Describe briefly an inter -

modulation analyzer.-Basically. the instrument consists of two separate units,
a signal generator and an analyzer unit.
The signal generator contains two stabilized oscillators with several fixed
frequencies which may be used in com-

bination. The second unit is the anaconsisting of an input
attenuator, high-pass filter, amplifier,
rectifier, low-pass filter, and a vacuum tube voltmeter calibrated in percent intermodulation. When the instrument is
used, the outputs of the oscillators are
combined in a hybrid coil and an atten-

lyzer section

uator panel, then applied to the input
of the recording channel. Sound track
negatives are recorded at several densities from which prints are made at several densities. The prints arc played

back and the intennodulation distortion

measured with the analyzer section.
The percent intermodulation for the
different density combinations is plotted
and analyzed. The combination of nega-

tive and print density resulting in the

rect combination of densities for the

intermodulation distortion are
the correct densities. (Intermodulation

negative and print. In the absence of an
intermodulation oscillator and analyzer,
sibilant tests may be used as described
for variable -area recording. (See Ques-

analyzers are described in detail in
Question 22.129.1
18.275 Describe how intermodulotion distortion is plotted to determine

tion 18.128.)
18.270 What is the relationship be-

the correct negative density.-By plotting the intermodulation distortion for
negative density against a given print

tween the transmission and density of a
variable -density sound track?-The neg-

lowest

mined by an interrnndulatlon test.
18.272 What is the average visual

density, as shown in Fig. 18-275. It will
be noted the lowest intermodulation is
obtained for a negative density of 0.45,
using a print density of 0.75. The curve
is rather broad in the region of the optimum densities. Under a condition of
balanced densities, the intermodulation
distortion can, as El rule, he held to less
than 5 percent for standard track, and
3 percent for push-pull sound track.
18.276 How is intermodulation data

for a variable -density printl-

plotted for print densistyl-It is plotted

Approximately 0.6 to 0.8. as determined
by an interinodulation test. (See Question 18315.)
/8.273 What is the effect when a

similar to Fig. 18-275, negative density
versus print density (reverse of Fig.
18.275). With these two curves, the permissible variation in density above and

exposed on the straight line
portion of the H and D curve where a
linear relationship exists between the
ative

is

log of exposure and density. (See Question 18.121.)
What is the average visual
18.271

density far a variable -density negative?
-Approximately 0.45 to 0.60, us deter-

density
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18-275. Intermodulation tests for variable -density recording. The above plot
indicates the lowest distortion is attained when the negative and print densities are
0.45 and 0.75 respectively.
Fig.

below the optimum values can be readily determined.
18.277
Are intermodulation tests
made with or without noise -reduction
bias?-They may be made either way.

Motion Picture and Television Engi-

However, they are generally made without bias. A slightly lower density is

sults, as

indicated when the measurements are
made using noise -reduction bias.
18.278 At what percentage of modulation are intermodulation tests mode?
-At 2 dB and 10 dB below 100 percent modulation of the light valve. A typical
1M sound track is shown in Fig. 18-278.
18.279 What frequencies are used
for intermodulation tests?-According to
the IJSAS1 (ASA) Standard PH22.51-

used for variable -area sound track dis-

1961, 60 Hz arid 2000 Hz.
18.280 In what ratio are the inter -

section will

modulation frequencies mixed?-The ac-

cepted practice is to use a ratio of 4:1
with the higher frequency 12 dB lower
in amplitude than the low frequency.
This is called the SMPTE (Society of

neers) method.
18.281
Arc intermodulation distortion measurements applicable to variable -area recording systems? The re-

a rule, are not too satisfactory.

Cross -modulation

iu

A.

A_

A_

to 18238 inclusive.
18.282 Describe
additional tests
that may be made with an intermodulotion analyzer.-A test for spurious var-

iations

may be made by omitting the

low -frequency signal and recording
only the high -frequency signal. Ob-

serving the signal through the analyzer
intermodulation

indicate

distortion from sources other than the
nonlinearity of the exposure print -density characteristics. Any modulation of
the high -frequency signal at a low -frequency rate, such as might result from

poor printer contact, can also be mea...re.

17
At_

Fig.

are

tortion, as described in Questions 18.225

e.vai

I

measurements

Jo.

18-278. A class -A push-pull variable -density sound track (print) with inter -

modulation test frequencies of 60 and 2000 Hz, mixed in a ratio of 4:1. Record
level, 4 dB below 100 -percent modulation
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sured with the analyzer. The repro-

the absence of a cross -modulation oscil-

ducer used for playing back the inter modulation print tests should be tested
to assure that the phototube circuit is
not introducing distortion.

lator or an intermodulatian analyzer?A series of sibilant sentences are recorded; for instance, "Sister Suzie sells
seashells by the seashore," or "Sister
Suzie is sewing shirts for soldiers." The
various print densities are listened to

18.283

How arc the optimum nega-

tive and print densities determined in
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1.1 This standard specifies the location and di-

mensions of variable area and variable density
sound records on 35mm motion -picture prints.
1.2 This standard specifies the area scanned in
the sound reproducer.
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2. Dimensions
2.1 The dimensions and location of the sound

record shall be as specified in the Aqui.* and
table

wawa .

2.2 The sound record on the Alm shall be displaced from the center of the corresponding picture by a distance of 21 frames
1/3 frame in

the direction of film travel during normal pro-

(Ms. te11)1.
Vale/eel( 04113

jection.

3. Related Standards
3.1 Prints mole r confonname w4h this standard ore ;mended to be used in accordance with

hee 1C114010

USA Stondorct 35mm Photographic Sound Motion -Picture Film. Usage in Projector. P1122.3-

Si eteocoucte

1961
amen sears

Inches
0.3011

eons

0.192

MOM

hblieseeees

7A

0.211

Lt.

0 193

- 0000

0 293

- 0.004

0.001
4- 0 004

- 0.03

0.000

7.44

area of the sound record. ore enroblished by
USA Standard Dimensions of Fepased Areas for
Picture and Photographic Sound on 30mas Mb

+ 0.00

- 0.10

3.13 = 0.03
7.26 ± 0.03

0 202 !".- 0.001
0 256 n' 0.001

3.2 Dimensions A and B, describing the printed

ems

new
AM
5.21 = 0.03
7.14 5 0.03
+ 0.10
4.90

0 705 = 0.001

Lion -Picture Prints Made on Continuous Concoct
PronlerS, P4122.111 1965, and ore shown in the

table as nominal values for reference only.
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Fig. 18-285. Standard sound -track placement dimensions for 35 -mm photographic
film recording.
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and the combination of negative and
print density with the least sibilance is
then selected for use. (See Questions

density. Optimum densities arc determined by the cross -modulation or intermodulation tests discussed in Ques-

18.128, 18232, and 18.274.)
18.284 What is the standard

tions 18.232 and 18.274.
18.287 Describe the reversal

for

track placement on 16 -mm optical film?

-This Standard is at the present time
under review by the SMPTE; however,
the new Standard will be similar to the
existing PH22-41-1957 (Fig. 18-284).
Sec page 994.
18.285 What is the standard for
sound -track placement on 35 -mm optical
film?-The tJSASI (ASA) Standard
PH22.40-1967 is given in Fig. 18-285,

and is a revision of PH22.40-1957. See
page 995.

18.286
with

used

What type sound track
Ektachrome

reversal

is

print

film?-A positive sound -track image is
required. During the processing, a sulphide developer is applied to the sound-

track area, resulting in a reversal snlfide track. The sound -track image may
be either variable -area or variable -

film
process.-Ektachrome print is a reversal
film. It is exposed as a negative, but
after processing, it becomes a positive
as shown in Fig. 18-287. Three steps

take place in the reversal process. In
the first step the exposed silver halides

are developed to a negative silver. In
the second step, the remaining unexposed halides are converted to silver
sulfide. In the third and final step, the
white image of step one becomes the
black silver -sulfide image-a complete
reversal from the original exposure.
Ektachrome print film is designed to
yield a nonreversal silver sound track,
rather than a dye -sulfide sound track.
Therefore, the track must be exposed

from a negative. Such negatives may be
either variable -density or variable -area.

The correct density is determined by a
series of intermodulation or cross -modulations tests, discussed in Questions

STEP -1
ExPOSED SILVER

18232 and 18.274.
78.288 Show the appearance of a
40 -Hz modulated bilateral (duplex)

--HALIDES DEVELOPED
TO NEG SILVER

sound track.-Such a track is shown in
Fig. 18-288. The 40 -Hz modulation is

shown coming from the bias lines into
full modulation. This particular track is
slightly modulated over 100 percent, as

STEP -2
RENA N1NG UNEXPOSED
HALIDES CONVERTED TO

SILVER SULFIDE

can be seen by the loss of the bias lines
between the waveforms.
18.289 Shaw a 9000 -Hz bilateral
variable -area sound track modulated 100
percent.- See Fig. 18-289.
78.290-Show the appearance of the

STEP -3

NEGATIVE SILVER

bias lines in a bilateral Iduplex) sound
track.-See Fig. 18-290. The bias lines
in the original sound track were 4 mils

SILVER SULFIDE
SOUND TRACK

Fig.

18-287. Ektachrome print -reversal
process.

wide.
18.291
Show the effect of improperly centering a galvanometer. - The

(a) Negative.

(b) PriNt
Fig. 18-288. Variable -ores, bilateral (duplex; 35 -mm sound tracks with a frequency

of 40 Hz.
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(a) Negative.

111111011111111.11110101m111.111"dmom
Przit:

Fig. 18-289. Bias lines for a 35 -mm variable-arca bilateral (duplex) sound track.
lost. This is the same as overmodulating

(deflecting over 100 percent) with the
galvanometer properly centered. This
may be seen more clearly by referring
to the image print in Fig. 18-291. Here,
the image (black) has a separation beFig. 18-290. Bias lines for a 35 -mm,
variable -area, duplex sound track (print).

tween each modulation and no bias line
between. The effect on a complex modulation is shown in Fig. 18-293 (an

negative image in Fig. 18-291 shows

overmodulated sound track). The importance of properly calibrating and
centering the galvanometer cannot be

that the peaks of the waveforms (black)

in the center of the sound -track area
are almost touching, while the valleys
still have some distance to go before
reaching the outer edges of the envelope. This condition is the result of not
the galvanometer

centering

properly

at rest (before recording).
Under these conditions, if the galvanometer is permitted to deflect to its

when it

is

100 -percent mark, the peaks at the cen-

ter will touch and the bias line will be

overstressed.
18.292 Show a heavily modulated
bilateral (duplex) variable -area sound

track.-Such a sound track is shown in
Fig. 18-292.
18.293 Show an overmodulated variable -area sound track.-See Fig. 18-293.

It will be noted that the peaks of the
modulations are severely clipped; also,
the bias line completely disappears in

1\_

,,,,mmymmyymmyTyymmymi

111111111111111110111111111111111114
(b) Print.
Fig. 18-291. Galvanometer improperly centered-frequency, 1000 Hs.
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JU-

LT 1J
( e)

Negative.

F-1 1---1
41414140104.11
(b) Print.
Fig.

18-292. Heavily -modulated bilateral or duplex variable -area, 35 -mm sound
track.

the heaviest modulated portions. Clipping of the peaks, as shown, results in
harmonic distortion. Although the modulation is high in Fig. 18-292, the peaks
arc not clipped.

--

18.296 Show a 6000 -Hz variable area sound track print which hot been
underexposed,

Waal

exposed,

and
is

overexposed. Negative density is correct.

Tv7w1rry1 Mir
a LAW

normally

overexposed.-See Fig. 18-296. Print

ITYMITIYMYYMMYTYY

kAaal

1111111111111111111111111

(a) Negative.

(a) Negative.

ITTMITIVITYTTIVITIVITY

/1//111111111/11//111/111

(b) Print.

Fig. 18-293. Variable -area, duplex, 35 mm ovcrmodulatcd sound tracks showing
the loss of bias lines and the clipping of
the modulation peaks.

(b) Print.

18-294. Variable -area, duplex, 35 mm sound tracks, 1000 Hz, modulated
80%, with too little noise -reduction
Fig.

margin.

Show a 1000 -Hz variable area sound track modulated 80 percent,
18.294

with too little noise -reduction margin.See Fig. 18-294. Note that the peaks are
clipped.
18.295 Show a 1000 -Hz variable area sound track with 3 dB of noise -reduction margin.-See Fig. 18-295. No

clipping of the peaks is apparent.

18.297 Show a 6000/400 -Hz cross modulated variable -area sound track
with low-, normal-, and high -density

prints.-See Fig. 18-297. It will be noted
in (a) the average transmission is decreased, while in (e) it has increased.
In (c) the average transmission is 50
percent or correct. The 400 -Hz corn-

mvv111111

tAitiii1/11/1
Fig. 18-295. Variable -area, duplex, 35 -mm sound tracks, 1000 Hz, modulated 800o
with a 3-48 noise reduction (print).
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r gar maralgarNw-geornuaroanyqargans NEP
ank.

(a) Negative (low density).

(a) Underexposed.

64400411041141041000010
(b) Correct exposure.

(b) Print of (a).

ism1911111,911111109011m9191MPF11111991.9"9"1.

(c)

Overexposed.

Fig. 18-296. Variable -area, duplex, 35 -

(c) Negative (normal density).

mm sound tracks -6000 Hz (print).
ponent in both (a) and (e) can be measured. In (c) it is at a minimum.
18.298

Show

a

class -8,

ariable-

area sound -track print with modulation
and bias lines.-See Fig. 18-298. In the
class -B system of recording, the posi-

tive half of each cycle is recorded on
one track, with the negative half on the
other track. The bias lines may be seen
between the modulation. The frequencies shown are dialogue.
18.299

Describe

a

variable -area,

double -bilateral sound track.-It will be
noted that this sound track (Fig. 18299A) consists of two identical bilateral

tracks recorded side by side. Sound

100000000041
(d) Print of (c).

11111111101111PRIPIIIIMINIMINIMPI

111111111111111111111MINIIIMIN

(e) Negative (high density).

tracks of the double -bilateral type are
less affected by uneven slit illumination and azimuth adjustment in a reproducer sound head. This is because
the tracks arc narrower than a single
bilateral track. A slight increase in the
signal-to-noise ratio is also obtained. A
double -bilateral track must not be mistaken for a push-pull sound track, as
double -bilateral tracks are in phase,
while push-pull tracks are 180 degrees
out of phase. Variable -area push-pull
sound tracks arc illustrated in Figs.

Fig. 18-297. Variable -urea, duplex 35 mm standard tracks -6000/400 Hz

18-298 and 18-309. Push-pull variable -

cross -modulation test.

0004~00~1
(f) Print of (e).
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density sound tracks arc shown in Figs.
18-278 and 18-306. (See Fig. 18-302B.)
18.300 When is a high -density print

usee-Before the advent of magnetic
recording, considerable difficulty was

SESIONIE

(a) 00 Hz.

)

Fig. 18-298. A class -8 modulated rari-

able-area, 35 -mm sound track (print).

encountered when rerecording (dubbing) because of the rather low signalto-noise ratio. To increase the signalto-noise ratio special high -density dubbing prints called trans -tracks (transfer
tracks) were used, having a density of
2.15 or greater. Although these tracks

J

IMMIIM111101101111
1011010111111.01010111
(b) 1000 Hz.
Fig.

Double bilateral sound
tracks (negative).

18-299B.

adjustments and tests are discussed in
Questions 18.52 and 18.53.
18.302 Show a noise -reduction am-

plifier opening test. -In Fig. 18-302A is
shown an opening test for a bilateral
(duplex) sound track using noise -reduction shutters. The test frequency is
1000 Hz. The track shown in Fig. 18Fig. 1 8-2 99A. A double -bilateral modu-

lated, variable -area sound track (print).

302B is (or a biased galvanometer, using
a double -bilateral sound track configu-

ration. Both illustrations are negative
are no longer used, their appearance is
of interest. Fig. 18-300 shows a cross -

modulation negative and a high- and
low -density print made from this same
negative. The developers used were
then called P-1 and P-2.
18.301 Show a 9000 -Hz in -and -out of -focus test -Sec Fig. 18-301 Focus

(black) images.
18.303 Show a 1000 -Hz noise -reduction closing time test. -A closing

time test for a double -bilateral recorder
using a biased galvanometer is given
in Fig. 18-303A. The normal closing
time is 4 inches of film for 90 percent closure. The track shown in Fig. 18-

rrITYMMTTMTIT1
11.111111111111liAlli

(a) Negative, density 2.54.

+µoofisotfstsottofiots...o.s.ee00000ee
(b) Print, developed in P-1 developer, print density 1.40.

1400040010404

11111141004114110104

(c) Print, developed in P-2 developer, print density 2.15.
Fig.

18-300. Cross -modulation test negative with high- and low -density prints.
Frequency 6000 Hz, modulated by 400 Hz.
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sound track.-Such
J

a sound track
is
shown in Fig. 18-304.
18.305 Show a standard variable density sound track.- -Two standard
variable -density sound tracks, one with
music modulations, the other with 4000 Hz signal, arc shown in Fig. 18-305.

)

1B.306

(a) Correct focus.

J

Show

a

200 -mil variable -

density push-pull sound track.-Such
sound track is shown in Fig. 18-306. The

modulations of the two halves of the

L

track are 180 degrees out of phase with
respect to each other.
18.307 Describe a magoptical re-

lease print.-A magoptical print is a release

print having a combination

magnetic

(b) Out of focus.
Fig. 18-301. A 9000 Hz negative focus
test.

and

photographic

of
sound

tracks. The magnetic sound tracks are
placed in their normal position on the
release

print, with the optical sound

is of a duplex recorder using
noise -reduction shutters. The normal
closing time is 3.5 inches of film, starting
from the last modulation to a point

303B

where the bias line returns to its normal
dimensions.
18.304 Show the appearance of a
variable -area
16 -mm
direct -positive

Fig. 18-304. A 16 -mm variable -area bilateral, block and white, direct -positive
sound track.

I-

j

vnutIMVITYYTTIMMYMMI

Aiiiiiiii1111111i11111111111lilil
Fig. 18-302A. A 35 -mm, duplex variable-arca noise -reduction shutter opening test.

Fig. 18-3026. A 35 -mm, double -bilateral, variable-arca, biased galvanometer, noise reduction opening time test.

Fig. 18-303A. A 35 -min, double -bilateral, variable-arca, biased galvanometer closing time test.

Fig. 18-3036. Closing time test for a variable -area bilateral or duplex noise -reduction shutter.
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Aii
(a) Music, modulated 1 007c, 100 mils icide.

(b) 4000 Hz., modulated 807,.

Fig. 18-305. Variable -density 35 -mm sound track prints.

track also in its normal position, although somewhat narrower than usual.
Using this method of making release
prints, the same print may be played in
theaters having either magnetic or optical sound heads. For 16 -mm prints, a

is applied in conjunction with the nor-

different method is used, as explained in
Questions 18.314 and 17.184.
18.308 What is o supersonic noise -

high -frequency bias is induced in series

reduction amplifier?-A system developed in 1948 by the Westrex Corp., for
direct -positive recording, whereby a
high -frequency signal was applied to

the light valve ribbons along with the
audio signal for variable -density recording. This signal changes the waveform in such a manner that when combined with the toe characteristic of the

mal audio signal.

An elementary block diagram for a
supersonic

bias

recording

system

is

shown in Fig. 18-308. The light valve
is driven from its normal amplifier. The

with the center leg of the light valve.
It will be noted particularly that a
noise -reduction amplifier is not used
with this system; only the supersonic
bias oscillator is used.
18.309 Show the appearance of a
variable -area direct -positive
200 -mil
push-pull sound track.-The images
shown in Fig. 18-309 were made using a

film, the waveform would result in a
linear relationship between the audio
signal in the light valve and the transmission characteristic of the film. This
method accomplished in somewhat the
barne manner, results which the cross modulation compensator, manufactured
by RCA, achieved with variable -area
film.
A frequency of 24,000 Hz is applied to

the ribbons of a biplanar light valve.
continuously

Fig. 18-308. Supersonic bias system used

modulated to an amplitude of 200 percent. This high -frequency bias signal

by Westrea for direct -positive variable density recording.

The

Fig.

valve ribbons

are

I8-306. A 35 -mm variable -density 200 mil, push-pull sound track (print).
Modulated 100%.
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the air out of the exposure lamp compartment, rather than blow the air in. If
the recorder case will permit, a square
hole for the fan is cut in the rear of the
case and the fan is mounted to draw out
the air. The fan should be connected by
a relay across the dc exciter :amp voltage so that the fan starts when the exciter lamp is energized.

Fig. 18-309.A 200 mil, variable -area,
direct -positive, push-pull sound track.

light valve. It will be noted that the

peaks (white) of the modulation are
180 degrees out of phase with respect
to each other.
18.310 What is latent image keeping and how ore such tests made?-The
tenu "latent image keeping" is the
change in the exposure of the film between the tune of exposure and the time
of development. No definite rules can be

applied as to the handling of the film
between the time of exposure and development, except that it should he handled in the manner prescribed for such
film. Because of the ninny variable fac-

tors involved, any one may cause the
exposure to increase or decrease Factors affecting the exposure are the type
of emulsion, degree of exposure, temperature. humidity, and the time lapse

18.313

What is a trans-track?-A

special variable -area high -density print
used for rerecording before the advent
of magnetic recording. Now obsolete.
18.314 Describe a magoptical release print using on infrared exciter
lamp for recording the optical sound
track. -Magoptical sound prints can be
made which utilize a discovery of
George Lewin in 1955. He covered the
optical sound track with a full -width
magnetic stripe. The procedure for

making such prints is: After the print
has been processed, the sound track,
which may be either variable -area or
variable -density, is fully covered with
a magnetic stripe, and the sound is recorded In the usual manner. To reproduce the optical sound track, an infrared exciter lamp is used, rather than the
white light, because the magnetic stripe

is transparent to the infrared light. A
germanium photodiode, which is sensi-

between exposure and processing.
Latent image keeping tests are made
by taking a series of lamp tests exposed
at different time intervals and developing them all at the same time. The density of each test is then plotted as time

tive to infrared light, is used to reproduce the sound from the optical track.
In this system, either one of the sound
tracks may be reproduced individually
or simultaneously. The reader is re-

versus density. It is of extreme importance when making such tests, that the
exposure lamp be set to exactly the

18.307 and 17.184.)
18.31S Describe a simple device for

same intensity and that the same emulsion be used for all tests. Suggested
time intervals are 36, 24, 12, 8, and 6
hours, exposed in that order.
18.311 Give a cross-sectional view
of color film construction.-A cross-sec-

tional view of an Ektrachrome color

ferred to the references. (See Questions

marking takes while looping.-A simple
device that may be used for marking
takes while looping dialogue is shown
in Fig. 18-337 It consists of a 500 -Hz
MorEctivi 4047

print is given in Fig. 18-311 It can be

YELLOW

observed that the stock has three layers,
which consists of blue, green, and red.
(See Question 18.287.)
18.312 Whet is the rouse of density
drift in a recorder, although the photom-

GREEN SENKENE ElIJLIMON

eter readings are normal-This is generally due to the improper air circulation around the exposure lamp and the
recording optical system. This can be
overcome by the use of a small fan,
such as a Muffin fan, mounted to pull

GEL WEIR LlEttE1

111111==t7
Suldeltaruts

Mti
ANTRIAL AT RDN RACKING

Fig. 1 0-31 1. Color layers of Ektachrome

reversal print film.
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high -frequency buzzer and

a

repeat

coil. A 10,000 -ohm resistor is connected

in series with one side of the coil to
provide a high -impedance output which
may be bridged across a bridging bus,

or any other convenient part of the recording system. When the system is up
to speed, a single tone is recorded ahead

of each take. If the take is satisfactory,

two tones are recorded at the end of
the take. Later, these tones are used by

the editorial department for identifying
the selected takes.
18.316 Can alternating current he
used on a recorder exposure lamp?-Yes,

but it may induce a 60-11z modnlation
on the sound track. This is possible if
the lamp filament is of a light construction. Alternating current should not he
used if a dc supply is available. Exciter
lamps in 16 -mm projectors use ac, but
of a high freqnency generated by an oscillator. This subject is discussed in
Question 19.166.
18.317 What are the characteristics

of a class -AB recorder?-The recording
mask is so shaped that, at low percentages of modulation, the system records
as a class -A recorder. Above a given
level, the system acts as a class -B recorder. This system was used a number
of years ago for variable -area recording
in some types of newsreel cameras. A
noise reduction system is not required.
Now obsolete.
18.378 Do push-pull recording systems require a noise -reduction system?-

Push-pull recording systems such

as

the variable -area class -AB and class -B

are inherently noiseless recording systems, requiring neither hiss -current
shutters or a noise -reduction amplifier.
However, the variable -area class -A
push-pull recording system does require
a
noise -reduction system, somewhat

similar to that of the duplex system.
The Westrex Corp. three -ribbon light
valve described in Question 18.15 alsn
requires a noise reduction -amplifier.
18.379 How long may exposed film
be held before development?-It should
not be held longer than 24 hours. An
exposure test must be included for use

diffused density of 0.05 to 3.00 in 21
steps, and is used for the calibration of
densitometers. Each tablet is individually calibrated.
18.321 Can negative sound tracks
be used for reproduction?-Yes. How-

ever, they are likely to be quite distorted and noisy because of the low signal-to-noise ratio and image spread.
The sound track on a negative is black,
with a large amount of the sound -track
area clear, which reduces the signal-tonoise ratio. Because this is a negative,

the action of the noise -reduction system, insofar as the reproduction is concerned, is in reverse.
18.322

Why

is

a

positive sound

track used for release prints?-The electrical output from a photocell when
used with optically recorded sound

tracks is dependent on the amount of
light falling on the photocell anode and

the frequency of interruption of that
light.
When a positive sound track is
played back, the greatest output signal
from the photocell is obtained as the
clear areas pass before the scanning
beam. During periods of low or no
modulation, the signal-to-noise ratio of
the print is high because the areas
around the sound track image are
opaque, due to the noise -reduction action during the recording of the original

negative.
18.323

Why is a negative sound
track used for adjusting and measuring
the cancellation of a push-pull sound
head?-Prints are not used because of

printer slippage and variations in the
processing which will cause variations
in the adjustment of the cancellation.

A typical example is a sound head
which, when measured with a negative
sonnd track, indicated a cancellation of

40 dB. Using a print made from the
same negative, the cancellation measured 14 dB. (See Questions 19.97, 19.98,
and 19.99.)
18.324 Show the construction of a

laboratory motion picture printer. - In

What is a step tablet? -1t is

Fig. 18-324 is shown a Bell and Howell
Model -C additive color printer. This
machine is capable of printing 16-, 35-,
35/32-, and 65/70 -min picture with
sound track, running at either 60 or 180
fpm. The operation may be controlled
by the use of punched tape.

a piece of film with accurately graduated exposures which range from a

sound track made without the benefit

by the processing laboratory. This test is
developed before processing the sound

track to assure a correct development
time.
18.320

78.325

What

is

a

wild shot?-A
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Fig. 18-324. Bell and Howell Model -C additive color printer.

era is driven alone at an increased or

head of low flutter The measured difference in flutter between the negative
and print is an indication of the printer

decreased frames -per -second speed.

flutter. (Flutter bridges are discussed in

When making running shots, such as
a running horse or fast-moving vehicle,
the camera is mounted on a camera car
and the camera motor driven from bat-

Question 22.41, and flutter measurements are discussed in Question 23.149.)

teries. The frames per second arc set
using a tachometer. Very often, a wild
shot involving sound is made using a
1/4 -inch tape recorder which is battery

track without modulation, put on the

of synchronous driving system between
the carriers and the sound, or the cam-

driven. (See Question 3.72.)
18.326
What is printer distortionTDistortion of the sound track created by
flutter and slippage in the film transport

system of the printer mechanism.
18.317

What

effect does

printer

flutter have on the sound track reproduction?-The same effect as a sound
head with flutter. Piano music takes on
the characteristics of a harp, resulting
in distorted reproduction.
The flutter of a printer in good condition will generally he on the order of
0.12 percent or less. Excessive flutter
also affects the printing of cross -modulation tests. (See Question 18.242.)
18.328
How may the flutter of a

printer be measured?-By recording a
3000 -Hz negative on a recorder known

to have low flutter, and then making a
print from this negative on the printer
in question The flutter of the print and
negative is then measured on a sound

78.329
What is an exposure test?It is a full -width exposure of the sound

of each roll of recorded sound
track. It is generally about 20 feet long,
and it is the exact same exposure as the
sound track. It is torn off by the laboratory and run through first to determine
end

the time of development for the required density. At the end of the program material. a punch mark is put in
the film to assist the laboratory in finding the inner end. In a variable -area
recording system, the exposure test is
made by tilting the galvanometer so
that the light image covers the full slit.
For a light valve, the bias is removed.
For a direct positive, the procedure is
reversed; that is, the bias is closed down
to near the closure point.

When a biased galvanometer Is recording a standard track, it is tilted to
completely illuminate the slat. For a
direct -positive track, the procedure is
again reversed; that is, the galvanome-

ter is tilted until the slit is completely
dark. The importance of these tests
cannot be overemphasized, as it is the
only means the laboratory has for de-
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termining the correct density. It is the
policy in some studios to first record a

Ryder Echelon, and Nagra sync -pulses,
and equipped to record a sync pulse on

spot-check cross -modulation test for 20
feet at the end of the program on each

a tape when required.
The equipment of a transfer channel
must be quite flexible and capable of
being patched up quickly. When necessary, it must be usable as back-up

roll, and then use the exposure test.
The cross -modulation test is then run
along with the dailies, and is then measured. This test can be used as a quality

control. For the light -valve variable density recording, the procedure is the
same.

18.330 Describe the facilities required in a transfer channel for magnetic
tape, film, and photographic sound

track.-Generally, one of the busiest
sections of a sound department is the
one that deals with transfer channels.
It is here that the production sound
track from the shooting of the previous
day is transferred, along with music

and sound effects.

If the studio employs 1/4 -inch sync pulse magnetic tape recorders or 17.5 -

equipment for other parts of the department. A typical transfer channel in
one of the Canadian motion picture studios, consisting of eight racks of equipment, is shown in Figs. 18-330A and B.
In rack 1 at the far end are mounted:
film -loss

equalizers,

a

machine -and -

monitoring -selection panel, high- and
low-pass filters, cross -modulation readout panel, and a small patch panel. (See
Question 18.234.) Rack 2 houses two
line amplifiers, limiter -compressor amplifier and balancing panel, patch panel,
attenuators, and two monitor amplifiers.
Rack 3 contains an RCA 1/4 -inch sync pulse recorder -reproducer, with a sync -

mm magnetic film for production recording, these tracks must be trans-

pulse synchronizer and resolver used

ferred

sound track. A magoptical machine is
shown in rack 4. This machine will reproduce 17.5 -mm magnetic film at 45
fpm and 35 -mm film at 90 fpm, as well
as standard or push-pull optical sound
track. It can also be used to record ei-

35 -mm magnetic film for
editorial purposes. After a rerecording
session, the master sound track must be
transferred to a photographic soundto

track negative for printing on the release

print,

or magnetic

submasters

must be made for transferring to reprints,

using magnetic sound
tracks. (See Questions 17.179 and
17.202.) The 1/4 -inch sync -pulse equiplease

ment must also be capable of transferring recorded tapes, using Rangertone,

for the transfer of daily production

ther 17.5- or 35 -inns magnetic film.
A three -track magnetic recorder -re-

producer is shown in rack 5. This machine is used to transfer dubbing masters to photographic sound track. At the
extreme right in rack 6 is a 16 -mm

Fig. 18-330A. Recording and reproducing equipment in a transfer channel. Transfers
may be mode to magnetic or photographic film.

OPTICAL FILM RECORDING

Fig. 1 8-3 3 0 8

1007

Photographic film recorders and control equipment.

magoptical machine capable of recording and reproducing 16 -mm magnetic
film running at 36 fpm. This machine is
also capable of reproducing 16 -mm op-

carried by a G -cell metal gutter above
the racks. Such a gutter is discussed in
Question 24.49. The block diagram for
this installation is given and discussed

tical sound track. All the

in Question 18.331.
18.331
Giro the block diagram for
the transfer channel discussed in Question 18.330. --Starting from the upper
left in Fig. 18-331A, and proceeding
downward are shown racks, 5. 4, 6, and

machines

shown and those in the machine room
and the projection booth are capable of
being selsyn interlocked, when necessary, with the transfer room.
On the other side of the room (Fils.
18-330B) are two RCA photographic
film recorders and two racks of control
equipment. These two racks, 7 and 8,
contain two RCA recording and noise reduction amplifiers, and two Kepco
constant -voltage power supplies for the
recorder exposure lamps. Included also
cre two VU meters for Indicating the
magnetic and optical bus levels, patch
panel, and a cross -modulation oscillator. Turntables and nonsync tape ma-

3. At rack 5 is a three -track 35 -mm recorder -reproducer used for transferring
the dubbing -master sound tracks to

photographic sound track. The output
at the top is taken from a combining
network

which

combines

the three

sound tracks into a composite sound
track, and is fed to a machine monitor
switch SI. This switch is used to select
the monitor circuits of the several machines.

The signal

from SI

passes

chines (not shown) are included as

through monitor gain control PI, then

auxiliary equipment.
The motors of all machines are dualpurpose; that is, they may be operated

to switch S2 and to a monitor amplifier
and loudspeaker. In the direct position
of switch S2, monitoring is taken di-

selsyn interlock or as a straight syn-

rectly

chronous motor. Two selsyn buses are
provided at each machine, with the distributors being remotely controlled by
a 28-Vdc control system near the center of the racks. Intercommunication is
provided throughout the department.
All magnetic reproducers arc supplied high and low voltage from a group
of Kepco constant -voltage power supplies in a power room some 75 feet.
away. Interconnecting wiring and wiring to other parts of the department are

bridging bus, through bridging transformer 1, gain control P2, then to the

from the

magnetic

recording

monitor amplifier. The individual sound

tracks from the machine are hrought
out separately to jacks in the patch
panel.

Switch S3 selects the signal to be recorded and applies it to the channel
gain control P3, and from this control to

the input of

line amplifier

1,

which

drives the magnetic bridging bus. From
the bus, the signal is taken through
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bridging transformer 2, an attenuator,
and to the input of a limiting amplifier.
The limiting amplifier is so adjusted
that I dB of limiting is obtained for 90 percent deflection of the recording galvanometer on the photographic record-

Ceding control P4 permits the
amount of limiting to be varied over a
range of 4 dB, in steps of I dB.
At the output of the limiting amplifier is an attenuator which reduces the
signal level and applies the signal to a
ers.

IIT
ti A
if/ \

!Or:*

fil

k

Fig. 18.331A. Block diagram for the transfer channel discussed in Question 18.331.
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Fig. 1 8-331B. Bridging -bus connections for transfer channel.

high- and low-pass filter, film loss
equalizer, line amplifier, and to the optical recording bridging bus. Across the

type transfer to be made, either mag-

bus are fed the noise reduction and recording amplifiers for the optical recorders, also two VU meters that ap-

chines; the type reproduction is selected
at the machines.
Only the basic design has been given
for this installation. Operating levels

pear in racks 1 and 7 (Fig. 18-330B).
Two VU meters are also connected
across the magnetic bridging bus and
appear in the same racks. A meter for
indicating the amount of dB limiting
(not shown) also is mounted in rack 1.
The details of the optical bridging bus
are shown in Fig. 18-331B.
For transfer of 16 -mm magnetic

sound track to an optical sound track,
an 80 -Hz high-pass filter and a 6000 -Hz
low-pass filter are used. For 35 -mm
transfers, the 45 -Hz high-pass and 8000

Hz low-pass filters are employed. The
combination of equipment permits any

netic or photographic. The same output

lines are used for the magoptical ma-

have been purposely left out, as each
installation is set up to meet local conditions and equipment. The bridging
bus with its various pieces of equipment is shown in Fig. 18-331B.

The frequency response of such an
installation in the flat position should be
within plus or minus 1 dB, at 30 to 12,000

Hz, and the optical recorders should be
well within the manufacturer's specifications. The monitoring system should
have

wide -frequency

characteristics

with low distortion. As a rule, the
transfer channel does not attempt to
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make any corrections to an existing
sound track; its purpose is to make, as
nearly as is possible, a one-to-one copy
of the original sound track.
The recording and reproducing levels
must be checked before any transfers
arc made, and if the material carries a
head tone, the level is individually adjusted for each sound track to be trans-

ferred. The signal-to-noise ratio, frequency response, and distortion must
be checked daily. Equipment for such
installations is discused throughout the
various sections.
18.332 What is an editorial sync

mark?-It is a sync mark used by the
editorial department to synchronize the

sound tracks with the picture for rerecording.
Because each sound track is separate
from the picture during rerecording

and the rerecording sound heads and
projector are interlocked electrically,

the machines all start from the same
point. Therefore, a start mark is placed
on the sound track so that the sound
starts with the action. This is illustrated in Fig. 18-332.

After the picture has been rerecorded, the master sound track is transferred to an optical negative and synchronized with the picture for printing.
The sound is then moved ahead by the
prescribed amount for the particular
film in use.
10.333

What is a mercer clip?-A

plastic or metal clip the size of one pic-

ture frame and having four fingers at
each end that may be slipped into the
sprocket holes. It Is used by film editors
tORORIAL.
OC-Idaltot

RCP
FIRST
ASOIKS MCKIM ;VON

r

'

18-333. Mercer clips for making
temporary splices in a filmprocessing
laboratory.
Fig.

and laboratories to mark a section of
picture or sound track to be printed.
The clips are placed at the start and at
the end of the desired section. A clip of
this type is shown in Fig. 18-337.
18.334

What are clap sticks and

how are they used?-Two flat sticks
hinged at one end, with a camera scene
slate attached. When the camera and
sound are up to speed, the assistant
cameraman holds the slate before the
camera to photograph the scene number. U it is a sound shot, the assistant
cameraman announces the production,
scene number, and take number, then
claps the sticks together making a loud
sharp sound. This sound is rerecorded
in sync with the picture and is later
department to
synchronize the picture and sound track

by matching them in an editing machine.

A single frame of film is shown in
Fig. 18-334 with the clap sticks in front
of the camera. The appearance of the
recorded waveform is shown at part
(b). Because of its steep wavefront, it
can be easily identified by sight or
sound. In some types of clap sticks, a
microswitch is incorporated which actuates a buzzer whose sound is re-

corded rather than the sound of the
MAO
VAS

I

sticks. The waveform of the buzzer is
shown at part (c), and like the sticks,

I

".."744

°
I

I

I

has a steep wavefront.
(r4ZUS744
P51;4 IS

sound track by the editorial department
to warn the rerecording mixer that the
first modulations arc about to start. For
optical sound track, several scratches

WWI

KM

arc made across the track in the dis-

saute,

1

Zr.r, rrnNT

18-332. Comparison of editorial
sync marks and that used on a composite
release print.
Fig.

18.335 What is a pop mark? -A
cue signal cut into the head end of a

tance

of

one

frame.

When

these

scratches pass the phototuhe of the reproducer, they cause a popping sound
because of the steep waveform of the
scratches.

For magnetic film, a single frame
containing 400 or 1000 Hz is cut into the
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(a) Picture
Pflogl9PTTIPIPPmPriiiil81018allamommasman

(b) Clap -sticks sound track.

[

:7:

I

(c) Buzzer.

Fig. 18-334. Clap sticks, and clap -stick modulations.

track or recorded by a hand device that
impresses a saturated signal which also
results in a distinctive sound.
18.336 What are the gear ratios
normally used tar synchronous film recorders? For portable recorders using
16 -mm magnetic film and running at a

Compt -Photographic sound track on
16 -mm film base.
18.338

Describe the basic principles

of a rariable-area optical system for
sound
ding.-Such an optical sys-

is shown in Fig. 18-338A and is
similar to that used in the RCA PR -31
tem

linear speed of 36 fpm, the motor turns

film recorder,

at 1800 rpm. This speed is reduced

18.26. At the upper center is an exposure lamp filament A directed to a condenser lens B. In front of this lens is
placed an image or optical mask (See
Question 18.77). The light leaving the
mask strikes an objective lens E where
it is focused on the recording galvanometer mirror F. The light is reflected
from this mirror to another condenser
lens G. On the opposite side is placed
a mechanical slit H which forms the
scanning beam I at the film N. A sharp
image of the slit is obtained by an ob-

through a 25:1 gear reduction to a 20 tooth film sprocket turning at 72 rpm.
The motor is on the order of tfr.., hp and

of the permanent split -capacitor type,
with a torque rating of approximately
3 inch/pounds.
For 35 -mm film, running at a linear

speed of 90 fpm, the gear reduction is
10.1, using a 32 -tooth sprocket turning
at 180 rpm.

Studio recording equipment generally employ dual-purpose motors designed to run at 1200 rpm, so that they
may be used as both synchronous motors or seisyn interlock. Various types
of motors are discussed in Section 3.
18.337 Define the terms "Sepmag,"
"Comma'," and "Consist." - These are
terms used in Europe to designate different type of film operation.

Sepmag-Sound on a separate magnetic film.

Commag Magnetic stripe on picture
base.

discussed in Question

jective lens J near the film. A small
portion of the light reflected from the
galvanometer mirror F is reflected on
a curved mirror K thence to a flat mirror L and from there to a monitor card
M at the top of the schematic. The reflected Image of the galvanometer mirror permits the recordist to observe the
percentage modulation of the galvanometer while recording. Various calibrations are provided on the monitor
card to show the basic setting, margin,
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Fig

18-338A. An optical system for recording variable -area sound tracks similar to
that used by RCA.

and the operation of the noise reduction

jective lens C then through the light

system.

valve ribbons D. The light then passes
through a light valve objective lens E
and through a 45 -degree angle mirror F
which is used only when the exposure
lamp is in the direct -positive position.
Leaving mirror F the light is reflected

A schematic diagram of a Westrex
Corp. optical system used in their RA -1
1231 photographic recorder is given in
Fig. 18-338B, and is of interest since a
large number of these recorders are still
in service. This recorder employs an

RA -1438 modulator unit (Fig. 18-338C),

with the optical train given in Fig. 18338B, which may he used for recording
either negative or direct positive sound

at a 45 -degree angle by mirror G to
another objective lens J at the film K
on the surface of the recording drum L.
When the exposure lamp is changed

to the direct -positive position (down-

tracks.
Referring to Fig. 18-338B, in the neg-

ward) the light passes through condenser lens 11, to the slit mirror F and

ative sound track position the exposure
lamp beam A is projected through a

is reflected upward through the light
valve objective lens E onto the light
valve ribbon surfaces at D and back
again through the objective lens and

light tunnel B which turns the light 90
degrees and directs it through an oh -

NEGATIVE
POSITION.

DIRECT POSITIVE
POSIT ION

Fig. 18-3388. The optical schematic of the Wcstrex RA -1438 variable -area modulator unit used in the RA -1231 photographic film recorder.
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Fig. 18-338C. The Westres RA -1438 modulator used in the RA -1231 photographic
film recorders for recording negative and direct -positive sound tracks.
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Fig. 111-33$D. The optical schematic or the Wishes variable -area recording system

wing light valve.
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mirror F. The 45 -degree mirror G reflects the light to the remainder of the

motor to drive a group of printed-cii-

optical system as described for negative
sound track recording.
Returning to Fig. 18-333C, the principal components arc: the light valve
unit A, exposure lamp B, objective lens

lights on a readout unit placed either

C, and its focus ring D.
At F is shown an eyepiece or periscope used for checking the noise -reduction cnrrent settings, and observing

the percentage of modulation of the
light valve ribbons. This eye piece must
be removed when recording as it is inserted in the path of the light on its way
to the objective lens. A calibrated scale
in the eye piece permits the percentage

of modulation of the light valve to be
measured in milliamperes.
Part F is a cover to close the opening
in the modulator when the periscope is
not being used. Screw G is a tilting adjustment for the exposure lamp, and H
an adjustment screw for adjusting the

position of the exposure lamp in the
direct -positive recording position. Adjustment screw I positions the exposure
lamp for recording negative sound

track. The exposure lamp in the illustration shown, is In position for direct positive recording.
The schematic diagram for the optical system is given in Fig. 18-338B. A
later type optical train used in the RA 1581A photographic recorder is given in
Fig. 18-261).
18.339 Describe

a

footage -counter

system for rerecording stages.-Over the
years, several different designs of footage counters have been used. The first
systems were designed around the use
of a Strowger stepping switch, used in
automatic telephone exchanges. The

switch was actuated by a commutator
on the projection machine, and energized lamps painted with numerals lit
up in various combinations to indicate

cuit switches which energize a group of
above or below the screen. The readout

unit contains a group of plastic lenses

on which numerals are painted. The
image of the numeral is projected on
a small plastic screen about eight inches
in

height. The readout unit

is

small

enough to be mounted at the bottom or
top edge of the picture screen. A reset
button at the console actuates a motor
that returns the counting switch to zero.
When the counter is at rest, a time -de-

lay circuit holds the lamp on the run
position for one minute. If the system is

not turned over within this time, the
lamps are automatically cut off, thus
increasing their life.
18.340 Describe a small studio combination magnetic and photographic
film -recording channel.-The basic block

diagram for a small studio installation
employing both magnetic and photographic recorders is given in Fig. 18340. This system can be used for recording music, dialogue, and looping,
and then for rerecording to a photographic sound track, while recording a
magnetic sound track for protection and
playback.

At the left is a mixer console, with
four inputs and a fifth input for reverberating the sound tracks. The four inputs may be from a microphone, turntable, or magnetic or film -reproducing
devices. If a microphone is used for dialogue, an additional preamplifier will be

required for each microphone, as the
system shown is designed for an input
level of between minus 10 and 0 dem

An equalizer is shown in each input,
although only one or two can be used.
In this instance, a pad will be required
to compensate for the insertion loss of
the equalizer if it is removed. Leaving
the equalizers,

the

signals

are

fed

the footage. Small mechanical counters
mounted at the mixer console were the

through the preamplifier and then to a

next to be used. These also operated
from a commutator on the projection

with the four mixer controls
At the output of the mixer is a hybrid coil feeding a compressor -limiter

machine,

or

in

some

designs

were

driven by a selsyn interlock motor from
the motor system. Another system employed a mechanical counter driven by
a selsyn motor in combination with an
optical projection system that projected

the numerals on the upper or lower
portion of the screen.

A later -type counter uses a selsyn

four -position mixer -combining network

amplifier. The lower winding of this
coil is fed from the output of a reverberation unit, or chamber, through a
separate control at the mixer panel. The
output of the compressor -limiter amplifier passes through a separate ceiling
control, then to a 40/80 -Hz high-pass
filter, and then to a 6000/8000 -Hz low-
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fed from the bridging

filter, which feeds a 600 -ohm
bridging bus. From the bus, the signal
is fed through a monitor amplifier lowpass filter and a power amplifier, to the

meter is also

loudspeaker behind the screen. The VU

tion tracks, a film -loss equalizer for the

pass

Fig

18-340

bus.

..

The bridging bus also feeds a magnetic film or tape recorder for protec-

Basic block diagram for a small studio installation employing both
magnetic and photographic recorders.
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film recorder, recording amplifier, film
recorder, and noise -reduction amplifier.
Many other combinations of equipment
are possible, and are discussed in Section 9. The other devices are discussed
thronghout the various sections of this
book.
18.341

Describe the procedure for

checking out a rcrecording channel. Consistent recording quality requires

that certain tests and measurements of
the equipment be made daily. These
tests consist of measuring the overall
gain, distortion, signal-to-noise ratio,
compression, monitoring level, and 100 -

percent modulation of the recorders. If
photographic recorders are being used.
the noise -reduction amplifiers and the
margin must be checked. It is the policy
in most

recording establishments to

make certain spot checks before each
recording session. H the equipment has
been off for any time, a reasonable
amount of warm-up time must be allowed, particularly for exposure lamps
in photographic recorders. It has been
found from experience that equipment
will give its best service if it is left on
throughout the day. Generally, equip-

ment turned on and off will require
greater maintenance. A list of the most
important tests and measurements are
given below. They represent no particular equipment and will be altered by
local conditions.

A. Send a 400 -Hz signal correspond-

ing to the output level of the reproducer into a mixer input. The mixer
control is set to its normal operating
point (generally 15 to 20 dB loss) and
left there. Key out any equalization in
the input circuit and set the compressor
to compression off. Assuming that the
system has been operating normally, the
VU meter across the bridging bus
should indicate its normal level (which
is usually plus 10 or plus 14 dBin). The
bus level should be within plus or

minus 025 dB of its normal operating
level (sine wave).

B. Key in the compressor. The level
at the bridging bus should drop a given
amount, depending on the compression
ratio in use.
C. Measure the monitoring level. This
should be within plus or minus 0.5 dB
of the normal level.
D. Measure the signal-to-noise ratio
across the bridging bus. It should he at
least 60 dBm. If the bus is operated at

plus 10 dBm, the signal-to-noise ratio
is then 70 dB.

E. The distortion of the system with
and without compression is then measured. The distortion at the normal
bridging bus level without compression
should not exceed 0.50 percent, with
compression 1 percent.

F. A spot check of the frequency response may be made by sweeping the
oscillator across the bandwidth of the
console, taking into consideration any
filters in the circuit.
G. The deflection of the light modulator in the photographic recorder is
noted, and the noise -reduction amplifier
is checked.
H. The 100 -percent modulation of
the magnetic recorders is noted.
I. Thread loops consisting of a 400 Hz or 1000 -Hz signal on all the reproducers. For optical reproducers, the

percent modulation should be 80 percent; for magnetic reproducers, 100 per-

cent. The output level of each reproducer is adjusted to produce the same
bridging bus level as the oscillator, with
the mixer control set to the same loss as
given in A.
J. The VU meter may now be set for

a lead of 6 to 8 dB to prevent unseen
peaks from overloading the system.

The various items used in a rerecording channel are dealt with in more
detail in their appropriate sections, and
their operations are fully explained.
18.342
Give a brief description of
sound trucks.-Sound trucks are designed using two different methods. In

the first method, the truck is designed
house portable equipment. In the
second design, the truck houses permanently installed equipment, and it is
much larger in size with more facilities
to

provided.

In the first design, the truck is principally a carrier, with racks and fixtures
built in for holding the portable equip-

ment during transportation. For bad
weather or nonset operation, the mixer
is mounted on the right side of the
drivers seat and the recorder is on a
table in the interior, with the camera
control and batteries. Usually a rack is
mounted nn either the side or the top

of the truck for carrying the microphone boom.

The second design incorporates a
modified studio installation. The truck
contains a battery system which drives
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an alternator that generates single and
three-phase power for operating the
sound equipment and driving the cameras. A portable mixing panel with intercommunication is set on the stage,
and is connected to the sound truck by

for its reverberation characteristic. This

may he ascertained by the use of an
Academy

Test

Reel

(see

Question

19.62). The reproducing characteristic

should never be over-bassed, or the

which also contain test equipment and
other devices necessary for its opera-

high end made "hot." This only results
in false reproduction, and the final recorded program material will not be
suitable for either theater or television
reproduction. The final listening quality

the studio, these trucks are

of a stage should be natural and free

parked outside a stage or may be used
for locations. However, most heavy
sound trucks have now been replaced
with light portable equipment, as described throughout the various sections.

from distortion, with a high rate of intelligibility. When rerecording, if the
original dialogue has a bassy sound,
then a low end rolloff should be used

permanently installed
equipment is shock -mounted in racks
cables.

tion. In

18.343

The

Describe how the monitoring

level for o rerecording stage is determined.-Each rerecording stage has

a

(as discussed in Questions 6.80 and
6.122).
ELECTRON
BEAM

particular monitoring level that is best

FILM MOTION

for the size of the room, the picture, and
the distance the mixing console is placed
from the screen. There is a definite psychological relationship between these

=////14
s

(1.7"

RF HEATER

factors. If the picture is small for the
distance and the monitoring level is low,

the mixer will have a tendency to record everything at too high a level. If
possible, the

picture size should be

slightly oversize for the room and the
monitoring level kept on the high side.
This keeps the sound perspective in relation to the picture in balance.
After the monitoring level has once
been determined for a stage, it should
be kept within 0.5 dB by measuring the
electrical monitor level daily. If the
stage is large, temperature and humid-

TFERMOPLASTIC

_

SQL
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Fig. 18-344A.
18-344A. Cross-sectional view of a
thermoplastic (TPR) tape for recording
optical images.
18.344 Describe a thermoplastic recording system.-Thermoplastic record-

ing (TPR) is a development of General

ity will also have their effects.

Electric, invented by Dr. William E.

For recording 16 -mm pictures, the
monitoring level should he reduced 3 to
4 dB below that normally used for re-

Glenn of the General Electric Research
Laboratory. The recording medium is a
thermoplastic film, with a base similar
to regular motion picture film, and requires no processing. It is said to com-

cording 35 -mm pictures. The reason for
this is that dialogue for 16 -mm pictures

is generally recorded with an average
level of 70 to 85 percent, whereas for
35 -mm, it is recorded at an average
level of 40 to 60 percent. The monitoring level, if left set as for 35 -min recording, would be too high. Thus, the

bine the immediate playhack features
and the versatility of magnetic film, or
tape, with the storage capacity of photography.

toring level is finally set, the monitor
low-pass filter (if used) has the proper

Electrons are used to convert information to be recorded, including visual
images, into microscopic wrinkles in
the surface of the film. The ripples are
formed by means of a minute, modulated electronic beam which scans the
surface of the film, and charges the stir face in a pattern comparable to the linage to be recorded. The recorder has an
electrical input similar to a magnetic

cutoff, and the low -end characteristic
of the stage has been properly adjusted

recorder, and an image output similar
to photographic film. The image can, if

mixer has a tendency to pull everything
down in level. Reducing the monitoring
level by 4 dB will result in a proper

balance for 16 -mm between the dialogue, sound effects, and music.
It

is assumed that before the moni-
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TAKE-UP

GUN

REEL

LINE
CLEAR FILM
LIGHT
SOURCES

BARS

OPTICAL
MONITOR

PROJECTION

Fig.

RF

TAPE

18 344D, Projection optical system
for a TRP projection system.

charges to leak away. Surface tension
smooths the surface back to its original
shape, and the film then becomes re-

PLAY-OFF

HEATER

SCREEN

REEL

usable.

Fig. 18-3445. Basic plan of the thermoplastic recorder.

The basic design for a thermoplastic
recorder is shown in Fig. 18-344B. The

film is recorded in a vacuum (0.1 miThe basic principle for recording the

cron pressure) since the electron gun of
the recording mechanism must be in a
vacuum. This is not difficult because

image is shown in Fig. 18-344A, a cross-

with modern equipment, the required

section of the theromplastic film. On
top of the base is a transparent conducting coating, and on top of this is a
thin coating of thermoplastic material.
This material will melt when subjected
to fairly high temperature. The surface
of the thermoplastic is charged with an
electron beam in a pattern that corre-

vacuum may be achieved in about one
minute. The signal source for this particular recorder is simply the intermediate frequency taken from a black

necessary, be converted to electrical
impulses.

sponds to the pattern of ripples from the
image. As the film moves on, a current
induced in the transparent conducting
coating heats the film, and the thermoplastic coating melts. The charges are
attracted to the conducting coating and
depress the surface of the thermoplastic.

After the surface has been deformed
by the charges, the film is permitted to
cool, which freezes the ripple pattern
into place in less than 1/100 second. The
recorded information may be erased by

heating the thermoplastic again
higher
PLANE
IGHT
SOURCE

temperature,

to

permit

to a

the

and white television set with about a
1 -volt level. For color recording, another signal of the same voltage level is
added to an additional electrode.

To illustrate the principles of projecting the picture, the basic principle
of a standard motion picture projector
is shown in Fig. 18-344C. It employs a
plane light source, condensing lens, and

a projection lens. The light source

is

imaged on the projection lens by means
of the condensing lens; in turn, the projection lens images the slide to the projected screen.

If this plan is modified to use a line
light source and image on a set of bars
in front of the projection lens (Fig. 18344D), no light passes through the
PICTURE ELEMENT

TRANSPARENCY

SCREEN

LINE
GRATING
LIGHT
SOURCES

SCREEN

\.]
CONDENSING
ENS

PROJECTING
LENS

Fig. 18-344C. Conventional motion pictare projector optical system.

CONDENSING

LENS

PROJECTION
LENS

Fig. 18-344E. Optical system for a TRP
system projecting o color film.
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screen. If, however, there are ripples on
the surface of the film at any particular

another color, the spacing of the grating
is changed, allowing a different part of
the spectrum to pass through the grat-

point, these will scatter light through

ing. To produce a color that is formed
by a superimposition of two or more
colors, the gratings are superimposed

the bars. Thus, the bars act somewhat

like a shutter, and permit the light to
pass where ripples occur. As the light
passes through the projection lens, it
images the ripple on the screen as a

and superimposition of the color results.

white spot. A clear slide with ripples
on the surface will appear as a black
and white picture when projected on

To illustrate its storage capacity, a
TPR system could, in principle, record
24 volumes of the Encyclopaedia Britannica on a reel the size of a spool of

the screen.

thread, taking only one minute to re-

The system can be modified to produce color pictures, as shown in Fig.
18-344E. Each picture element has in it

cord each volume. The recorder uses a
16 -mm film base with B -mm perforations, with an image size for 8 -mm film.

a set of ripples that form a small diffraction grating. The light that is diffracted by this grating forms a spec-

18.34S Show a typical mixer, log
sheet for production recording.-A production mixers log is shown in Fig.

trum on each side of the central beam.

18-345. The time, scene, and take num-

The slots are made small enough so that
only one color from the spectrum passes

her are entered for each take, along
with the crew names and other perti-

through the projection lens. Since the
projection lens can receive only one
color of the spectrum, the spot that appears on the screen will appear as a
single color. For the spot to appear as

nent data.
18.346 Describe a microscope suitable for optical sound -track inspection.

-Such a microscope is shown in Fig.
18-346. The microscope sample stage is
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Fig. 18-345. Production mixers log sheet.
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modified and fitted with two guide roll-

and bars

hold either

stage. It is similar to a microscope ex-

16- or

cept that the image of the object is rear -

35 -mm film in place. The film may be
mounted on rewinds if desired and
passed under the objective lens of the
microscope. The rollers move inward

projected on a screen about 12 inches
in diameter. Transparent scales with

ers

to

for 16 -mm film inspection. The eye piece

should be fitted with a reticule calibrated zero to 100 mils, with the capability of being read to within 0.5 mil. A
magnification of 10 is generally sufficient for most purposes.
18.347

Describe en optical compori-

tor.-A comparitor is an optical device
for magnifying samples placed on a

many different type calibrations may be

placed over the viewing screen. Micrometer adjustments on the sample
stage permit the measurements of the
sample in two planes in 1/10,000 inch.

Such devices are quite useful where
a large amount of optical film has to be

inspected, as the operator is not required to use an eye piece, but only to
view the sample on a screen. Comparitors can be used for inspecting the

sharpness of the sound track, placement, modulation amplitudes, and many

other measnrements. They are quite
useful for inspecting magnetic recording and reproducing heads, particularly
if the gap is less than 1 mil in height.
Objects may be magnified 10 to 100
times, depending on the particular objective lens employed.
18.348 Describe o solid-state modulator for recording on photographic

film.-A Russian scientist, Lossov, demonstrated in 1922, that optical film could

be exposed by the electroluminescent
properties of silicon carbide. Only recently with semiconductor devices
available, this phenomenon has been

applied to sound recording on photographic film. A silicon -carbide diode
emits either a yellow or blue light, depending on the impurities used to form
the junction. This material is high on
the hardness scale. It will withstand
temperatures up to 1000°C, and will operate at near room temperatures. Its life

is limited only by its external equipment, snch as leads and contacts.
18-346. Microscope for inspecting
and meo tiring op ical sound track.

Fig.

Diodes capable of emitting light are
termed "light -emitting diodes" (LED)
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18-348k Frequency response for silicon carbide electroluminescent diode.
Recorded on Kodachrome IIA color film.
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18-3488. Frequency response for silicon -carbide electroluminescent diode.
Recorded on block and white Plus -X reversal film.

and change electrical energy into light
energy without passing through a thermal stage, as do incandescent lamps.
For 16 -mm recording, the dimensions

of the diode are 0.5 X 1 X 2 cm, with

it" WO

PO P1

".;

i/i

S REPEAT

To

BATT

EOR.

BRIDGING

505

BUZZ ER

1 x 2 -cm face parallel with the
light -generating junction. It is thought
the

PEI

that the light is emitted from a region

10" cm thick, about two light wavelengths in width. While blue silicon
carbide is somewhat faster, the yellow
diode is essentially constant over the
audio spectrum, being down less than
6 dB at 50 kHz. Frequencies of 100 to
6000 Hz have been achieved on 16 -mm
film with suitable equalization (diode
dimensions curtail the range). The
light is produced by the forward bias at

the p -n junction which is about 1 x 2
mm for 16 -mm recording.
The

frequency -response

measure-

ments given in Figs. 18-348A and B
were recorded using constant -amplitude frequencies applied to the input of
the diode. The loss of high -frequency
response can be overcome to a great
extent by the use of equalization in the

Fig. 18-349. Marking device for indicating

selected

takes when
logue.

looping

dia-

The diode is held in close proximity
to the film (not in actual contact). No
electro-optical parts are required, and
the

recording is

of

variable -density

type. The operating point is at 10 -per-cent transmission for black and white,
and 70 -percent transmission for color at
9000A. Signal-to-noise ratio is about 30
to 40 dB for black and white, and 20 dB
for color.
Power specified is 15V at 50 mA for
16 mm. For 8 -mm recording, the diode
diameters are smaller; thus, less power

is required. The diode light output

is

slightly sublineal with current. The

recording amplifier circuits. Such de-

THD is on the order of 4.9 percent at

vices are under development for optical
sound -track recording on both 16- and
8 -mm photographic film.

40 percent modulation. For further discussion of this subject, the reader is referred to the reference.
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Section 19

Motion Picture
Projection Equipment
Heinrich Hertz discovered photoemission in 1887, but until Dr. Lee DeForest
invented the "Audion" in 1907, photoemission could not be electronically amplified
and reproduced. Lauste and Ruhmer were experimenting with photographic sound
recording around the turn of the century. Edison, Gaumont, Whitman, Madelar,
and others worked to develop talking pictures, but most projection involved phonographic devices, More than eighty different systems, using both film and disc,
were on the market around 1928. No standardization existed, which must have
resulted in confusion in the projection booth.
With the varied -type productions of today, this confusion could still occur,
unless the projectionist is well equipped and has a store of knowledge to meet the

problems. He must be somewhat of a showman, and he must be familiar with
lenses, apertures, aspect ratios, synchronization, and various type sound tracks.
Also, he must understand the proper use and care of his equipment. In the motion
picture studio, the projectionist is a key figure who works closely with the sound
department. He operates specialized equipment adapted for dubbing, looping, and
the running of dailies.
Maintenance is generally the responsibility of the sound department. This department has at its disposal such test films as Academy test reels, frequency films,
and track for checking alignment and flutter, etc.
In addition to the types of motion picture projection equipment previously mentioned, this section also deals with 8- and 16 -mm projectors, combination 35-, 55-,
timed, this section also deals with 8- and 16 -mm projectors, combination 35-, 55-,
general information. The Standards given and quoted in this section are those in
present use. However, several are at present under review and may be changed
in the near future.

What are actinic rays?-Light
19.1
ray colors to which photographic emulsions respond, such as red, green, blue,
violet, and ultraviolet.
19.2 What it a lambert? --A unit of

Foot-candles _

lumens

foot -lamberts

area

reflectivity

Lumens = foot-candles x area
foot -lamberts x area
reflectivity

brightness.
19.3 What is a lumen? -The unit of
luminous flux representing a definite
rate of light emission.
19.4 What is o lea? -The practical
unit of illumination.
19.5
Explain candle and candela,

Foot lamberts _

lumens x reflectivity
area

foot-candles x reflectivity
Foot-lambert = 3 426 nits
nit = 0.2919 foot-lambert

and their ossociated terrns.-One candle

The nit is an international unit of luminance equal to 1 candle/sq meter. Mo-

power is the amount of light given off
by one candle over one square foot of
surface, when located one foot from
that surface. Other terms associated
with

the

measurement

of light

tion picture screen luminance in

the

United States is generally measured in
foot -lamberts, although in international
usage, the preferred unit is the nit.

are

given.
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double -convex,
concave -convex (sometimes called a
meniscus), piano -concave, and double -

Luminous intensity or candle power
is a measure of light source which describes its luminous flux per unit solid
angle in a particular direction. For
many years, the standard measure of
luminous intensity has been the international candle, established by the National Bureau of Standards. The light
from a group of carbon filament lamps
was used as the basis for this standard
measure. In 1948, the International
Commission on Illumination agreed on
the introduction of a new standard of
luminous intensity, candela, to distinguish it from the term candle. The candela is defined by the radiation from a
black -body radiator operating at the
solidification temperature of platinum.

lenses?-Plano-convex,

One candela is the luminous intensity of
I,e,oth square centimeter of such a radiator. The effective change in the candle

lent?-A number used to indicate the

is on the order of tenths of a percent
The term luminous flux is used to
denote the time -rate flow of light energy, that characteristic of radiant energy which produces visual sensation.
The unit of luminous flux is the lumen,
which is the flux emitted in unit solid
angle by a uniform point source of one
candela. Such a source produces a total

luminous flux of 4n lumens. Illumination is the density of luminous flux incident on a surface. The common unit
of illumination is the foot-candle.
radiation can be explained as follows. As a body is raised
Black -body

in temperature, it first emits radiation

primarily in the invisible infrared region. Then as the temperature is inthe radiation shifts to the
shorter wavelengths in the visible speccreased,

trum. If the radiating body is one that
can be technically called black, its behavior can be accurately described by
the laws of radiation. A black body is
one which absorbs all incident radiation This radiation is neither transmitted nor reflected.
19.6

How does the intensity of light

concave. Lenses are divided into two
groups, positive and negative. A positive lens converges the light rays and
must be thicker at the center than at
the outer edges. A negative lens diverges the light and must be thicker
at the borders than at the center. Basic
lenses arc shown in Fig. 19-7.
19.8 What is a wide-angle lens?One in which the field of view covers

an area of 70 to 100 degrees.
19.9

What is the focal length of a

lens? -The distance from the focal point

to the center of the lens
19.10 What is the I number of a
speed of a lens. The number is equal to
the focal length divided by the effective
aperture. The f value deals with the
relationship of the diameter to the focal

length. A lens with an fl rating means
that for every inch of focal length there
will be one inch of diameter. Therefore,
an fl, 6 -inch lens will have a diameter
of 6 inches. An f2, 6 -inch lens will have
a 3 -inch diameter, or 2 inches of focal
length for every inch of diameter.
19.11
What is a lens "T" stop cali-

bration?-An individual calibration of a
:ens relative to its light passing capabil-

ities. A "T" stop calibration takes into
account the Light lost by reflection, the
number of elements in the optical train,
the light lost by absorption as it passes
through the lens elements, and manufacturing tolerances. As a rule, the lens
elements are coated, which reduces the

light loss from about four to one percent.

In the f system of lens calibration,
each f value is computed mathemati-

cally from the physical dimensions of
the lens system. Lenses calibrated by
the "T" stop method use a calibrating
light which is passed through the lens,
and the loss of light for different dia-

vary with distance?-It varies inversely

phragm settings is measured by means

as the square of the distance.

of a photocell. Thus, a "T" stop calibration is an individual calibration of

19.7

What are the basic types of

IJ
a)

(b)

(C)

(d)

(e)

(f)

Fig. 19-7. Basic lenses. :a) Plano -convex. (b) Double-canv.;x. (c) Converging concave -convex. Id) Diverging concovo-convex. (e) Plano
(f) Double -concave.
.
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the true light -passing capabilities of the
lens. As a rule, lenses used in the

motion picture industry are calibrated
at regular intervals or after they have
been serviced. The term "T" is short
for transmission.
19.12 What is meant by the speed

of a lens?- -It Is the diameter relative
to the equivalent focus (abbr. ef). Pro-

and reproduction of wide-screen motion pictures. The image is photographed using a predistorted optical
image, which elongates the image in the

vertical plane. The image is restored to
its normal appearance by the use of the
lens system in the projector. This particular lens system has a reverse characteristic of the lens system used to

jection lenses vary in diameter from

photograph the image, and it wns de-

11_ inches to 5 inches. The diameter has
no bearing on the picture size; however,

veloped by

the smaller the lens diameter, the more
sharply defined will be the picture, but
with less light. The larger the lens, the

greater the amount of light, but with
less definition.

Projection lenses are made in three
quarter, half, and full size. A
quarter -size lens means that the diameter is one-fourth the equivalent focus.

sizes:

For example, a quarter -size 8 -inch lens
has a diameter of two inches.
19./3 What it the optical axis of a

lens? --The one path (through an optical system) which does not change the

direction of light rays transmitted by
that lens.
19.14

What is chromatic aberration

in a lens?- Color fringes when white

light is passed through a lens caused by

the light rays of different colors being
bent different amounts. This effect is
also called light dispersion.
19.15 What Is spherical aberration
in a lens?-- A deviation of the light rays
as a result of different zones of the lens
having different focal lengths. The rays

of light form unages at various points
along the optical axis, resulting in a
blurred image.
19.16 Does the cur. eeeee of a lens
affect the focal length?-Yes. The

a

French

physicist,

Dr.

Henri Chretien. This system, using an
aspect ratio of 2.35:1, was first used by
20th Century -Fox, in the production of
The Robe, in 1953 This system is now
used by most motion picture studios,
with aspect ratios up to 2.94:1.
In the original CinemaScope system.
the camera lens sees a picture twice as
wide as the conventional lens does, but
it compresses the image horizontally by
50 percent, in order to eliminate the

need for a film twice as wide. When
projected, the projector lens system
spreads the image to the desired aspect

ratio. The image ratio or screen is generally on the order of 2.35:1, or greater.
(See Questions 19.83, 19.123, and 19.126.)
19.20 What is a coated lane?-A

lens in which the elements are coated
with a solution of magnesium fluoride
to reduce reflections from the surface
of the glass and to improve the transmission of light. A coated lens will
transmit approximately 30 percent more

light than an uncoated one. As an example, uncoated glass reflects about 6.5
percent of the light falling upon it.
When the lens is coated, this figure
drops to about 0.30 percent. A six -element uncoated lens may transmit 73.51

greater the curvature the shorter will

percent of the light, but when coated,
this same lens will transmit 94.15 percent of the light. An eight -element un-

be the focal length, because of the
greater angle of incidence and consequent greater refraction of the light

coated lens may transmit 66.34 percent
of the light, but when coated, the transmission is increased to 92.27 percent.

rays.
19.17

Coated lenses may be identified by
shining a light on their surfaces and
noting the color of the reflected light.
If the lens is coated, the reflected light
will appear light blue in color.

What is a meniscus lens?One with a concave and a convex surface. (See Question 19.7.)
19.18 What are Newton's rings?-

Colored rings clue to light interference.

They may be seen about the contact
area of a convex lens with a plane sur-

face, or they may be caused by two
lenses differing in curvature.
19.19 What does the term enamorpkosis mean? It is a term applied to a
lens system used In the photographing

19.21

What

is

the

recommended

method for cleaning projection lenses?
-Modern projection lenses must be
cleaned very carefully. Although they
may be coated and present a fairly hard
surface, the coating is microscopically
thin and may be scratched very easily.
Solvents such as alcohol and petroleum
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ether should be used very sparingly, as

these solvents may attack the optical
cement or the lens -mount lacquer. A
lens should be cleaned with a lint -free
cotton cloth and a camel's hair brush.
Heavy scum may be removed with a
cleaning solution of mild pure soap in
water. Precaution should be taken that
the solution contains no caustic soda.
Isopropyl alcohol has been found to be
a good cleaner. Several commercial lens
cleaners, sold under various trade
names, are also available.
/9.22 How it a projection lens using

multiple elements constructed)-In Fig.
19-22 is shown a six -element lens used
in a motion picture projector manufac-

tured by the Kollmorgen Optical Corporation. The various optical elements
may be clearly seen.
19.23

What is an iris)-An adjust-

able lens diaphragm.
19.24
What is the frame rate for
silent motion picture projection? -

35 -mm, 24 frames per second
16 -mm, 18 frames per second
8 -mm, 18 frames per second

Originally, the frame rate for both Band 16 -mm silent projection was 16
frames per second. However, to elimi-

nate flicker, the frame rate has been
increased to 18 frames per second. A
three -blade shutter is used, and this results in a flicker rate of 54 Hz.
19.25 What are the standard number of frames per loot of film?
35.mm, 16 frames per foot
16.mm, 40 frames per foot

8 -mm, 72 frames per foot (nonprofessional)
8 - mm, 80 frames per foot (Super
8 -nun professional)
(Sec Questions 19.26, 19.31, and 18.50.)
19.26

What is the projection frame -

rote per second for

8.rrins

lihnl-For

single film, the rate is 18 frames per
second and for Super 8 -mm, it is 24
frames per second. The sound is recorded on a magnetic stripe, using a
frequency response within the limits of
the Standard given in Fig. 17-170. Before the issuance of the present Standard, the linear speed was 16 frames per

second. However, because of the improvements in projector design and illumination (with a noticeable reduction

of picture flutter on the screen), the
linear speed has been increased to 18
frames per second (nonprofessional),
and 24 frames per second for Super
8 -mm film (professional). A three bladed shutter is employed.

Although the linear speed for professional sound projection is 24 frames
per second, in the nonprofessional field,
using a single system or sound camera
with prestripcd film, the sound and picture are run at 18 frames per second to
conserve film. If the picture and sound

are run at 24 frames per second, the
product is termed "Super 8 -mm film."
(See Questions 1925, 19.31. and 18.50.)
79.27

Con optical sound track be

recorded on 8 -mm film7-Yes. Considerable work has been done in this direction. However, it is the general practice
at the present time to magnetically

Fig. 19-22. Kollmorgen Super Snoplite six -element projection lens.
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stripe the print. The magnetic frequency response is given in Fig. 17-170,

as set forth in USASI (ASA) Standard
PH22.134-1963. (See Question 18348.)
Give the number of perforations par frame of picture. 19.28

8 -mm, one hole above and below the
frame, on the frame line, one edge

1027

sound start mark is 24 frames behind
the picture.
In studio 35 -mm projection rooms

where only rough cuts of picture consisting of a single sound track and pic-

ture are run, the machines are fitted
with a magnetic sound head placed in
approximately the same position as the
phototubc. Most projectors used for

only.

16 -mm single perforation, one hole

dubbing are set up in this same manner.

above and below the frame, on the

Therefore, the sound start mark is set
the same for both types of sound track
-20 frames ahead of the picture. If the

frame line, one edge only.
16 -mm double perforation, one hole

above and below the frame, on the
frame line, both edges.

35 -mm, four holes each side of the
frame splitting the frame line.
55 -mm, 6 perforations.
70 -mm, 5 and 6 perforations.
As a rule, double perforated 16 -mm film
is

used only

in

the amateur photo-

graphic field.
19.29 Why is the sound track advanced or retarded in relation to the plc-

ture?-To compensate for the physical

displacement of the photocell or magnetic head, relative to the picture head.
When magnetic sound tracks are used,
the sound track is retarded, or behind

the picture. Optical sound tracks are
advanced relative to the picture. In the
first instance, it is termed, pull-up, and
in the second, pull -down, with reference to the picture aperture. For 35 -mm

and 16 -mm projection, this subject is
discussed in Question 19.44. For 8 -mm
projection, an optical sound track is advanced 22 frames, and for a magnetic
track, it is advanced 18 frames. This is
the

present

recommended

practice,

since no Standard has been published.
(See Question 19.30.)
19.30 What is the sound frock displacement relative to the picture?-The

actual displacement of the sound track

will depend on whether the truck is
magnetic or optical. For reproducing
35 -mm optical sound track, the photo tube and its associated equipment is

placed in a sound head below the picture head, and the magnetic reproducing head is housed in a penthouse above

the picture head. For standard optical
sound track reproduction, the sound
start mark is 20 frames ahead of the
picture aperture, while the 35 -mm
magnetic sound start mark is 28 frames
behind the picture. The only reason for

this displacement is purely one of mechanical design. For 70 -min Film, the

projectors are fitted with preview magazines, the sound start mark is also 20
frames ahead of the picture.
The sound start mark for 16 -mm film
is placed 26 frames ahead of the picture
for both optical and magnetic reproduc-

tion. These start marks relative to the
picture start mark are shown in Fig.
19-44. A projector with both a sound
head and penthouse is shown in Fig.
19-80A.

In large theaters where the projection throw is greater than 100 feet, it
may he necessary to advance or retard
the sound track a few sprocket holes to
bring the sound into proper synchronization at audience distances of 100 feet
or more from the screen. This may be
accomplished for optical sound track by

threading the sound start mark at the
19th, rather than the 20th frame. In the
average theater it is necessary to emit
the sound before the corresponding pic-

ture frame is projected, since sound
travels at approximately 1100 fpm or
about 50 ft per frame for a normal projection rate of 24 fpm. The projectionist
can place the sound in synchronization

in the theater by varying the length of
the threading path between the projector and the sound head.
For release prints using magnetic
sound tracks and a penthouse, the start
mark is moved upward. Installations
using separate sound heads running interlock with the projectors will move
downward. To summarize:
Film and
Sound Track
35 -mm optical
35 -mm magnetic
16 -mm optical
16 -mm magnetic
8 -mm magnetic
8 -mm optical
70 -mm magnetic

Displacement
Relative to Picture
20 frames ahead
28 frames behind
26 frames ahead
26 frames ahead
18 frames ahead
22 frames ahead
24 frames behind
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The displacement for 8 -mm film is the
recommended practice at this time, as
no standard has yet been published.

shorter wavelengths. The selection of a
proper light source for screening rooms

19.31
At what linear speeds ore
sound
motion pictures projected?.

color prints.
It should be mentioned that the arc
lamp and the xenon lamps are of extremely high intensity, and should

Sound motion pictures must be reproduced at exactly the same linear speed
at which they were recorded. Standard
linear speeds in the industry are:
35 -mm, 90 feet per minute, or 18 inches
per second,
16 -mm, 36 feet per minute, or 7.2 inches
per second,

8 -mm, 18 feet per minute, or 3.6 inches
per second (nonprofessional),

8 -mm, 20 feet per minute, or 4 inch
per second
sional).

(Super 8 -mm profes-

For home use or nonprofessional use,
the slower speed is used to conserve
film. (See Questions 1925,

19.26, and

18.50.)

19.32 What is projection synchronism?-The physical distance the start
marks for sound and picture are sepa-

rated. (See Questions 19.29 and 19.30.)

is an important factor, particularly for

never be directly viewed without eye
protection.
19.34 How may the candle power of

on incandescent lamp be estimated?Properly heated, about 27 candle power
per square millimeter of heated surface
19.35
What is the average bril-

liancy in candle power of an arc light
used for motion picture projection?-For
low-inteusity arcs using 15 to 45 amperes, approximately 150 candle power
per square millimeter of heated surface.
High -intensity arcs using 50 to 150
amperes have a brilliancy in the order
of 700 candle power per square millimeter of heated surface.
/9.36 How are the polarities of the
carbons determined in a projection arc

light?-If operated from direct current,

incandescent lamp is the poorest of all,

the rear carbon is always negative. As
the carbons burn down, a crater is
formed in the positive carbon. An image
of the crater is reflected by a concave
mirror at the rear of the negative carbon on the picture aperture. Because
the negative carbon protrudes through
a hole in the reflecting mirror, some loss
of light will take place.
19.37 Why is it desirable to use di-

while the arc lamp falls off rapidly in

rect current with an arc light?-Princi-

the shorter wavelengths. The xenon

pally because the light is steadier than
if operated from alternating current.
Also, if ac is used, special carbons must
be employed to produce a white light.
Arc lights operated from alternating
current polarize the carbons in one direction more than the other. Because
the carbons are alternately positive and
negative, craters are formed in both
carbons, resulting in an unsteady light
with less brillance.
/9.38 What type rectifiers arc recommended for arc lights?-Vacuum
tube, silicon -diode rectifiers, or a motor
generator. The silicon -diode rectifier is

How do projection light systems compare to direct sunlight?-The
intensity of direct sunlight is approxi19.33

mately 10,000 foot-candles. lu Fig. 19-33
is a graphical comparison for four

sources of light-sunlight, incandescent,

the conventional arc light, and xenon
gas lamps. It will be observed that the

lamp approaches that of the sun in the

60

so

6UNLIGHT

40 ^ i

-1

ENON

50

20
HIGH -INTENSITY
ARC LAMP

to

- - TUNGSTEN INCANDESCENT LAMP
DIRECT SUNLIGHT

-XENON GAS

19-33. Relative intensity of tung-

preferred.
/9.39 What is the purpose of a
motor feed in on arc light?-Because
the carbons burn slowly at the ends,
they require constant attention to main-

sten incandescent lamp and high -inten-

tain a steady light intensity. They must

sity arc lamp compared to direct sun-

be moved toward each other at a steady

light.

rate comparable to their burning rate.

1

§,?,00
I
Fig.

5

;
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A drive motor, operated from a relay
connected across the carbons, moves the

carbons at a predetermined rate; thus,
the light intensity remains constant. (In
high -intensity arc lights, the negative

to obtain an even
burning surface.) The motor relay is
controlled by the voltage drop across
carbon is rotated

the carbons. As the carbon burns away,

the voltage drop increases, the relay
closes, and the motor starts to close the

gap between the carbons. When the
carbons reach a certain point, the voltage drop across the relay is quite low,
the relay drops

out, and the motor

stops. Thus. the distance between the
carbons and the light output is kept
fairly constant
19.40 Does all the light from the
arc reach the screenT-No; about 5 percent of the light striking the lens is reflected, with another one-half percent
lost because of the density of the lens
system. The aperture at the film reduces
the light approximately 50 percent.
Thus it is evident that less than 50 per-

cent of the light actually reaches the
screen. If dirt is permitted to accumulate on the lens and porthole glass, an
additional loss is induced. It is not uncommon to find that only 30 percent of
the light leaving the arc arrives at the
screen. If the projection system is used
for projecting wide-screen pictures, it
will be necessary to increase the amperage of the arc to two or more times
that normally used for a standard
Academy aperture ratio.
As a typical example, a review room
normally using 42 amperes is required
to increase the current to 75 amperes to
obtain a satisfactory picture when projecting a wide-screen picture. The increase in current is governed by the
ratio of the picture, the type of screen.
the efficiency of the lens system, and
the lamphouse reflection system.
19.41
What is a craterl-The depression burned in the positive carbon
when direct current is used to operate
an arc light.
19.42 What is a doused-An automatic control set in motion by the projectionist when cutting over from one
projector to another. The douser cuts
off the light from one machine, opens
the other, turns on the sound -head
exciter lamps, and transfers the sound
circuits from one machine to the other.
19.43 How is projector cluing
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indicateall-By small opaque dots which
appear in the upper right portion of the
picture. The changeover operation consists of two steps: the motor cue and
the actual changeover. When the first
group of dots arc seen, the motor of the
projector is started. When the second
group of dots are seen, the changeover
switch is actuated. This action operates
the douser that cuts off the light of the
machine which is running, and opens
the douser shutter on the machine being cut over. Assuming that the up -to speed time of the projectors is known
by the projectionist, the changeover can
be made smoothly, and the audience
does not have to be aware of the
changeover. Motor cue and changeover
cue marks can be seen on the standard
leader (Fig. 19-44).
19.44

Describe an SMPTE universal

picture leader.-The leader is a length
of film attached to the head end of a
motion picture. It contains sound and
picture start marks, cutover cues, and
other information required by the projectionist. The various markings are
placed at standard distances and may
he used in any standard projector either
for 16 -mm or 35 -mm projection. Prints

that are suitable for making negatives
of this standard leader are available
from the SMPTE (Fig 19-44).
The SMPTE recommended practice
RP -25-1968 states that for 16 -mm and
synchronization information

35 -mm

during the editing and rerecording periods, a single frame of 1000 Hz modulated 80 percent can be inserted to coincide with single frame number -2 of the

universal leader when aligned for editorial sync. The same procedure is used

for both magnetic and optical sound
track. (See Question 18332.)
19.45 What is the aspect ratio of a
picturel-The ratio of the width to
height. The standard ratio is 1.34:1 and
is often referred to as the Academy

Standard because this ratio was originally adopted by the Academy of Motion Picture Arts and Sciences. (See
Question 19.83.)

The width of the screen is generally
based on a ratio of three times the distance from the rear row of scats to the
screen. Thus, a screen of 24 feet would
he approximately 75 feet from the last
row of seats. However, for wide-screen
presentation this ratio does not always
apply. For dubbing stages (rerecord-
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27

LEADER

PICTURE

!RAILER

Fig. 19-44. USASI lASA1 Standard PH22.55-1966 leader for composite print contain-

ing both picture and sound track, os viewed from the light source in a projector.
For 16 -mm film, the sound track is on the left edge of the film.
ing), the screen is generally larger than

ently, the ratios are many and vaned

it would be for a theater of equivalent

and range from 1.66:1 to 2.94:1. A tabulation of the ratios in use today is

dimensions.
19.46 Who/ are the aspect ratios
wide-screen
for
projection? - Wide-

given in Question 19.83.

Lyman H. Howe. He used this for his

19.47
What is the relationship between the size of the picture and the
amount of light required?-Halving the
focal length of the lens Increases the

travelogues several ycurs ago. Pres-

picture area four times. This means that

screen projection has used many different ratios since its introduction by

MOTION PICTURE PROJECTION EQUIPMENT
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CINEMASCDPE - - - -

Fig. 19-46. Aspect ratios used for wide-screen motion picture projection.
ORIGINAL

the light intensity must be increased
four times to obtain a picture having a

ACADEMY RATIO

brightness equal to the original. A typical example would be replacing a lens
of 5 -inch focal length with a 2.5 -inch

NEW

WIDE.SCREEN
RATIO

lens.

19.48

What does cropping a picture

meant-To block off the top and bottom

by changing the ratio of the aperture
plate in the projector to obtain a given
ratio for wide-screen projection. Cropping is illustrated in Fig. 19-48.
What does the terns "throw"
mean? --It is the distance from the cen19.49

ter of the projector lens to the center
of the screen. This is sometimes called
the front focus.
/9.50 How can the picture size for a
given lens size be calculated?- -The picture size equals,
Throw X Width of aperture
Equiv. focal length of lens
19.51
For a lens of given size, how
the distance from the screen to the
projector calculated?-The throw eqnals,
is

Width of screen X Egnivalent focus
Width of projector aperture
19.52 How is the proper size lens
calculated for a given size picture?

Throw X Width of aperture
Width of picture
19.53

What is the standard for motion

picture screen luminance?-The Stan-

dard for 16 -mm motion picture screen
projection luminance is given in USASI
(ASA) PH22.100-1967, and for 35 -mm
indoor projection in USASI (ASA)

-1

19-48. A standard Academy aperture cropped by means of a cropping
Fig.

aperture in the projector.

Studio review rooms are used for
screening the studio product; therefore,
they must meet certain standards of the
industry if the final product is to be satisfactory. Also, review rooms are used
by the producer, the director, the cast,
the camera, sound, and lighting crew,
and the editorial staff for reviewing

their work. This requires that the light
and sound levels be standard (in most
instances they are checked daily).
The measurement of screen luminance is made daily. The projection
machine is in complete operation, but
there is no film in the aperture. The
photometer used for measuring screen
luminance is to have the sensitivity of
an average observer, as specified by the

International Commission on Illumina-

tion. Such meters are available from
theater equipment supply houses. The
acceptance angle of the meter must be

small and must accept the reflected
light from the screen area no larger

PH22.133-1965. However, in the absence

than a circle whose diameter is 10 percent of the screen width.
For both 16- and 35 -mm projection

of such standards, the following general
conditions should prevail.

the luminance at the center of the
screen must be within 16 foot -lamberts,
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plus or minus 2 foot -lamberts, or 55 nits

plus or minus 7 nits, and is to be uniform over the area observed. (See
Question 19.5.) Luminance at a distance

of 5 percent of the screen width from
the side edges of the screen on a horizontal axis is to be 80 percent of the
center luminance, plus or minus 10 percent of the center luminance Because
of other differences between the Standard for 16- and 35 -mm projection, the
reader is referred to the Standards.

Studio review rooms generally are
designed to seat about 25 to 40 people.
Therefore, the standard viewing area is
to be within 15 degrees of each side to

the center of the screen, in both the
horizontal

and

vertical

planes,

and

within three picture heights plus or
minus 1. To meet these conditions, the
projection machine must project the
picture close to the center axis of the
screen in both vertical and horizontal
planes to reduce the effect of keystoning

to a negligible amount. Keystoning in
the horizontal plane must be kept to an
absolute minimum.
(Sec
Question
19.54.)

The Standard for indoor theater
screen luminance is given in CSASI
(ASA) PH22.124-1961. For drive-in

shown at A, the screen at B, the top of
the picture at C, and the bottom of the
picture at D. The line is drawn perpendicular to the screen through the center
line of the picture. It will be noted that
the distance from A to C is less than the

distance from A to D. Therefore, the

light rays traveling from A to D will
diverge farther than

those traveling
from the projector to the top of the pic-

ture. The result is that the picture is
projected in the shape of an inverted
keystone, wider at the bottom than at
the top. AEF is the angle of projection,
and AE is the axis of projection. The
projection angle is the angle formed by
the projection axis and an imaginary
line drawn through the center of the
picture perpendicular to the screen. The

greater the angle formed, the greater
the keystone distortion. Keystone distortion mey also be caused by the offset

of the projectors in a horizontal plane.
The effects are about the same. The effect of horizontal keystoning changes as
the picture is changed from one projector to the other. With the advent of
wide-screen projection, keystoning has
become more noticeable because of the
greater magnification and spread of the
picture.

theaters, the Standard is given in the
SNIPTE recommended practice 12, July,
1962.

The term "nit" may be converted to
screen luminance foot -lamberts as follows:

I nit = 0.2919 foot -lamberts
1 foot-lambert = 3.426 nits

It should be kept in mind that although
the

Standards specify
brightness (luminance)

that
is

screen
measured

with no film in the projector aperture,
the average luminance will be considerably decreased with film running in
the aperture.
79.54 What does oho tern, keyston-

Fig.

19-54. Kcystoning of a projected

picture due to a high angle of projection.

Kcystoning may be offset somewhat

by tilting the top of the screen back-

ing moon? -17 is seldom that the projection machines in a theater or a review room are on the saint. level as the

ward

screen. As a rule, they are considerably

of the screen. The use of curved screens

higher than the center of the screen.

to compensate for these effects

This difference in height causes what is
known as keystone distortion, because
the shape of the picture on the screen
resembles an inverted keystone. In Fig.
19-54 is shown how keystone distortion
is developed. The projection machine is

some help; however, keystoning cannot

in an attempt to equalize the
throw between the top and the bottom
is of

be entirely eliminated, because of the
relationship between the projectors and
the scrum. To obtain a square frame
line and eliminate the distortion of the
aperture outline on

the screen,

the
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metal aperture in the picture head is
filed to obtain a square frame line on

red and green filter eye glasses. Both

the screen. Also, the screen is masked
at the sides, top, and bottom into a
small amount of the picture, to help
clear up the effects of keystorung.
In the design of studio review rooms,
keystoning must he kept to an absolute
minimum. If possible, axes of the projectors lens should be above 8 feet from
the floor level to clear persons standing

longer used.

these systems are now obsolete and no
19.58 Describe the different type
motion picture screens in use. - The

three most commonly used screens are

the matte white, beaded surface, and
lenticulated. Matte white screens are
employed with front type projection
systems and may be a solid or perforated (sound) surface. Images projected

at the rear of the room. The screen

on this latter type screen diffuse the

should be installed in such a manner
that the vertical keystone is not more
than a maximum of 5 degrees. The ma-

projected light evenly in all directions.
About 15 percent of the incident light

chines should be set as closely together

as operation will permit to reduce the
horizontal keystone effect to not more
than 6 degrees. These factors are important, as such rooms are used to
judge quality and composition of a picture. If the keystone is excessive, distortion and out -of -focus conditions will
prevail at the edges of the picture.
/9.55 What is the angle before kcystoning becomes obsectionable?- The
maximum in the vertical direction is
about 12 degrees. In rerecording stages
and review rooms, if possihle, the projection room should be set high enough
for the beam to clear persons standing
in the rear of the room. Also, the beam
should be as near on the center axis of
the screen in the vertical plane as possible. The keystone in the horizontal

plane should be kept to a minimum.
(See Question 19.54.)
19.56 How is
evaluated?

screen

a

motion

picture

A motion picture

screen in which the loudspeaker system
is to he placed behind the screen must
be selected with care, as considerable
loss of high -frequency reproduction is
possible. The manufacturers' data sheets

is lost. However, viewing an image from
far off -side results in considerable distortion of the image.
Lenticulated screens are constructed
of minute horizontal and vertical reflec-

tive areas in the form of diamonds or
rectangles. The size of the lenticulation
affects the viewing angles and brightness. Such screens arc capable of providing images several times brighter
than those shown on white matte screen.
Lenticulated screens are not perforated
for sound.
Beaded screens are quite popular for
16 -mm home projection, halls, and auditoriums. They may be considered to
be a type of lenticulation accomplished
by surfacing the screen with small glass
heads approximately 0.5 to 0.1 mm in
diameter. This results in a bright image
but a narrow viewing angle. If used in
a high ambient light, the brightness of
the image is reduced. These screens are
not perforated.
Screens used for rear projection consist of glass, Vinyl -latex plastic, and
acrylic plastic and are used for audiovisual displays, with the projection sys-

tem placed at the rear of the screen.
The surface of the screen is not per-

should be consulted in advance to determine the loss at frequencies above
6000 Hz. The loss at 10,000 Hz should
not be greater than 4 dB, with respect
to 1000 Hz. Along with the transmission
characteristics, the reflective qualities
must also be taken into consideration.

forated.
Black lenticulated screens, developed
by Sasuke Takahashi of Japan, are

(See Questions 19.5 and 23.187.)
/9.57 What type screen is used for
3-0 projection?-An aluminized surface.
The audience views the picture through
polarized glasses. Flat OF beaded surface

25 times greater in black and white
contrast and ideal for color projection.

screens will depolarize the light, thus
destroying the three-dimensional effect.

The analglyphic system of projecting
3-D pictures supplies the audience with

unique because of the black lenticulated
vertical and horizontal surface. It is

claimed by the inventor that in comparison with a matte white screen, it is
Also, it absorbs scattered stray ambient
light, and prevents halation on the sur-

face with wide-angle viewing. It may
also be used for stereographic projection. With no light on its surface, the
screen appears black. This is advantageous for some types of display. Be-
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cause of the lenticulation, the surface
is not perforated for sound.

Earlier television projectors did not

use an intermittent motion, but em-

19.59 What is the process of background or rear projection?-A method of
projecting background scenes on a

ployed special shutters or an electronic
shutter similar to a strobelight, syn-

transparent screen from the rear. It is
used in both motion picture and television production. The actors and props

quency supplying the station. In this

are placed in front of the screen and the

ters, they are driven from a selsyn-interlock system. Before each take the
shutters are accurately aligned to pre-

movement, with a high degree of film
registration. A three -toothed claw pulls
the film downward. The center claw is
sapphire lined, with the other claws
made of hardened steel. The film speed
is 24 frames per second, with a shutter
speed of 720 rpm supplying 60 light
pulses per second.
Starting lane is 03 second. The pro-

vent shutter -drag, blank

spots, and

jector can be run in reverse for re-

flicker in the photography. Selsyn distributors are discussed in Section 3.

hearsals, thus eliminating the need for
rewinding and rethreacling. It may also
be used to project a single picture for
extended periods of time. A neutral
filter is automatically inserted in the
light path to prevent burning of the film
with the shutter held open. Metallic cue
marks may be attached to the film for
automatically stopping and inserting a
commercial and returning to the pro grain again. The motor turns at 1800
rpm. Other features are an automatic

scene is photographed as a whole.

If

properly lighted, the finished picture

appears as if the scene had been shot
on location. To provide synchronization
between the camera and projector shut-

19.60

Describe a 16 -mm television

projector.-Projectors used for televi-

sion require special features not found
in theater projectors. Such a projector
manufactured by RCA is shown in Fig.
19-60A and has several features making
it peculiar to television, with complete
remote and automatic control of its
various functions. A rear view is given
in Fig. 19-60B.

Fig. 19-60A. RCA Model TP66 16 -mm
television projector.

chronized with the power -line fre-

RCA machine, an intermittent motion is
used, having a precision claw -type

Fig.

19-6011.

Rear view of RCA TP66

16 -mm television projector.

MOTION PICTURE PROJECTION EQUIPMENT

1035

and

The film also contains a piano re-

sound exciter lamp change. The elec-

cording for checking flutter and heavy
sound effects to determine the power -

loop

restorer,

projection

lamp,

tronics for the sound are completely

handling capabilities of the system. This

transistorized.

In the earlier type projectors special

film may be obtained in both 16- and

shutters were employed which permitted the light to reach the film for

35 -mm from the SMPTE.

15m, second every 1,fi second. Thus the
first frame was projected on the camera
tube twice, and the second frame three

Flutter films are used for measuring the

times, the third frame twice, and the
fourth three times. This was an average
scanning of each frame 2.5 times. Scanning the picture in this manner, 24
frames times 2.5 results in a television
image of 60 fields or 30 frames per -sec-

ond. This permitted the television to
lock in with the power frequency, reducing flicker and other objectionable
effects.

of

Television projectors also make use
electronic shutters, similar to a

19.63

Describe

flutter

a

film.-

amount of irregularity in the transport
system of a magnetic or optical sound reproducing machine. The flutter of this
film must he extremely low, or it would
be of little value. Flutter films made for
measuring motion picture sound -repro-

ducing equipment have slightly different Standards, depending on the type of

equipment with which they are to be
used. Therefore, the reader is referred
to USASI (ASA) Standards PH22.43,
22.98, 22.113, and 22.128. Flutter films
may be obtained from the SMPTE. (See
Question 17.144.)
19.64 What

movernen t.
19.61 Describe test films available

is a busts track?-A
buzz track is a test film containing two
square -wave frequencies used for the
adjustment of the lateral placement of
an optical film, while running through
a sound head in a motion picture projector. The sound track consists of an
0.087 -inch opaque center with a fre-

for optical and magnetic sound recording

quency of 1000 Hz on one edge and 300

strobelight,

which

are

synchronized

with the power frequency. The light is
out during the pull -down period, thus
no shutter is required. The film in this
type projector runs at a constant linear
speed and requires no intermittent

and reproducing equipment.-Test films
for optical and magnetic sound reproducing equipment are many and varied.
A few of the more important are: Theater test film containing dialogue music
and sound effects; multifrequency films
for frequency response measurement;
sound focus; azimuth; and flutter. Such
films arc available for 8-, 16-, 35-, 55 and 70 -mm equipment, and may be obtained from the SMPTE.
For those interested in video tape re-

Hz on the other. The positions of the
sound tracks are accurately located on
the film, so that when they are run in a
projector sound head, no sound will be

heard from either track, if the lateral
adjustments of the film guide are correct. If the film is out of placement or

mended practices and Standards are

the film weaves in its motion while runing, one of the two tracks, or both, will
be heard. The film guides are adjusted
for a no -sound position. Such test films
may be obtained for both 16- and
35 -mm use. The standard for this film
is given in Fig. 19-64.

also available from the same source.
1962. Describe a Standard theater

film?-A test film used for focusing the

test reel.-A special test film containing

optical system of a photographic sound -

picture and sound track from major

reproducing head. USASI (ASA) Stan-

studio productions. Each sound track
has been selected for its special characteristics and quality of reproduction.
This film is used by theater service organizations for adjusting the reproducing characteristics of a theater sound
system. If the frequency characteristics
of the system have been properly adjusted for a particular theater, good
sound reproduction will result when
this film is played on the system.

dard

cording

and

reproduction,

recom-

19.65

What

is

PH22.61-1963

a

sound -focusing

specifies that

the

print is to be made from an original
negative with a frequency of 7000 Hz.

The sound track may be either variable -area or variable -density. The azimuth of the sound track is to he within

plus or minus 3 minutes of arc. Such
films may also be obtained for 16 -mm
projectors; however, for 16 -mm, the
sound track is made in a different manner, as discussed in Question 19.74.
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American Standard Specification for
4,

Buzz -Track Test Film for
35mm Motion -Picture Sound Reproducers,

1. Scope

tion -picture so.ind reproducers.

Nevis:ow. Of

corded negotive and shall contain 300 -cycle
and

1000 -cycle

squore -wave

tracks

on

either side of the control exposed strip, as
shown in the diagram

2.2 The central exposed strip and the exposed portion of the two signal tracks shall
have a minimum density of
imum density of 2.0.

Dimensions

Inches

Millimeters

A

0.012 min
0.007 min
0.201 max
0.200 min
0.289 mox
0.287 min

0.30 min
0.18 min
5.10 max
5.08 mis
7.34 max
7.29 min

B

D

2.1 The lest film shall be a direct positive
recording or a print from on originally re-

1

I and a max'

r., or

c ne nes)1u

c

2. Test Film

a

P1122.684949

Photographic Type

This standard descr.bes a film that may be
used for checking the loteratisconning slit
placement of photographic type 35mm mo-

I

eM22.4111-1962

2.3 The fikn stock used dsoll be cut and perforated n occordonce with American Standard Dimension, for 35mm Motion-Pciture Positive Raw Stock, PH22.36-1954.
2.4 The film stock used shall have a shrinkoge

of not more than 0.50 percent.

3. Revision of American Standard
Referred to in This Document
When the following American Standard re.
feirect to in this document is superseded by
o revision approved by the American Stand
ords Association, Incorporated, the revision
shall opply'
American
Standard
Dimensions
for
35mm mm en-Picture Positive Row Stock,

I

PH22.36.1954
niCTE, A lest ilk. on accordance ,..in, Iris standard .s

avodoble Goon le Saner, of Morton Ifictore and
Television fnp.fteers

Approved April 25. 1962. by 111 Arnentor Stondo,ds Assograhon, Incorporated
Sponsor: Society of Mohon errwe and Television bv,neers

I en I VW. al 0114414

14, r

...,e44144 IC: At the A..,... .'. Y'1 \.....,t,,. I..r,-J.,.1

10 tso 401/4 VI.,.,. \. 1.41 141

ATCI 41144.4

44

44

044

Fig. 19-64. USASI (ASA) Standard for 35 -mm buss track.

/9.66 What is a level -balancing
loopl-It is a test film, recorded at 1000

Hz arid then made into the form of a
loop. Such loops arc used for adjusting
the output between projectors, or any
type sound reproducers. In the studio,
if the loop is magnetic, it is generally

recorded at a level representing 100 percent modulation.

For optical sound track, maximum
is limited by the maximum
modulation that may be applied to the
output

light modulator. Therefore, to assure
that the track will not be overloaded, it
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recorded at 80 -percent modulation.

The maximum deviation from the established level for such sound tracks is
plus or minus 0.25 dB.
/9.67 What is a visual test film?A special type print (picture only) containing four targets to check the focus
and alignment, travel ghost, jump and
weave, and lens abberation. This film is
used when installing new equipment or
making maintenance checks.
The focus -alignment target shows if
the picture size and the screen masking
are correct and the projected picture is
properly centered on the screen. The
travel -ghost target will show improper
timing of the projector shutter and will

The sound track contains frequencies
from 40 Hz to 8000 Hz. Each frequency
is warbled plus or minus 12.5 percent of
the nominal frequency. Above 1000 Hz,
the frequencies are warbled 125 Hz plus
and minus the nominal frequency. The

warble rate is varied from 2.5 Hz to
5 Hz per second. The purpose of warbling the frequencies is to prevent the
formation of standing waves in an audi-

torium or enclosure while making the
measurements.
19.71
What is a scanning -beam il-

lumination film?-A sound track used

gives an accurate indication of the unsteadiness of the projected picture. Pic-

for checking the uniformity of illumination across the scanning slit in a sound
head. The sound track consists of 17
incremental 1000 -Hz tracks, all of an
equal amplitude of approximately 0.007
inch. The tracks appear on the film in
succession, each preceded by an announcement identifying the track num-

ture jump is measured in percent of

ber. The 17 tracks cover a width greater

picture height. Picture weave is measured in percent of picture width. The

than the standard scanning beam. By
running this test film and observing the
indications on an output meter, it is
possible to correct unevenness of illumination in the optical system and
bring the variation in output to within
plus or minus 1.5 dB, which is the rec-

give an indication of the correct adjusttnent as the timing is being corrected.

The

jump -and -weave

target

target shows picture
distortion and gives an indication of the

lens -aberration

lack of sharpness that will be present
in pictures run on a particular projector.

Describe multifrequency test

ommended maximum variation. The ad-

films.-Multifrequency test films consist of a series of frequencies, which

justment is accomplished by replacing
the exciter lamp or adjusting its position relative to the scanning slit. (See

19.68

range from 30 Hz to 12,000 Hz. They are

recorded on either magnetic or optical
film, for both 16- and 35 -mm use. Each
print is individually calibrated_ Generally, the frequencies are preceded by a
voice announcement. The amplitude
variation of such films is on the order
of 0.25 dB. After a measurement has
been made, the absolute response may
be ascertained by the use of a calibration sheet supplied with the film. Such
films are also called constant -amplitude
or constant -frequency films.
19.69 What is a sound -transmission

Question 19.72.)
19.72 What is a snake track?-A
1000 -Hz sound track with an 0.007 am-

plitude and placed on the film in such a
manner that the track moves across the
scanning slit from one edge to the other
at a uniform rate. The output from the
film is measured using an output or VU

meter, and adjustments of the exciter
lamp are made to compensate for the
variations. For 16 -mm projectors, the

film?-A film similar to that described
in Question

19.68,

except

it contains

fewer frequencies than the multifrequency film. It is used by theater service organizations.
19.70 What is a warble film?-A
film used for making acoustical mea-

surements of an auditorium. This is accomplished by reproducing the film on
the normal projection system and mea-

suring the acoustical output for each
frequency, using a sound -level meter
as described in Question 22.94.

Fig. 19-72. A 35 -mm snake -track for
measuring the variation in slit illumina-

tion

of

a

sound -reproducer
system.

optical
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amplitude of the signal is 0.005 inch. A
sample of a typical snake track is shown
in Fig. 19-72. (See Question 19.71.)
19.73 What is a 16 -mm projector -

resolution target?-A glass slide 1 inch
by 2 inches containing 19 resolution test
patterns photographed within the standard 16 -mm projector -aperture area.

This slide is used in determining the
resolving power of projector lenses in
terms of the number of lines per millimeter which arc resolved.
19.71 How does a /6 -mm sound focusing film differ from a 35 -mm focusing film? --For 16 -mm sound focusing.

a special square -wave sound track is
used because its output changes more
rapidly with changes of focus than the
output from the conventional sine -wave
sound track. The square wave gives a

more sensitive indication of errors of
azimuth adjustment. The frequency
used is 7000 Hz.
19.75
What is a 3-D and a 2-17
projector -alignment film? - This film
contains a special target for visually

aligning projectors used for 3-D and
2-D projection. The film is made up in
loop form. The projectors arc aligned
physically so that projected images fall

on top of each other while both machines are running. It is absolutely essential that both projectors be perfectly
aligned when projecting 3-D pictures,

as both projectors are used simultaneously.
19.76 How Ole multiple magnetic
sound head clusters tested? 13y the use
of multiple sound -track test films.

theater sound head because the frequency response is not as great as that
required for rerecording sound heads
The attenuation characteristics for a
1.2 -mil slit are shown in Fig. 19-77 as
compared to the attenuation of a 05 -roil
slit.
19.78 Give the average frequency
response for motion picture theaters.For reproduction from magnetic sound
track, the reproducing frequency characteristic is generally as shown in Fig.
19-78A_ However, in some theaters a

slight tilt up or down is required at the
low- and high -frequency ends to compensate for theater acoustics. The amplifier system is equalized by using a
resistive termination in place of the
speaker system.
Reproduction
from photographic

sound track is quite different from that
of magnetic film, as the high -frequency
end is rolled -off an a manner similar to
that shown in Fig. 19-788. Theater amplifier systems are so designed that

when switching from one type sound
track to the other, the equalization is
taken care of automatically.

Further extension of the frequency
track beyond
6500 Hz is undesirable because of the
decreasing sensitivity of the human ear,

the small amount of energy in the
higher frequencies, and the increased
background noise from the film. Theaters that have attempted to widen the

response for optical film, even up to
8000 Hz, have returned the response to

the 6500 -Hz cutoff because of the in-

These films are available in a variety of
different types covering many tests and
are somewhat similar to those used for
the testing of photographic sound -track
heads. Magnetic multifrequency test
films have considerable greater frequency range than optical test films
/9.77 What is the height of the
optical slit used in a motion picture projector sound head?-From 1.2 to 1.5 mils

creased background noise from the film,
the andience, and the air conditioning.
Most studios, during the time of

A larger slit height is employed In a

acoustics.

transfer of the master sound track to
the release print, tilt up both the low and high -frequency ends to increase the

signal-to-noise ratios at these frequencies. Therefore, the theater reproducing
characteristic should be uniform, except
for any correction required for theater

RE PRO
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Fig. 19-78B Frequency response for reproducing 35 -mm optical sound track.
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Fig. 19-79. Typical frequency response of a 16 -mm projector with the controls set
for a flat frequency response.

After the frequency response has
set, a Standard Academy test reel
(sec Question 19.62) is used to check
the final response. Readjustment of the
been

low and high
necessary.
19.79 What

canica of Milan, Italy. This machine is

designed for both magnetic and optical
sound -track reproduction. The major

frequency is made, if
is

the

recommended

frequency response for 16 -mm projector
systemt?-Because of the wide variation
in the frequency characteristics of

16 -mm recordings and the conditions
under which the films arc projected it is
to make recommendations.
However, the frequency response shown
in Fig. 19-79 is that generally found
when measuring 16 -mm projectors,
with the low- and high -frequency con-

difficult

trols set to the flat position. For good
reproduction, the high -frequency control should be adjusted to give presence
and intelligibility. The low -frequency

control should be adjusted for

good

low -frequency reproduction without its
being hoomy. The local acoustic environment will have a considerable effect on both the control settings.
19.80 Describe the principal components of a theater -type motion picture
projector.-Pictured in Fig. 19-80A is a
35/70 -mm theater -type motion picture
projector, manufactured by Cinemec-

Fig. 19-80A. Cinemeccanica Model Vic rono-fl 35 /70-nms projector. (Courtesy,
Carbons, Inc.)
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Fig. 19-80B. Inferior view of Cinernecconio Victoria -8 35/70 -mm projector showing
the penthouse, picture head, and optical film sound head. (Courtesy, Carbons, Inc.)

components are the picture head A,

exposed.

magnetic head compartment B, optical
sound head C, drive motor D, upper and
lower magazines E and F, lamp house
0, and the base H. The whole assembly
is so mounted on the base that it may
be tilted upward 5 degrees, and downward 18 degrees. This pictured model is
equipped with an XeTron Isimphouse,
rather than the conventional arc light.

film shown in Fig. 19-80C is referred to,

(See Question 19-105.)

Fig. 19-80B shows that the interior
of the magnetic head compartment, the
picture, and the optical sound heads are

Fig.

19-80C.

Film -threading

path

for

If the threading path of the

a somewhat clearer understanding of
the various components shown may be
had. Combination 35/70 -mm sprockets
are used to facilitate changing from one
size film to the other. The film sprocket
idlers are turned over 180 degrees for
the desired film size.
Starting at the top, the film A passes
over magazine roller B, and through
two fire -trap rollers C, to a constant speed pull -down sprocket E, with its
two idler rollers. Sprocket D is not used

Fig

19-80D. Film -threading path for 35

35 -mm film using optical sound track

and 70 -mm film using magnetic sound

reproduction.

track reproduction.
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Fig. 19-80E.Magna-Tech Electronic Co. Inc., Model P13 5, 35 -mm projector.

with optical film. A loop F, about 17
perforations long, is made in the film
and threaded over roller G above the
picture -aperture plate H. The film is
now pulled downward by intermittent

spectively. Leaving the aperture plate,
the film is looped at J and passed di-

sprocket 1 (see Question 19.86). A sec-

Fig. 19 -BOB shows that there are additional items still to be considered.
These are the pad roller T over the optical impedance drum K, the exciter
lamp housing U, the optical lens system
V for optical sound reproduction, drive
motor W, framing control X, projection

ond loop J, of about 15 perforations
long, is made before the film is passed
over sound impedance drum K, then
over an oil -filled damper F to constant speed sprocket M, and to a magazine
roller and fire -trap in the lower maga-

zine. The sound start mark is placed
over the impedance drum K in the exciter lamp light beam, and the picture
start frame is placed in the picture aperture plate H. The same callouts are
used for Figs. 19-80C, D, and E
For 35- and 70 -mm screening using
magnetic sound track, the threading

path differs from that for optical film
and is shown in Fig. 19-80D. After the
film leaves the fire -trap rollers C, it
passes over constant -speed sprocket D,
then over a group of guidance and ten-

sion rollers 0, to impedance drum P
with its pad roller Q, over magnetic
head cluster R. This cluster has in reality 10 magnet heads, 4 on one side and
6 on the other, and is rotated to the one
desired. A second group of rollers S
directs the film back to sprocket E,

roller G, and to aperture plate H. For
70 -mm film operation, loops F and J are
decreased to 13 and 11 perforations, re-

rectly to constant -speed sprocket M and

down to the lower magazine through
fire -trap rollers N.

lens Y, and the shutter shaft Z. The
housing ZZ at the rear of the picture
head encloses a two -bladed conical picture shutter rotating at 1440 rpm and a
safety shutter. Because the picture

shutter cuts the light beam very close
to the film, the efficiency is close to 50
percent for 70 -mm film.

The motor drive system is designed
for both 24- and 30 -frame projection,
by the use of a double pulley on the
motor shaft. Because of the close tolerance and design of projection machines,
a force-feed continuous lubricating system is necessary. This machine makes
use of a gear pump, which forces oil to
each gear, bearing, and intermittent
movement. In addition to the above

items, forced air and water cooling is
provided around the picture gate area
and the shutter housing. The upper and
lower magazines will each accommodate
5900 feet of film. Because of the stabi-

THE AUDIO CYCLOPEDIA
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lizers used with both the optical and

this type operation a xenon or incan-

magnetic transport systems, the total
flutter is less than 0.10 percent.

descent -type projection lamp is used. A
control box on the wall provides
switching for different size reels of film,

When two or more projectors are
mounted in a projection room, some
means of automatically cutting over
from one to the other must be provided.

The control system must change over
the picture and sound simultaneously,
arc lamp excluded. For Cinemeccanica
installations, this is accomplished by the
installation of a microswitch at the
armature of the changeover solenoid

douser (Sec Question 19.42). The microswitch operates a group of changeover relays for the optical sound or the
4 or 6 magnetic sound tracks. A pushbutton at the lamp house provides the
control. This changeover system will
provide facilities for three machines.
Pictured in Fig. 19-80E is a Magna Tech Corp., 35 -mm reversible projector

designed particularly for dubbing for

forward or reverse, or remote control
of these functions. Rollers are provided
above and below at the rear of the machine for loop operation (see Question
17.223). Reversible distributors are discussed in Question 356.
19.81
Describe a preview magazine

and its use.-A preview magazine

is

generally a triple reel, lower magazine,
which replaces the regular single magazine on a projection machine. It per-

mits the screening of a picture with a
separate sound track.
Preview magazines

originated in
Hollywood to be used In preview theaters for running sneak previews of pictures not yet released. The purpose of
this was to get the audience reaction
before making the final cut.

small studio operations Basically, the
projector is a Phillips-Norelco Model
FP -20 35 -mm projector, with several

tracks and picture for the editorial de-

modifications.

in

This machine is equipped with

a

dual-purpose 220V 3 -phase sync -inter-

lock motor, upper and lower magazine
torque single-phase motors, automatic
gate -release mechanism, and an on/off
control circuit for the lamp douser. The
light source may be incandescent. arc,
or a xenon type. When running interlock, all of the principal functions take
place automatically. The lamp turns on
and off whenever the projector is run in
the reverse direction. Torque motors on
the upper and lower magazine spindles
provide rewinding, take-up, and feed
for running in the reverse direction.
The remote -control features make
this machine particularly desirable for
dubbing operations. The projector can

be threaded and the film can be run
down into a reel. Difficult cues can be
rehearsed by running the machine with
the film in sync with the reproducers
and recorders, both forward and backward. A satisfactory rehearsal can result from these operations. The film is
then run back to the head end and
rolled forward for a take. If the cue is
missed, it may be stopped in sync and
rolled hack again. Regardless of where
the projector is stopped, it will always
remain in sync with the balance of the
rerecording equipment, unless removed
from the distributor line. Generally, for

Such magazines, using separate sound

partment, are also installed on machines

the studio for running dailies and

rough cuts.
When these magazines are used, the

picture print carries no sound track,
since the sound track is on a separate
magnetic film. Several different types
of such magazines are available to fit
projectors of different design and
threading paths. The magazine shown in

Fig. 19-81A has been selected for its
simplicity and ease of explanation. This
magazine is

designed for use with a

sound head where the optical and mag-

netic sound pickups are contained in
the same compartment.
The threading path for a typical preview magazine of the design illustrated

is given in Fig. 19-81B. Starting with
the film A as it leaves the intermittent
sprocket J. it is threaded over guide
rollers B and C in the sound head, then
to the take-up reel D in the magazine.

As this is only the picture, the usual
threading path over the sound drum K
is omitted. The sound track is fed from
supply reel E at the bottom, through
chute F, over rollers G. H, and I. to intermittent sprocket J. over the sound
drum K. to rollers B and C, to the
take-up reel L. With this type arrangement, the sound and picture is kept in
synch ronization.
19.82 What is

a film gate?-The

mechanism that holds the film against
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Fig.

19-81A. Preview magazine mounted on

a

Simples 35 -mm motion picture

projector.

the aperture plate in the picture head
of a projection machine.
19.83

Describe a projector aperture

plate and its purpose. - The aperture
plate consists of a rectangular hole in a
removable plate that may be changed

while the projector is in operation, if
necessary. It is inserted in the picture
head to establish the correct picture
image ratio before the image arrives at
the projection lens system.
Because of the many aspect ratios
and different sizes of film, a number of
plates are required for the average theater. Various size aperture plates are

Fig.

19 -BIB.

given in the tabulation in Fig.

19-83,

along with the film size normally used.
Other ratios are: 1.68:1, 1:75:1, and
1.85:1. If the keystone Is excessive, it
may be corrected by filing the opening

of the aperture plate to obtain a rectangular image on the screen. When
the projection angle is greater than
zero degrees downward, an undersized
aperture plate is used and filed out
to fit the particular projection angle.
The bottom of the undersized plate is
filed to the correct horizontal dimension to obtain the necessary width at
the top of the picture. If the projection

Threading path for preview magazine shown in

Fig. 19-81A.
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Film Width

Aperture Dimensions

Aspect Ratio

35 mm
35 mm
70 mm
35 mm
70 mm

1.34:1

0.825 x 0.600 inch (Academy standard)

2:1
2.21:1
2.21:1
2.21:1

0.839 X 0.715 inch
1.913 x 0.866 inch
0.839 x 0.715 inch
1.913 x 0.866 inch

3 x 35 mm

2.27:1
2.27:1

0.985 x 1.088 inch (Ultra-Panavision)

70 mm
35 mm
35 mm
55.6 mm

1.913 x 0.866 inch
0.839 x 0.715 inch
0.8.39 x 0.715 inch
1.340 x 1.050 inch

2.34: 1
2.35: 1

3 x 35 mm

2.55:1
2.77:1

70 mm

2.94: 1

Fig.

0.98.5 x 1.088 inch (Cinerama)
1.913 X 0.811 inch

19-83. Ape, ure plates of various sizes.

angle is minus zero degrees (projector
shooting upward), the filing procedure
is reversed. For curved screens, an undersized aperture will also be required
and must be filed in a similar manner
OUTSIDE
CASE

in order that the top and bottom will
appear horizontal and parallel to each

other on the screen. After the inside
edges are filed, they are beveled about
30 degrees, with the sharp edge toward

the film, to eliminate fringe effects at
the edges of the picture. The bevel is
then painted dead black or black ano-

Fig. 19-85. Cross-sectional view of RCA
rotary stabiliser.

dized to prevent reflections. (See Ques-

hearings. The inside of the
stabilizer is completely filled with oil.

tion 19.54.)
19.84 What is en electronic shut-

on ball

ter?-A special electronic control device
connected to the photocathode of an
image -orthicon tube used for the transmission of motion pictures by means of
television. The control device keys the
image -orthicon tube in such a manner
that it operates only during the vertical
blanking period. The film travels

When the outer shell begins to rotate,
it transmits its motion to the flywheel
through the oil. After attaining its normal speed, the stabilizer tends to stabilize and filter out variations in the linear speed of the film. A cross-sectional
view of a rotary stabilizer developed by
RCA and used on their projectors and
sound heads is shown in Fig. 19-85.
19.86 What is an
intermittent
moventent?- A mechanical movement
used in a motion picture projector to
pull the film downward intermittently
at a given rate of speed. 35 -mm sound
projectors pull the film downward at a

through the projector at a continuous
linear speed, even during the pull -down

period, and this electronic device rethe conventional mechanical
shutter. (See Question 19.60.)
places

19.85

What is a rotary stabiliser?-

A hollow drum similar to a flywheel
and filled with oil. It is used on motion
picture projectors and sound heads. The

stabilizer is attached to the film -drum

linear speed of 90 feet per minute, or 24
frames per second.

(impedance -drum) shaft. When the film
is pulled over the drum by a constant -

While the film is in motion, a mechanical shutter blanks out the light
from the lamp house and hides the

speed sprocket, friction of the film on

downward motion from the viewer. Due

the surface of drum causes it to rotate.

to the persistence of vision of the hu-

The outer shell of the stabilizer

man eye, the projected series of pictures
appears to have continuous motion.
19.87 How does on intermittent mo-

is

made of thin metal so as not to impose
a heavy load on the impedance drum

when it first starts to rotate Inside the
light shell is a heavy flywheel mounted

tion operate? -A Geneva intermittent
movement is shown in Fig. 19-87A. The
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continued to the center Z of the pin A,
a right angle is formed. The arrow indicates the direction of travel of the cam.
Pin A is shown at the exact instant it
starts to engage the slot in the star B.
Until cam C has reached this position
there is no movement of the star.

At the instant pin A engages the
slot E, the pin travels along the line ZX.

Fig. 19-87A. A 4:1 Geneva intermittent

Therefore, the pin will enter the slot

movement used in 35 -mm motion picture
projectors.

cleanly with no chatter along the side
walls of the slot Observation will show
that at the exact instant the pin enters
the slot there is still no movement of
the star, inasmuch as the motion of the

movement consists of four parts: a pin
A, a start or cross B, cam C, and ring D.
If point X, the center of the star
(connected to the intermittent sprocket),
and point Y, the center of cam C, are

0)*

pin coincides with the slot. After the
pin passes completely into the slot, its
motion no longer coincides with the slot

1

2

C.`

Fig. 19-87B. Six stages of movement of a Geneva intermittent movement.
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Fig. 19-87C. 35 -mm motion picture projector intermittent movement.

1046

THE AUDIO CYCLOPEDIA

and the star begins turning. This move-

ment is slow at first and gradually increases until the star has reached its
maximum speed when the pin is completely in the slot and is in line with

the centers X and Y. When the pin
leaves this position, the star (and conthe film) begins to slow
down. At the end of the movement, the
sequently

Pin leaves the slot and returns to its
original position. When the pin leaves
the slot, the star has stopped moving.
The purpose of the ring D is to hold
the star stationary after the pM leaves
the slot. A a result, the film is motionless during the time the cam completes
its movement.
A study of the six positions shown in

Fig. 19-87B will show that, from the
time the pin enters and leaves the slot,
the star has made a quarter revolution.
For one complete revolution of the cam,
one-fourth or 90 degrees of its time is
devoted to moving the film. This is
called a 4:1 or 90 -degree movement.
35 -mm film travels at a speed of 90 feet
per minute, or 24 frames per second.

This movement has a ratio of 1:1. The
hinged lever F modifies the motion of
the cam B and imparts to the pulldown

claw C the motion indicated by the
dotted line D which moves the film E in
the direction shown by the arrow. Because of the film wear induced by this
movement, it is used only in 16 -mm and
8 -mm projectors. Intermittent, Geneva type movements used in 35 -mm projectors are too expensive for the average 16. mm projector.
19.89 What is a beam splitter?-A
prism used in the optical system of a

sound head designed for push-pull operation. The beam splitter divides the

light beam in such a manner that the
modulations of the push-pull

sound

track fall on the two plates of the photocell. This is illustrated in Fig. 19-94.
19.90 What is a laderl-A dual
gain control connected between the

outputs of two projectors, as shown in
Fig. 19-90.

In the early installations of projection equipment, the fader was mounted
on the front wall of the projection

Therefore, each frame has 1/2.1 of a sec-

booth. When changing over from one

ond devoted to it. The film is in motion

machine to the other, the operator faded

one-fourth of the time or

the sound from one machine to the

(itith of

a

second for each frame. To assure quiet
and smooth operation, the complete
movement is placed in a sealed casting

where it runs in a continuous bath of
oil. An assembled intermittent and the
principal parts of the movement are
shown in Fig. 19-87C.
19.88 What is an Askanlo claw
movement? --An intermittent movement

used in I6 -mm projectors (Fig. 19-88).

other, thus obtaining a smooth transition

between machines. Present-day
equipment uses automatic changeover
devices which permit smooth cutovers
without the operator being required to

fade the sound. (See Question 19.42.)
19.91
What causes noise in en optical sound head? - Several different

things may cause such noise. Among
the most common arc mechanical vibra-

tion of the exciter -lamp filament, microphonic

tubes in the preamplifier
stages, and the phototube.
II the exciter -lamp filament is loose
or improperly adjusted, the slit modulates the scanning -beam image because
of vibration from the motor and drive -

train. The sound generated appears as a low -frequency gear noise.
gear

ourevt

0*

19-88. Askania claw movement
used in 16- and 8 -mm projectors.

Fig.

19-90. Fader control for cutting
over from one projector to another.

Fig.
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Replacement or adjustment of the lamp
will generally remove the noise. To

check the exciter -lamp noise, run the
projector without film and turn up the
gain about 20 dB above normal. If the
exciter lamp is vibrating, the noise can
be made to disappear by interrupting
the light to the phototube with a card,
Background noise is also generated
by the vibration of the phototube coupling transformer, or the phototube it-

energy falling on the cathode. The phototube thus provides an electric current
whose magnitude can be controlled by

the light or other radiant energy.
The sensitivity of a phototube

is

basically defined as the quotient of the
current through the tube by the radiant
flux received by the cathode. The sensitivity of the tube depends on the color

of the light or spectral distribution of
the radiant flux to excite the tube.

self, because of loose elements. If the

When two such tubes are being consid-

transformer is at fault, the only cure is
to float the transformer in sponge rubber, then place it in a nested shield to
prevent pickup from surrounding magnetic fields (See Question 8.31.)
/9.92 What type optical sound

ered for use with a given light source,
and if the tubes have a different color

tracks arc most sensitive to sound -head

misolignment?-Variable-area tracks. It
is quite important that the slit azimuth

and slit illumination be properly adjusted; if they are not, serious harmonic
distortion may result. If the reproducer
is the push-pull type, the photocell circuit must be carefully balanced for
maximum cancellation. This subject is
discussed more fully in Question 19.64.
Variable -area sound tracks must be

aligned more carefully than variable density ones. However, in a properly
maintained system, little trouble is experienced with either type of track.
/9.93 Describe the construction of
phototube. -A phototuhe consists
principally of two electrodes in a glass
evacuated envelope (Fig. 19-93A and
Fig. 19-93C). The cathode emits electrons when its sensitized surface is exposed to a source of light or other radiant energy. Electrons are drawn to the
anode because this electrode is at a positive potential. The number of electrons
emitted by the cathode depends on the
wavelength and the amount of radiant

a

response, a comparison of the sensitiv-

ity may he misleading, unless both
ratings are for the same light color.
Sensitivity can be measured with the
radiation supplied by a tungsten lamp,
operated at a filament color temperature of 2870 degrees Kelvin, since the
exciter lamp in a projector is operated
at or near this temperature.
The presence of inert gas in a photo -

tube will increase its sensitivity, therefore the manufacturer of the tube introduces a controlled amount of gas
after evacuation. Gas -type phototubes
have higher sensitivity than corresponding vacuum types. Insertion of the
gas in the tube causes the following action. Electrons moving from the cathode
to anode collide with gas atoms. In such

a collision, the electrons may disrupt
the atom, knocking an electron out of
the atom, leaving a position ion. This
disruption of the atom increases the
current through the tube because the
new electron is drawn to the anode and
the positive ion is drawn to the cathode.

The positive ion can further increase
the current when it arrives at the cathode,

by

causing

secondary

emission

from the cathode. Therefore, the pres-

ence of gas increases current in two
ANODE

SINGLE

PUSH-PULL

CATHODE

CATHODE

ENVELOPE

ANODE

Fig. 19-93A. Phototube
construction. Single tube

plan

view

showing

the

cathode and anode.

Interior

Fig. 19-93B. Dual photo -

Fig.

tube used for the reproduction of push-pull optical sound track.

construction of a single

1 9-93C.

phototube showing
major ports.

the
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Fig. 19.93D. Typico requency choracteris is for a gas phototube used for sound reproduction. Equalization is used to compensate for the loss at the higher frequencies.

PHOICITUN
COJECTIvE
LENS

FILAMENT
COLLECTOR
LENS

SLIT
FTC TER
LAMA

CSANERICAL1

FILM

Fig. 19-93E. Optical train for conventional phototube sound reproducer.

ways-by the production of ions and by
increasing the amount of cathode emission present.

When installing phototubes in a
sound head, care must he taken that the
exciter lamp light beam is so placed

When phototubes are used for the
reproduction of sound, the light to the

of the phototube that the light beam

phototube is varied at on audio-frequeny rate. Under these operating con-

clears the anode (rod) and falls on the
cathode element, as shown in Figs.

ditions, the luminous sensitivity of the
tube is defined as the quotient of the

19-93F and F.
19.94 How is the optical train for a

amplitude of variation

the output

push-pull sound head constructed? In
Fig. 19-94 is shown a typical optical
train designed to reproduce both single
and push-pull sound tracks.

voltage, but with higher distortion. A
typical frequency response for a gas

ment A is projected on a mechanical

in phototube

current by the amplitude of the variation of the light source. Increasing the
load

resistance increases

with respect to the anode and cathode

The image of the exciter -lamp fila-

phototube used for sound reproduction
is given in Fig. 19-93D.
Push-pull phototubes have characteristics similar to a single tube, except
that the two sets of elements are treated
as a single phototube. The most impor-

slit B in the objective -lens barrel C.

tant factor in their use is that the two

condenser lens I -I to a double prismatic

sides of the tube must be balanced electrically, as discussed in Question 19.96.
Fig. 19-93B shows how the elements are

lens I. The prism turns the beam upward 90 degrees to a second prism .1
where it is directed to the anode K and

placed in a push-pull phototube. The
term phototube is used only with vac-

L of a push-pull phototube M. Variations in the amount of light falling on

uum -type photosensitive devices. Other

the phototuhe anodes generate minute
changes of current in the cell. These
changes are amplified and passed on to
the main amplifier equipment.

types are referred to as photocells.
ANODE
ATHOOF

LIGHT
REAM

Fig. I9 -93F. Method of installing photo -

tube so that the light beam clears the
anode clement (rod).

The image of the slit is focused as a
long narrow beam F on the sound track
D by the objective lens E. Leaving the

sound track, the light falls on a cylindrical lens G, then passes through a

Single and push-pull sound tracks
are reproduced by connecting the cathodes together, thus making the photo tube operate as a single cell. For proper
operation in the push-pull position, it
is necessary that the voltages applied to
the anodes have exactly the same value.
(See Questions 19 96 to 19.99.)
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NOTE OUTSIDE HALF OF TRACK Is
REPRODUCED BY LOWER ANODE

AND CATHODE - INNER HALF BY
UPPER ANODE AND CATHODE

Fig.

19-94. Push-pull beam -splitting optical system, used for the reproduction of
push-pull optical sound track.

19.95
What precautions must be
taken in the operation of gas -type pho-

totubesl-The actual voltage

at

the

PHOTOTUSE

anode of the phototube is generally 90
Vdc. This voltage must not be exceeded.
If it is, a gas discharge is likely to occur.
This discharge is indicated by a blue

glow within the tube. Once started, the
glow will continue until the anode voltage is reduced or disconnected. U the
glow is permitted to continue, the tube
will be severely damaged. The anode
voltage can only be measured using a

+90V
MAX

Fig.

19-964. Basic circuit for a single section phototube.

vtvm.

anode of each half of the tube. When a
balance has been achieved, the signal

/9.96 Describe an optical sound
head circuit for both standard and push-

same amplitude.

pull sound track. -A basic circuit for a
single phototube is given in Fig. 19-96A,

with the circuity used for push-pull
phototubes given in Fig. 19-96B. To
achieve a balance between the two
halves of the phototube, it is necessary

to balance the voltage applied to the

voltage at the cathodes will be of the
The applied voltage is balanced by
a voltage -divider circuit and a potentiometer P1 connected in the center of
a voltage -dividing network. When the
switch is in the push-pull position, the
cathodes are connected to a push-pull
coupling transformer T1 which has a

ONO

Fig. 19-96B. Schematic diagram for optical sound head for reproducing both standard and push-pull sound track.
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high -impedance primary and a low -

the output level of the track when re-

impedance secondary.

produced in the standard position. The
greater the cancellation, the lower will
be the noise from splices and bloops.

When the switch is in the standard
position, the cathodes are connected in
parallel and returned to one side of the

output -transformer primary. For this
connection, the phototube operates as a
single -ended phototube.

Capacitors CI and C2 and resistors
R1 and R2 are for frequency correction.

The capacitors C3 and C4 in the balancing network provide a low -impedance path to ground for the audio currents and keep them out of the power
supply. Resistors R3, R4, RS, and R6
constitute the voltage -balancing circuit.
19.97 How is the cancellation of a
push-pull

phototube

sound

head

ad-

justed? -11 the phototube circuits are
similar to those of Fig. 19-96, the cancellation is adjusted by the use of the
test circuit of Fig. 19-97 and by a loop
of negative -bilateral sound track modulated about 80 percent. A voltage amplifier and VU meter are connected

across the output of the sound head.
(No termination is required for the
voltage amplifier.) With the sound head
phototube switch in the standard posi-

79.98 How is cancellation in a pushpull sound head achieved?-Assume that
a
1000 -Hz
negative -bilateral sound
track is playing back on an optical

sound head in the push-pull position.
The bilateral sound track generates a
signal in both anodes of the dual photo -

tube simultaneously. If the two halves
of the phototube are in alignment and
balance, the signal is the same at each
cathode. When the cell is in balance,
the signal voltage across the primary of
the coupling transformer will be of the
same amplitude for both tracks but will
be 180 degrees out of phase. Therefore,
the signals cancel, and the output signal
across the secondary is zero.

When a push-pull sound track

is

played in the push-pull position, the
sound tracks on the film are 180 degrees

out of phase with respect to each other;
therefore, a signal which is 180 degrees
out of phase and similar to that generated in a push-pull amplifier described
in Question 12.226 is generated in each

tion (non push-pull) the gain of the
voltage amplifier is increased to a read-

cathode.

ing of plus 30 dBm on the VU meter.
The phototube switch is now thrown to

tion (non push-pull), the cathodes of

the push-pull position until a reading is
obtained on the meter.
The voltage -balancing potentiometer
in the sound head is adjusted for a min-

imum reading on the VU meter. The
plus reading is added to that of the

With the switch in the standard posithe phototube are connected in parallel
and the tube functions as a single phototube. Push-pull sound heads arc seldom found in a theater installation and
will only be found in older studio
equipment.

minus reading as if they were both positive values. As an example: assume the
meter reads a plus 30 dBm in the stan-

/9.99 What factors affect the cancellation in an optical push-pull sound
head?-The mechanical placement of
the sound track, azimuth adjustment,

dard position and the reading in the

optical -system

push-pull position, for the best balance,

is minus 10 dBm. Adding of the two

balance between the two halves of the
phototube, and the general mechanical

readings results in a figure of 40 dB.
Thus, the cancellation is 40 dB below

condition of the sound -head mechanism.
(See Question 19.64.)

adjustments,

electrical

The cancellation of a sound head
should not be adjusted until the maPt

chine has been thoroughly warmed up.

TOT OBE

/ PREAMPLIFIER

VOLTAGE
AM PLR' iER

vu

"L

METER

O
Fig. 19-97. Test circuit for adjusting the
cancellation of a push-pull phototube
optical film reproducer.

Mechanical adjustments should be made
according to the sound -head manufacturer's instructions.
19.100 How is the sound level from
two or more sound heads balanced?-By

means of balancing loops which are
built from constant -frequency, constant -amplitude stock-either optical or
magnetic film. The loops are made just
long enough to run in the sound head.
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With the machines in motion and a VU

meter connected at the output of the
main amplifier system, the output levels
for either optical or magnetic reproduction are adjusted to match between machines. As a rule, theater equipment includes a test position for this purpose.
Constant -frequency film for making

such loops can be obtained from the
SMPTE.

19.10/ How are magnetic head
clusters mounted in a penthouse sound

head?-They arc mounted in two differ-

ent ways. One method employs two
separate head clusters, one for 35 -mm
heads and a second for 70 -mm heads.
The second method employs a single
head cluster with 35 -mm heads on one
side and 70 -mm heads on the other. The

cluster is rotated for the desired -type
head. Such a scheme is discussed in
Question 19.80. Typical threading paths
for a penthouse using separate magnetic
heads for 35- and 70-nim reproduction
are given in Fig. 19-101.
19.702 Are magnetic sound tracks

effected by the steel parts of a motion
picture projector?-Not to any great extent; however, as a precaution, it is
good practice to demagnetize, at least
once each day, all parts that come in
contact with the magnetic film. The use

1051

of nylon rollers has greatly facilitated
the running of magnetic sound tracks.
(See Question 17.90.)
19.103 What is

the

width

and

height of the scanning beam in en optical sound head? -At the present time,

the standard for 35 -mm is 84 mils in
width and 1.2 mils in height. For
16 mm, the width is 72 mils; no height
is stated.
19.104

Describe

phototransistor.

a

-Phototransistors are of the junction type construction, with leads attached
to the collector and emitter regions of
the semiconductor wafer, but with none
attached to the base.

Packaged,

the

wafer is mounted so that the base region may be illuminated by an exciter
lamp, through a tiny lens in the nose of
the enclosing shell (Fig. 19-104).
TUBULAR
LENS

LIGHT SOURCE

CASE

P

)OUTPUT

/4'
40v

Fig. 19-104. Basic design for a photo transistor.

A de voltage is applied between the
emitter and cathode in the conventional
manner. The circuit then becomes that
of a common -emitter amplifier. When

the wafer is dark, the cutoff current is
extremely small. When it is illuminated,

current carriers are injected into the

(a) 35 -mm.

base region. The base current is amplified beta times by the transistor structure, and a large collector current proportional to the light intensity is caused
to flow.
Silicon planar npn phototransistors
arc operated at a de voltage of about
40 volts and provide approximately 9
mA of collector current for 1000 footcandles illumination. The dark current
is about 0.25 microampere. The upper
frequency limit is around 25,000 Hz. The
advantage of such a device is that it
provides amplification for relatively low
light intensities with a comparatively

large output current. The device may
(b)
Fig.

19-101. A typical threading path

for 35 -mm and 70 -mm penthouse sound
heads,

using separate 35- and 70 -mm
magnetic head clusters.

be operated with a steady or modulated
source of illumination. Such devices are
being used to replace the conventional
phototube when the amplifier systems
arc of transistor design. The circuit for
a phototransistor is given in Fig. 19-104.
(See Question 71.161.)
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xenon lamp used for projection.-Xenon
lamps are high-pressure, gas -filled
lamps designed for dc operation. The

mirror from the arc lamp has been retained and only the arc mechanism has
been removed. The illustration is the
interior of the larnphouse shown in Fig.

19.105

Describe

a

high-pressure

use of such lamps in motion picture

19-80A.

projection is only one of its many uses.
The outstanding features of these lamps
include a color temperature that resem-

Xenon lamps are manufactured by
Osram of Berlin, West Germany, To-

bles natural daylight (which is a mixture of direct sunlight and reflected
skylight), immediate readiness for operation, extreme brightness, and extremely good stability. (Sec Question

rapidly replacing the conventional arc

19.33.) The light color of xenon lamps is
independent of variations in the supply
voltage and will remain unchanged

even when the light output

is

being

regulated. Xenon lamps emit a strong
medium and long wave ultraviolet radiation with a continuous spectrum and
have several radiation maxima in the
short wavelength infrared range between 8000 and 10,000 angstrons. Such
lamps can be used in 16-, 35-, and
70 -mm projectors, in small devices such
as slide projectors, in light -scanning

shiba of Japan, and others. This lamp is
lamp and incandescent light, because of
its

long life and color spectrum. Al-

though many installations employ the
lamp in a vertical mounting position, it
may be mounted horizontally, with the
length parallel to the sides of the lamp
house. One of the advantages of such
lamps is that as the lamp output is reduced in intensity, the color temperature remains the same.
79.106 Describe the construction of
a xenon projection lamp.-The envelope

of a xenon lamp consists of quartz of
ellipsoidal shape, with two electrodes
placed diametrically opposite. The cathode

(negative) must be made small.

stallation of such a lamp is shown in

The anode (positive) must be relatively
large in comparison, in order to dissipate the heat. The overall length of the
lamp is determined by the temperature
gradient between the electrodes and the

Fig. 19-105. It will be observed that the

bases. Because of the prefocus base, the

devices, and for many industrial purposes. They are particularly well suited
to wide-screen projection. A typical in-

Fig. 19-105. Installation of a XcTron (xenon lamp) in a motion picture projection
lamphoutc. (Courtesy, Carbons Inc.)
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The burning position is always vertical,
with the smaller electrode downward,
as shown. To ignite the lamp, a special
ignition device is used. The lamp may
be started quickly by pushing a button
for less than one-half second. A 1600 -

watt xenon lamp

is

shown

in Fig.

19-106.

19.107 What is the life of a xenon
tube?-The life of these lamps is generally terminated by the blackening of
the discharge vessel. The degree of
blackening is influenced by the magnitude of the current pulsations and the

number of starts. The average life for a
150 -watt lamp is 1200 hours; for 450 to
1600 -watt lamps, the life is 200 hours;
for 2500 -watt lamps, the life is about
100 hours.
19.108

Fig. 19-106. A 1600 -watt xenon highpressure projection lamp. Manufactured
by Osram of West Germany. (Courtesy,
Macbeth 5ales Corp.)

lamp in use may he replaced by a simi-

lar lamp without making any adjustment. A special property of the xenon
arc lamp is that it absorbs only a minimum of its own radiation. When reflecting an inverse image of the arc in
the mirror used in the original arc -lamp

Give the characteristics for
xenon projection lomps.-As an illustration, three sizes of lamps will give 450,
900, and 2500 -watts. Xenon lamps are
generally powered from single or threephase silicon rectifiers, having fairly
good regulation. A switch is provided in
the primary wiuding to set the operating voltage to its correct value. In addition, au igniter circuit is also required.
Voltage, current, and luminous flux will

vary with tubes of different manufacture.
19.109

on one of the two electrodes. Although

Give the circuit for a highpressure xenon lamp. -The circuit for
igniting the lamp and the keep -alive
low -voltage power supply is shown in
Fig. 19-109. The circuit consists of a
transformer Tl which steps up the line

concentration of power is high,
xenon lamps need no forced -air cooling
because of their shape. Because of the

voltage to 5000 volts and applies it to a
5000 to 30,000 -volt step-up transformer
T2, which is connected across the elec-

installations, the inverse image must be

aligned so that the bright parts of the
arc (cathode hot spot) are not imaged
the

glare, the ultraviolet radiation, and the
high operating pressure, the lamp must
be completely enclosed in the lamp house with air vents.
The gas filling has an excess pressure

of several atmospheres (14 lbs per sq.
in.) even when the lamp is not in use.
Therefore, protective gloves and mask
must be worn when handling the lamp.

trodes of the xenon lamp. When the
lamp is energized, the low voltage is

applied first, and then the push button
for the igniter circuit is held down for
less than one-half second. This causes
a spark across the quenched gap, which,
in turn, generates a 30,000 V spark

across the electrodes of the lamp. This
spark gap breaks down the internal re Light output

Operating

Current

watts

Lamp
supply alt.

gigs.

Amperes

450
900
2500

70 Vdc
70 Vdc
85 Vdc

18 Vdc
22 Vdc
30 Vdc

28

Rated

50
95

Luminous
flu? lumens

to screen

13,500
32,000
100,000

2400
7000
18,000

Fig. 19-108. Characteristics of some xenon projection lamps.

(lumens)
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450 -WATT
XENON

MAHOUT TON

LAMP

QUENCHED
GAP
TI

T2

4,

lit VAC

010er
LOW- vOLTAGE
POWER SUPPLY

Fig. 19-109. Basic circuit for the igniter and keep -alive low -voltage power supply for
a 450 -watt xenon projection lamp. (Courtesy, Carbons Inc.)

sistance between the electrodes. As the
resistance is now low between the electrodes, the low voltage power supply is
turned off. The quenched gap consists

of several small gaps in series with
cooling fins similar to heat sinks. These
fins radiate the heat and cool the gaps
almost immediately and cause deionization, and thereby conduction.
19./10 What is the spectral sensitivity characteristic of a gas phototube
used for sound reproduction?-The max-

for a given color?-A phototube will respond to variations of light intensity in
the order of 0.10 percent. The human
eye will not recognize a change less
than 2 percent The spectral sensitivity
characteristic for the human eye is
given in Fig. 19-111.
19.112 What is the strongest light
ge human eye will accept? -the
About 16 billion times brighter than the
least perceptible light. This is a range of
0.000001 to 16,000 millilamberts.

imum sensitivity centers around 8000
angstroms, or in the red region. The
spectral sensitivity of a typical gas -

/9.113 What methods ore used to
couple phototubes to a preamplifier?-

filled phototube is shown in Fig. 19-110.
(See Question 19.111.)
19.111
What is the sensitivity of
the human eye compared to a phototube

cial coupling transformer or by a low capacity cable. In the latter type of connection, the output of the phototube is

Photutubes may he connected by a spe-

taken directly to the control -grid circuit of the first tube in the preamplifier.
Two methods of connection are shown

140 II
ts

in Fig. 19-113.
19./11 What

.1
T1

causes

a

picture

flicker?-If a vacuum -tube rectifier

;

is

being used to supply direct current for
the arc lamp, the rectifier is generally
designed o use six rectifier tubes in a

coo
so

100

go
W

40
yJ

20

4000

"

4000

12000

I

ANGSTROM UNITS
ULTRA
VIOLET

INFRA
RED

Fig. 19-110. Spectral sensitivity characteristics for a typical gas phototube used
for sound reproduction.

000
Fig. 1 9-1 1 1. Spectral sensitivity charac-

teristic of the human eye.
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With rectifiers such as silicon diodes,
flicker can often be traced to a voltage
difference between the three phases of
the power source feeding the rectifier
unit.
Regardless of the number of phases,
flicker can be caused by voltage unbalance between the phases The greater
the unbalance the greater the flicker.
If possible, the voltage between phases
should balance to within 2 percent.
Balancing of the voltage between
phases is a must with either type rectifier. In cutting over from one machine

to another, the ac voltage to the priPREMPt

IER

90 V

(b) Transformer coupling.

Fig. 19-113. Methods of coupling a phototube to the input of a preamplifier.
full -wave, 3 -phase rectifier circuit.
(Sec Fig. 19-114.) 11 the rectified current is not the saute in each tube, a

mary and not the dc voltage to the lamp
should be broken, otherwise damaging
transients can be produced and cause
the rectifier tubes to burn out or cause
damage to the rectifier units because of
heavy surges. As a rule, when the ac to
the rectifier is opened, a relay opens
the dc line to the arc lamp.
19.115 What is the cause of flicker
in a 16 -mm projectorT- -Generally, it is

due to the type shutter and the pull -

flicker will be noted on the screen.
Since the projector shutter frequency
is 48 Hz, and if the rectifier is operating
from 60 -Hz power, the flicker rate will

down

be 12 Hz, which is below the rate of
persistence of human vision. Thus, a

three -bladed shutter, as it increases the

flicker is seen. The current passed by
each rectifier tube should balance with
respect to

that passed by the others

within 1 ampere.

mechanism.

However,

in

the

newer projectors, because of the improvement of the illumination systems,
the flicker is reduced by the use of a
flicker rate to 50 Ilz.
19.116
What is Mr procedure for
adjusting en onomorphic lens? --Using a
picture or test film as described in
Question 19.129. With the regular pro-

jection lens in place, the image is focused on the screen, and the image size
is adjusted to fill the screen in a vertical

direction. The anamorphic lens is then
attached and adjusted to expand the

picture to the right dimension in the

Ye. ye
111

horizontal plane; this is the usual plan
of adjustment.
When a long throw is encountered,
the light requirements may become impractical. This condition may be partially overcome by what is termed reverse anamorphosis. The normal projection lens is changed to one that will
fill the screen in a horizontal plane. The
anamorphic lens is then installed and
adjusted so that the image is reduced
in vertical plane to fit the screen height.
In this manner, considerably more light
is obtained at the screen. (See Question

Fig.

1 9-1 14. Three-phase, vacuum -tube

rectifier for motion picture arc lamp use.
Each

19 118.)

19.117

Is the regular lens system of

rectifier actually consists of two

a projector used with on anamorphic

tubes connected in parallel.

lensT-Yes. The anamorphic lens system

THE AUDIO CYCLOPEDIA
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Fig. 19-117. Anamorphic lens mounted on a Simplex proj
is placed in front of the regular lens, as
pictured in Fig. 19-117.
19.118 Describe the construction of
on anamorphic fens.-When the picture
is originally photographed, an anamorphic lens is mounted ahead of the regular lens used on the camera. The image
is squeezed horizontally and looks very
much like a television picture in which
the horizontal linearity is out of adjust-

placed in a position in which it will re-

ment. This causes the characters to have

maScope production of The Robe (re-

narrow bodies and elongated

leased

heads.

Squeezing the image permits a greater
angle in the horizontal plane. When the
film is projected, the anamorphic lens
on the projector spreads the squeezed
image on the film back to its original
proportions.

The projected picture can use any
one of the ratios given in Question 19.83.

The most common of these ratios

is

produce on any standard projector;
however, the sound track is somewhat
narrower than normal. If the print is to

carry only an optical sound track (no
magnetic), the same print is used minus
the magnetic striping.
19.120 Describe the difference between a CinemaScope sprocket and stan-

dard sprockets.-In the original Cinein 1953), special perforations
were used in the film base, with special
sprockets on the projector. The sprockets were standard except for the width

of the teeth, which were narrower in
order to provide more room for the
magnetic sound tracks. These special
perforations and sprockets are still used
for CinemaScope productions. Standard
35 -mm film can be run on these sprock-

ets without difficulty. However, Cine-

2.55:1.

cal print?-The four sound tracks are

maScope perforations cannot be run
with standard sprockets, as to do so will
damage the perforations. CinemaScope

placed in the same manner as for normal CinemaScope release print. The

use

19.119

Where is an optical sound

track placed on a CinemaScope magepti-

monophonic

optical

sound

track

is

release prints, both 55- and 70 -mm, also
the
special
perforations and
sprockets.
FILM

ANAMORPRIC

LENS ASSEMBLY

ARC

UGNT

NORMAL.
PROJ

LENS
CONDENSER
LENS

APERTURE
PLATE

r. DOUBLE
CONCAVE

PLANO
CONVEY

Fig. 19-118. Schematic of anamorphic lens system.
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19./21 Why ore curved screens used
with wide-screen projection?- -To bring
the picture focus over the entire surface
of the screen. (See Question 19.124.)
19.122 How is the curvature of a
curved screen plotted?-From the angle
of projection as shown in Fig. 19-122. It
will be noted that the screen is curved
inward and is a segment of the projection arc.

If the vertical projection angle exceeds 12 degrees, the screen may be
tilted back at the top to reduce the effects of keystoning. Curving the screen
reduces the out -of -focus condition at
the edges of the screen by bringing the
edges forward, thus shortening the distance of the throw at the sides of the
screen. (See Question 19.121.)

tance to reach the edges, than to reach
the center, as shown by the dotted lines
in Fig. 19-124. Thus, it may be seen that
the center is out of focus with the edges.
Current wide-angle lenses are designed
to

bring the edges into sharp focus

when a curved screen is employed. Not
all out -of -focus conditions are caused
by the projection arc Focusing can also
be affected by the lens system in use,
keystoning, and the design of the
screen. (See Question 19.122.)
19.125 Define the term "enamorphic ratio." - Anamorphic lenses are
specified by their magnification or
spreading ratio, which indicates how

much the picture can be spread on the
horizontal plane. The height of the picture remains the same. Thus, for a 2:1
ratio, the picture is twice the size. The

height remains the same for a given

FLAT
SCREEN

SCREEN

105 7

value.

Give the aspect ratios, post
.-Aspect ratio is the ratio of
the picture height to the picture width.
The various ratios used by different
studios, and their origination is given
below. Many of these ratios are still in
use and vary with different productions
and film size.

19.126

and p

1

Film Width
Aspect Ratio
35 mm
1.34:1 (Academy Standard)
35 mm
70 min
35 nun
70 mm

-.-PROJECTOR
LENS

Fig.

1 9-1 2 2.

Layout for a curved projection screen.

(Superscope 1954)
2.21:1 (Todd -AO 1955)
2.21:1 (Panavision 1954)
2.21:1 (Super-Panavision
2:1

1958)

3 x 35 mm 227:1 (Ultar-Panavision
1961)

What determiner the width
of a wide-screen picture?-The maximum height of the screen image, the
ratio of the projection aperture plate,
and the expansion ratio or magnification of the anamorphic lens system in
19./23

the horizontal plane. Thus, for 55.6 -mm
film, using aperture dimensions of
1.340/1.050 with an anamoiphic lens

expansion of 2:1, the aspect ratio
1 340
1.050

is:

1 275 x 2 = 2.55:1

Aperture plate dimensions and ratios
are given in Question 19.83. (See Question 19.126.)
19.124 What is the cause of out -of -

focus conditions of the edges of a wide
screen?-Using a flat screen, the projec-

tion beam has to travel a greater dis-

70 mm
35 rum
35 nun
55.6 mm

3 X 35 rum
70 mm

2.27:1 (Ultra-Panavision)
2.34:1 (Techniscope 1963)
2.35:1 (CinemaScope 1953)
2.55:1 (CinemaScope 1956)
2.77:1 (Cinerama 1952)
2.94:1 (MGM -65 1957)

Other ratios used are. 1.66:1, 1.75:I, and
1.85:1. However, these latter ratios are
used primarily
for cropping. (See
Question 19.48.)
19.1 2 7

Name

the

various

wide-

screen systems.-Several different systems have been developed, using 35-,
55-, and 70 -mm film. Many variables
are included in these systems: linear
speeds greater than 90 (pin, width of
film, frame rate, perforations, horizontal
magnification,

aspect

ratio, and

the

number of sound tracks with two sys-
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terns using

three projectors simulta-

neously. Also, in certain systems, sepa-

rate sound heads are used which run
interlocked with the projectors. Although the camera is not a problem of
the projectionist, there are many variations in the method of photographing

the picture and in the printing processes.

The wide screen systems both past
and present are:
CinemaScope, 35- and 55 -mm; Panavision; Super-Panavision;
UltraPanavision;
MGM -65;
Cinerama;

Cinemiracle; Perspecta Sound; SuTechniscopc; Vistavision;
Todd -AO; Techniraina. (See Quesperacope;

tion 19.128.)
19.128 Describe the special wide-

screen systems.-Wondcrama: The Wonderama system uses a split image. In
this system, the camera photographs the
image through an image converter

was designed by the National Film
Board of Canada.
19.129 Show on amorphic focusing

chart.-A special chart is made, similar
to that shown in Fig. 19-129. The chart
is then photographed, using an anamorphic lens system to compress the image

the horizontal plane. The chart is
projected on the screen, and the lens
system is focused and rotated until the
circles become round and the lines bein

straight. Although the chart
shown is for 20th Century -Fox Cinema Scope, such charts may be made for any
ratio. (See Questions 19.116 and 19.118.)
19.130 What projection systems are
more than four perforations per tress?Technarama, Super -Pima vision, and
MGM -65 use five perforations per
frame. At the present time, Ultra -Pam. come

vision and Cinerama use six perform.
tions per frame

of the picture 90 degrees in opposite directions, and produces a nonanamorphic
image, with an aspect ratio of 3:1. The
picture is projected through binocular -

19.130 What projection systems use
more than 24 frames per secondf-r2ineranui and Ultra-Panavision use 26
frames per second, while Todd -AO uses
30 frames per second Other systems use
24 frames per second at the present

type lenses that return it to its correct
ratio, but in enlarged dimensions.

tune.
19.132

Poleycran: Poleycran is a system developed in Czechoslovakia. It uses eight
screens and is used in combination with
live action.
Circarama: At Disneyland and at
several world fairs a system called Circantina was used, in which the specta-

a linear speed greater than 90 trot per
minute?-Teelmarama and MGM -65 use
112.5 feet per minute; Ultra-Panavision,
122 feet per minute. CinemaScope-65

which rotates the left and right halves

tors stood in the center of a circular

uses 135 feet per minute. Super-Panavi-

sion and Todd -A0 use 140.6 feet per
minute. Cinerama and Ultra-Panavision
use 146.25 feet per minute.

screen. The screen consisted of 11 sepa-

rate panels, each 8 feet in height set in
a 40 -ft circle. The projection system encompassed
a group
of interlocked

19.133

When

a

single

magnetic

sound track is used, where is it placed?

IMM1

16 -mm projectors.
Cinetarium: Cinetarium employs a
single projector and presents a 360 -de-

gree circular motion picture in a dome type theater. This system was developed
in Germany.

rem. pp

441--v

VertiVision: This system of projection was developed by H. M. Tremaine
and John H. W. Guselle for the British
Columbia (Canada) Expo -70 Pavilion,
Osaka, Japan. The system is front projection employing a vertical screen
13' 6" wide and 40' 6" high. Special optically printed films arc used for spectacular effects. A vertical screen 17' wide
and 37' high was also used at Expo -67
in the Labyrinth Pavilion, Montreal,
Canada. This latter system of projection

What projection systems use

OM INNS
19-129. Test chart for adjusting
wide-screen projection images, using on
anamorphic lens system.
Fig
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19-136. Sound -track placement for 70 -mm release prints using 6 magnetic
tracks on the him.

-In head position number 1, per USA
(ASA) PH22.137-1963, as shown in Fig.
17-189.

/9./34

When three magnetic sound

tracks are used, how ore they designated? -1, 2, and 3. Number 1 feeds the
left speaker, Number 2 the center, and
Number 3 the right speaker. (See Question 17.169.)
19.135
When four magnetic sound
tracks ore used, how orethey desie-

acters move across the screen. The dialogue arid other sounds recorded in the
studio are based on the preceding rela-

tionship of the speakers in the theater:
therefore, it is important that the
speakers be placed in this relationship
to the picture frame.
The speakers may also be placed for
an aspect ratio of 2.55:1, 0.85 times the

picture height. The center line of the

holes.

high -frequency unit should be located
between one-half and two-thirds of the
picture height. The horn mouth of the
high -frequency unit must be as close
to the screen as possible and, since
there is a definite relationship between
the high -frequency and low -frequency
units for correct phasing at the crossover frequency, this usually demands
that the low -frequency unit also be
placed close to the screen.
The low -frequency unit will generally be pointed slightly toward the center of the audience. The high -frequency
units should be twisted around so that
they point directly out rather than toed
in; and they should, insofar as possible,
cover the front rows of seats, favoring
the near side if a compromise must be

19.137 How is the distance between
loudspeakers for wide-screen projection
determined?-The distance may be calculated thus,

made. Loudspeaker phasing is discussed
in Question 20.126.
19.138 What is the minimum acceptable cross -talk level for a stereo-

notedl-The same as for three, except
the fourth sound track is used for controlling surrounding speakers in the
auditorium.
/9.136 Give the placement for six
magnetic sound tracks on a 70 -mm release print. --A
recommended track
placement is given in Fig. 19-136, but no
standard has been set at this particular
time. The track placement given is used
by Todd -AO and other studios using six
sound tracks. The stripes are placed on

the film after processing. Two sound
tracks, each 60 -mils wide and separated

by 50 mils, are placed on the outer
edges of the base, with two additional
60 -mil tracks placed inside the sprocket

distance =

screen width
3

The speakers in the system must be of
identical types and of the same sensitivity. This prevents the level and quality
of dialogue from changing as the char -

phonic system?-Not less than 40 dB in
a frequency range of 50 to 8000 Hz.
19.139 How important is phasing in
a stereophonic system)-Extremely important, as cancellation between various
speakers may take place. The reproducing channels must be in phase from the
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magnetic reproducing heads to the
loudspeakers,
both electrically and
acoustically.
19.140 What is the maximum flut-

early installations, the machines
were interlocked by a shaft on the front
wall of the projection room, and chain
drives were connected to the machines.
However, this is not a satisfactory manner and is not recommended.
19.113 Describe the basic plan for
cinerama
projection.-The Cinerama
system, although not stereoscopic photographically, achieves this stereoscopic illusion because of the very wide
In

ter that may be tolerated in a sound
head?-Not more than 0.15 percent rms
total flutter.
19.101
What should the signal-tonoise ratio be for a properly adjusted
projection system? - Approximately 50
dB. Run a piece of 400 Hz, 100 -percent
modulated sound track through the
projector with the output of the power
amplifier terminated in a resistive load.
Set the gain control for a normal house
level. Read this level with a vacuum tube voltmeter. Next, run an unmodulated sound track or bias lines through
the projector. Increase the sensitivity of
the vacuum -tube voltmeter until a
reading is obtained. The difference be-

curved screen. Referring to the floor
plan of Fig. 19-143, three separate projectors are employed, with each projector covering an angle of 48 degrees. The
screen is semicircular and covers an arc
of 144 degrees horizontally, and 55 de-

grees vertically. The geometry of the
camera lens and that of the projection
system is such that the resulting picture

is very nearly that experienced by the

tween the two readings is the signal-

human eye. The projectors run at

to-noise ratio of the system.
For stereophonic reproduction, the

linear speed of 14625 feet per second
using 35 -mm film, with 26 frames per
second and six perforations per frame.
The sound is a double system; that is,
two sound heads, each carrying seven
magnetic sound tracks, are electrically
interlocked with the projectors. Five of
the sound tracks feed loudspeakers behind the screen, and two others feed

signal-to-noise ratio should be 50 dB
over a frequency range of 50 to 8000 Hz
Under the above conditions, hum in the

auditorium will be inaudible.
19.112 What type systems ore used
for interlocking sound heads and projectorsl-Two methods can be used, although the second method is preferred.

a

speakers on the left and right of the

1. Selsyn interlock distributor system,

auditorium. The rear speakers are cued

using single-phase motors and distributors turning at 1800 rpm. 2. Selsyn interlock distributor, using 230 -volt
three-phase motors turning at 1200 rpm.

in and out as required.
19./44 What is lantasoundt- A
special sound recording and reproducing system developed in 1939-40 by .1. N.
spire

SPo R

SPKR.

LSCREEN
CENTER

41'

SPOR.

sa's
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No .2

NEAR V
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Fig. 19-143. Projection plan for Cinerama projection.
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Fig. 19-144k Section of the reproducing amplifiers used for the Walt Disney Production -Fantasia."

A. Hawkins, William E. Garity, and H.
M. Tremaine for Walt Disney Productions

and used with the production

Fantasia. The system consisted of three
program tracks and one control sound
track on a single optical film. The control track consisted of several different
frequencies which controlled the opening and closing of the amplifier systems
in relation to the action on the screen.

quirements can be found by referring
to Fig. 2-47. Although the graphs indicate fairly modest values for smaller
theaters, the trend is to use greater
power than indicated to obtain more
realistic reproduction. If the auditorium

of the theater is fairly well damped
(dead), greater power than indicated
will be required. A

minimum of 30

watts is recommended. It is not unusual

The three loudspeaker systems used
were: (I) behind the screen, (2) on the
side walls, and (3) at the rear of the

A

auditorium, to create the illusion of the

sound moving with the action on the
screen. Although the original music was
recorded stereophonically, the final recording was made pseudostereophonic.

A section of the equipment for reproducing

Fantasia

is

shown

in

Fig.

19-114A. Present releases of this production use magnetic sound tracks, with

mL

less speaker systems than the original
plan of the basic system shown in Fig.
19-114H.
19.145

What arc the minimum audio power requirements for a theater of
a given sise?--The audio requirements

vary, depending on the cubic footage of
the theater However, the minimum re-

PRO.JECICR

19-1448. Original basic plan for
Walt Disney production "Fantasia

Fig.
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in larger theaters to find systems using
250 watts of audio power
19.716
Describe the various shutter
designs, past and present, used for 35 and 70 -mm projection.-The sole pur-

Lions, the two blades of the shutter must

pose of a shutter in a projection ma-

present

chine is to cut the illumination off when

type, placed at the rear of the picture
head. It is the type used with most

the intermittent motion pulls the film
downward. This occurs at the rate of
24 frames per second. Many different
designs of shutters have appeared over
the years. One of the original shutters
was that of the single -blade type, used

on the first projection machines. This
was followed by a two -bladed shutter,
used at the front or rear of the picture
head. Then similar shutters were placed

in front and at the rear of the picture
During this time, the three bladed shutters made their appearance.
All of these shutters were fairly efficient; however, the two -bladed shutter
head.

at the rear of the picture head is the
most inefficient of all types.

be of equal angular width. Such shutters have a light transmission of 50 percent.

The most efficient shutter at the
time

is

the

barrel -and -cone

70 -mm projectors. The closer a shutter
can be placed to the picture aperture,
the more efficient it becomes.

In the design of projector shutters,
several

factors must

considered.

be

Among these are the light level at the
screen, the speed of the lens system in
the lamphouse (concave mirror), and
the type of intermittent movement.
Plans for two- and three -blade shutters
are given in Figs. 19-146A and 13. (See
Question 19.80.)
19.117 How is the footage of

16 -

min film converted to 35 -mm film foot-

agei-16-nim film runs at 36 feet per
minute, while 35 -mm film runs at 90
feet per minute, a ratio of 2.5 to 1. Thus,
for a given running time, it requires

2.5 times the amount of 35 -mm film
compared to 16 -mm film. A conversion

chart for quick reference

is

given in

Sect ion 25.
19.118
What type glass is recommended for projection room portholeslFor the projectors, a good grade of optical glass about ?s -inch thick. Two
pieces are mounted in removable resili-

Two -bladed motion picture projector shutter.

ent frames set apart by the thickness
of the front wall. The glass In the projection room side is set vertical, while

Conventional shutters arc required to

the one on the opposite side is tilted at
the top about 5 to 7 degrees, to prevent
reflections on the screen. Observation

Fig.

19-146A.

cut off the light during the intermittent
pull -down period of
second (90
fpm) and to provide a balanced cutoff
of equal duration in the middle of the
dwell period, resulting in a 48 -Hz exposure frequency. Under these condi1,401

windows should be a double glass to
prevent the transfer noise into the auditorium. These too should be tilted to
eliminate reflections.
19./49
What type test troths and
film are required for servicing stereophonic sound systems?-The following

test

tracks

and

picture are

recom-

mended. Certain tests will be required
daily, while others will only be necessary when adjusting the system components. Special test tracks and picture
may be required for certain systems, in
which

instance

the studio

generally

supplies them. Test films may he obtained from the SMPTE.
Fig

Three -bladed motion pic-

ture projector shutter.

a. Level balance for setting the level
of four magnetic sound tracks
simultaneously.
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b. Multifrequency sound track, for
adjusting the frequency characteristics of four sound tracks simultaneously.

c. Loudspeaker -balance test, for test-

ing the response using dialogue
and music. The sound progresses
from track 1 to track 4.
d. Picture and stereophonic sound
tracks with a 12 -kHz control track
for checking auditorium surround
speakers.
e

Flutter test, 3000 Hz, four tracks

f.

simultaneously.
Loudspeaker -phasing track which

is used for adjusting the phasing
of individual and complete speaker
systems.
g.

Picture only, with alignment chart

which is used for adjusting the
anamorphic lens system.
19.150 When is it necessary to re sync the sound track and picture?When the throw is excessively long.
This is accomplished as explained in
Question 19.30.

What is a prelocused projection or exciter lamp?-An exciter or
projection lamp with a ring soldered
to the base by the manufacturer and
in such a position that when the lamp
is put into its socket, it will be in focus
without further adjustment. The purpose of the prefocus base is to permit
a rapid change without adjustment.
19.152 What is a burnishing film?
-A special film with a very fine polishing abrasive imbedded in it and used

Fig.

19-1 56A

Eastman

Model

30

16 -mm projector.

19.151

In the absence of a waxing solution,
a mixture of beeswax and carbon tetrachloride may be used. This solution is

applied with a velvet or lintless cloth
while running the film on rewinds The
fumes from the solution must not be
inhaled. Normally, motion picture film
is lubricated over its entire surface to

is

prevent it from sticking to the shoes in
the projector.
19.151 What is the difference between a squeezed and an unsqueezed
print?-A squeezed print is one made
using an anamorphic lens in the motion
picture camera and is projected utilizing an anamorphic lens with reverse
characteristics An unsqueezed print is
one shot using a regular lens.

projection. Such film is often run in the
studio projection room if time is a fac-

polybeits.-Polybelts are wide -base
belts containing several V belts. Such
belts have greater driving power and

for polishing the aperture plate in

a

motion picture projection machine. This
film may be obtained for either 16 -mm
or 35 -mm projectors and with single or
double perforations. (See Question
17.126.)

19.153

What is green film, and how

it projected?-Green film is film just
received from the process laboratory
that has not been waxed or treated for

tor. or if the picture is a work print.
The running of green film should be
avoided, if possible. Green film, when

projected for the first time, will generally stick to the aperture plate because
of the heat. This will cause a piling up
of

the

emulsion

and

a

consequent

19.155

Describe the construction of

steadiness than single V belts. Belts of

this type sire used on projectors, between the motor and main drive shaft.
19.156 Describe a heavy-duty 16 mm projector.-Fig. 19-156A shows an
Eastman Model 30 16 -mm projector.
This machine is similar in many re-

scratching of the picture area, plus in
and out of focus, and warping of the

spects to a regular 35 -mm projector and

picture.

picture studios and theaters where the

has been designed for use in motion
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picture must be comparable to standard
35 -mm projection.
The mechanism consists of an intermittent sprocket pull -down with an ac-

eliminate shock forces and to obtain an
inherently Flutter -free sound -transport
system.

The schematic diagram for the phototube and magnetic head preamplifier
is given in Fig. 19-1568, with the main

celerated Geneva movement with its
own directly connected synchronous
motor. The remaining sprockets and

amplifier shown in Fig. 19-156C, and

shutter are driven by a second synchro-

the various equalizer characteristics in

nous motor. The two systems are engaged temporarily for starting and are
then run mechanically ndependent to

Fig. I9 -156D.

Also included is a dc power supply
for the sound exciter lamp and a high-

41

a

g,.,

g

5

a

Ma

O

4

a

d

(di

St

19 u of

Fig. 19-1568. Phototube and magnetic preamplifier for Eattrnun Model 30 16 -mm
motion picture projector.

1065

MOTION PICTURI PROJECTION RQUIPMENT

'27

e
.

C.

1:ilp

I

ArT.

'-,

1
1

4,

I

3=1.,

r

-

141%

ir

y;

-

-

,r-r

-r

imrr!

S

L

Fig.

19-156C. Moira amplifier and power supplies far Eastman Model 30 16 -tom
motion picture projector.

voltage power supply for the amplifier
section This machine may also be ob-

tained for arc -lamp operation.
19.157 How con the projector in
Question 19.1$6 be converted to selsyn
I`us pnr tietthir projector
interlock?

(and previous models) can be modified
to operate both single-phase and threephase selsyn interlock, by the addition
of a 1200 -rpm three-phase selsyn interlock motor, as shown in Fig. 19-157A.

The selsyn motor is connected to the
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Fig. 19-156D. Frequency response curves for magnetic and optical film reproduction,
Eastman Model 30 16 -mm motion picture projector.

vertical drive shaft of the projector,
through a Gilmer belt and two gears.
In the single-phase mode of operation, the selsyn motor is disconnected
electrically and idles with the vertical
shaft. In the selsyn mode, the selsyn
motor is the prime mover, and the acceleration and deceleration of the sin-

The power -circuit modification is
shown in Fig. 19-157B. The connections

gle-phase motor is controlled by means
of a three -pole relay, connected in conjunction with the single-phase and the

projector. After the direction of the
motor rotation has been established, the
floating gears in the projector head may

interlock system. Such a modification

have to be readjusted because of a
slight difference in the phasing. The

will permit the projector to be interlocked with rerecording equipment or a
separate sound head.

to the selsyn interlock motor and projection machine proper are made
through connector plugs Pl, J1, and J2.

A three -pole relay K1, installed in the
projector base, connects to the four pole switch on the control panel of the

manufacturer's instruction book should
be referred to for this adjustment. The

four -pole switch on the projector for
controlling the blower, the lamp, and
the single-phase drive remains intact.
Kits are available for this modification.
19.158

Describe a 16 -arm projector-

recorder.-A unique design in dual purpose 16 -mm projector -recorders pictured in Fig. 19-158 is manufactured by
Siemens and lialske of Berlin, West
Germany. This machine may he used as

a sound projector for both optical and
magnetic reproduction, using either 8 or 16 -mm film. It also permits recording
on 8 -mm striped film on regular 16 -mm
magnetic film. Both the picture and recording are mechanically interlocked
for absolute synchronization.
The machine also provides facilities

for a narrator to record sound track
while watching a silent picture, or the
machine may be used to preview style
for editorial work. (See Question. 19.81.)

Fig. 19-157A. Three-phase selsyn interlock motor mounted on Eastman Model
30 16 -mm projector. (Courtesy, Magna Tech Electronic Co. Inc.)

Nine different modes of operation arc
possible.

Fig. 19-158 shows that, for magnetic
reproduction or recording, the film
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ROTOR
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6
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MOTOR
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CONNECTORS
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4CK T SELECTOR
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KI

220VAC

IN. 2
a11-1

EASTMAN
TERMINAL
BOARD

SI

3 -PHASE

SELsvre-

INTERLOCK
OPERATION

FROM INTERLOCK DISTRIBUTOR

Fig. 19-1578. Schematic diagram for converting Eastman Model 30 16 -mm projector
for selsyn interlock operation

leaves the supply reel A and is threaded
under sprocket B, then downward to a

sound drum C and to its pad roller D.
From this point, the film travels upward

again over sprocket B, over rollers E
and F, to take-up reel G. The magnetic
record -playback and bias heads are
mounted in a Mumetal shield at H.
At f is an amplifier stage used for recording, and at J is the main amplifier.
A microphone is shown at K. Item L is
an optical -magnetic head assembly for
the opposite side of the machine. Provisions are made for patching in other
sources of program material by means
of jacks at the lower left of the base.
What is the relationship of
lens Use, picture size, and throw for 8 19.159

mm and 16 -mm projectionT-This relationship is given in Fig. 19-159. (See
Question 19.163.)
19.160 Give the relationship of lens
size to throw, and picture size for 35 -mm
projection, using a standard picture
aperture (Academy).-A tabulation of

the lens sizes and picture dimensions is
given in Fig. 19-160. These figures are
for a standard aperture (Academy)
0.825/0.600 inch. The sizes are given to
the nearest tenth of an inch. For a projection distance greater than 200 feet,

the distance of one-half the required
length is selected, and the image size is
doubled.
19.161 Describe the Todd -AO system of projection.- The Todd -AO sys-
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Fig. 19-158. Dual 16 -mm projector -recorder manufactured by Siemens and Halskc
of West Germany. (Courtesy, R and H products Ltd., Canada).
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Fig. 19-160. Projection hrow, lens, and picture size
Academy aperture. Courtesy, International Projectionist Magazine)
tern is a wide-screen process dceeioped

by Dr. Brian O'Brien, of the American
Optical Co., in conjunction with Magna
Pictures Corp., in 1953. This system, like

Cinerama, creates the illusion of audi-

ence participation with only the use of
a single camera for the photography,
and one projector in the theater. The
release print is 70 mm wide, carrying
six magnetic sound tracks (Fig. 19 -

149111.1".
'

arr.

go ..r/r el".014 ,

Fig. 19-161. Film clip showing the Todd -AO wide-screen process.
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136), with 65 -mm perforations, or five
perforations to the picture frame.
The curved image shown in the film
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front -surfaced mirror is shown in Fig.
19-163A. For this particular system, the
picture is projected on the mirror, then

rear projection screen.

clip of Fig. 19-161 is necessary to obtain

reflected to

a linear image on the screen. This is
accomplished in the projector optical
system. The linear speed of the pro-

The total length of the throw is nor-

jector is 140.6 feet per minute, 30 frames
per second
19.162 What It a perspecto sound
projection system? A system developed

by Paramount Studios for the projection of pseudostereophonic sound, using
only one reproducing channel. The system employs three low -frequency tones
of 30, 35, and 40 Hz which are superim-

posed on the sound track and control

the speaker pattern. To prevent the
control frequencies from being heard,
filters are used in the amplifier circuit
to remove them. The speakers are selected by relays. In some respects, the
system operates in a manner similar to
the Dorsett system described in Question 19.170.

19./63 Describe a iolded-throw projection system.-A folded -throw projection system is one in which the normal

picture is folded by the use of one or
several mirrors, to reduce the physical
length of the projection beam. Such a
system using a 16 -mm projector and a

a

mally 18 feet, but when folded, the required distance is approximately 9 feet
from the screen.
The basic plan for folding the beam
is given in Fig. 19-163B. Critical adjustments in such systems arc the placement of the projector, the angle of the
mirror, and the position and distance of
the screen from the mirror. Four such
projectors are pictured in Fig. 19-164A,
using a common projection area. These
projectors were designed by Forest E.
Jaquart, of Lytle Engineering Co., and
were used in conjunction with a multilingual sound reproducing system, described in Question 19.164. Although the

image is reversed at the screen, when
viewed from the front by an audience,
it is in correct relationship.
It should be remembered that, when
using mirrors, they must always be
used in odd numbers. If a straight-line

beam is used (no mirrors) a prism is
employed at the projector to reverse the
projected image; otherwise, the image

on the film must be printed in reverse.
If the print carries a sound track, this

-44

Fig. 19-163A. Folded -throw 16 -mm projection system using a Irony -surfaced mirror.

1071

MOTION PICTURE PROJECTION EQUIPMENT
REAR PROJECTION
, POLARIZED
TYPE SCREEN

NORMAL

TIRO*
PROJECTOR

FRONT -SURFACED

MIppOR

Fig. 19-1638. Basic plan for folded -throw rear projection system. For front -surface
projection a second mirror must be placed in the projection beam.

could present difficulties. The prism at
tne projector does not shorten the throw

distance, but only reverses the image.
Therefore,

when

using

a

reversing

prism, only two mirrors are required.
Short focal -length lenses (under

1

inch) should be avoided, if possible.
They tend to distort the image, unless
they arc specially ground. Image width

varies in direct ratio to the throw distance. Image height is related to width
by the ratio of the image on the film
and the projector aperture ratio. (See
Questions 19.105 to 19.109.)

a
multilingual
19.164 Describe
sound -projection system. - Pictured in

Fig. 19-164 is a multilingual sound and
projection system, employing four
16 -mm rear projection systems, with
each projector using a folded -throw
projection beam. Each projector is separately interlocked with a four -track
16 -mm magnetic film reproducer carrying four different languages. The image

from each projector is focused on the
rear of a polarized type screen, manufactured by Polacoat, Inc. Fig. 19-164B
shows a floor plan of the projection area

Fig. 19-164A. Projection -room area housing four folded -throw, 16 -mm projectors.
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F.g 19.164B. Floor plan of rear projection installation at the Second International
Conference for the Peaceful Uses of Atomic Energy, Genera, Switzerland 1958.

and theaters. At each seat in the auditorium is a headphone, a volume con-

theater installation appears in Fig. 19-

trol,

Starting with head I (the English
sound track), the signal is amplified by
preamplifier 1, and then is applied to
the input of a 10 -watt power amplifier.
The 16 -ohm output of the power amplifier is terminated in 16 ohms and feeds

language -selector switch.
This switch permits the selection of
and

a

English, French, Russian, or Spanish.
The system was designed by H. M. Tre-

maine for the Lytle Engineering Corp.
The four -track recorders and reproducers were manufactured by the Magna-

sync-Moviola Corp. In addition to the
magnetic sound tracks, the picture car-

164F

one leg of the several language -selector
boxes (each theater has 25 boxes). The
600 -ohm output circuit feeds a VU me -

an English optical sound track;
however, this track was not normally
ried

used. Sound -track placement dimensions for the four -track magnetic sound
tracks are given in Fig. 19-164C.
2

OEM

3

4

0104-

Fig.

135*

19-164C.

135*

Sound -track

placement

dimensions using four tracks on a
mm magnetic film.

16 -

A front view of one of the four -track
reproducers is given in Fig. 19-164D,

and a rear view is shown in Fig. 19164E. The block diagram for a single

Fig.

19-164D. Front view of four -track
16 -mm magnetic film reproducer.
(Courtesy, Lytle Engineering Co.)
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ter. The French, Russian, and Spanish
sound tracks are treated in a similar
manner. The block in the diagram labeled projection monitor is a motor -

driven cam system that connects the
projectionist's headphones across each
sound track every 15 seconds to provide
continuous monitoring of the four
tracks.

Since the headphones and the volume controls arc of high impedance fed
from a 16 -ohm circuit, they function as
a bridging load across the amplifier out-

put. No change in level

is

reflected

when the headphones are changed by
the audience from one language circuit
to another. This not only is prevented

by the use of high impedance headphones across a 16 -ohm circuit, in addition a terminating resistor is substituted for the headphone load in the

selector switch box. One spare pream-
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If 60 -Hz is applied to an exciter lamp,
hum modulation can occur at a frequency of 120 Hz. A rectifier supplying
a source of dc can also be used, but the
added weight of components eliminates
it for portable equipment. If the projec-

tor is a studio type, a dc supply is recommended. The use of a high -frequency oscillator type supply raises the
frequency applied to the exciter lamp
beyond audibility.
19.166 Give a schematic diagram
for a high -frequency exciter -lamp supply.

Fig. 19-166 shows a typical high -frequency exciter -lamp supply used in
16 -mm projectors. The circuit consists
of a single 6V6 oscillator tube operating
at a frequency of 125 kHz. Capacitors
Cl and C2 are radio -frequency bypass
capacitors across the heater supply ter-

minals to prevent rf from entering the
power supply circuits.

plifier and a power amplifier are in-

The output voltage for the exciter

cluded in each rack for emergency use.
19.165 Why ore high -frequency oscillator exciter -lamp power supplies

lamp is taken from a low -impedance
winding L2 coupled to tank -cod Ll.
The voltage at the coupling coil is approximately 6 volts at I ampere.

using-To provide a lightweight, economical source of exciter -lamp current.

19.167 Show the methods used for
connecting water cooling systems for projectors.-Five different methods for

connecting the water supply to a projector are given in Fig. 19-167. If the
water supply has a high mineral content,

a

water

recirculation

system

should be used, and a quantity of rust
inhibitor should be added. If the water
is of low mineral content, such as rain
water, the recirculating system may be
dispensed with. The water pressure
generally ranges between 2 and 3
pounds per square inch.
19.168 Describe a radio -frequency
sound system for drive-in theaters --

Such systems consist of a low power
radio -frequency transmitter, operating
in the broadcast band. The transmitter
is modulated by the theater sound system. The antenna system is designed so
that the signal is confined to the theater
area and cannot be heard outside the
parking area. The program material can

he heard by the customer on his car
radio if he so desires, rather than his
using the loudspeaker normally supplied. For stereophonic production, the
car radio and the theater speaker are

used together. The frequency of the
Fiq.

1 9 1 64E

Rear view of four-trock

16 -mm magnetic film reproducer. (Courtesy, Lytle Engineering Co.)

transmitter

is

crystal controlled and

will not be interfered with by local
broadcast stations. The power and in-
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stating that the installation meets the

stallations of such systems come under
the jurisdiction of the Federal Communications Commission (FCC). Therefore, a qualified engineering company
must issue the certificate of certification

requirements of the FCC.
/9.169 Describe a solid-state sound reproducing system.-Pictured in Fig.
19-169 is the interior of a Century Pro -

1

a

VI

3
fy

O

Yoh u

O
C
C

IA IA
Fig. 7 9-1 6 4F. Block diagram for multilingual sound system.
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25141;

01

I.
T°25

EXCITER
LAMP
6V (1) I AMP

6 5VAC

Fig. 19-166. Radio -frequency exciter lamp power supply.

ANAPFET (anamorphic photo field-effect transistor) developed for Century
by L. W. Davec and E. Chisholm. This
device replaces the conventional photo-

jector Corp., photographic sound -track
reproducing sound head. Mounted
within the impedance drum is a solidstate photosensitive device termed a
PROJ
NO -I

IN

PROS.

WATER
RECIRCULATOR

PROJ
NO -2

[NO -I

NO.2

H0.1

fLJ

LAMP -

LAMP -

MOUSE

MOUSE

PROJ
MD -2

PROJ

WATER IN

OUT

OUT
WATER

OUT

IM

I
RATER

(b) Two projector heads
lamphouses, with
water supply system

(a) Two projectors with
water recirculation
system.

and

a

(e) Two projector heads
only in series.

connected in series.
PROJ
I40

rt

PROJ

PROJ

IV 2

LAMP-

L AMP-

HOWSE

PICA/SE

PROJ
2

IN

2

WATER

BOUT

( IN
WATER
OU

(d) Water system in parallel, for two
projectors and lamphouses.

(e) Two projector heads only connected
in parallel with water system.

Fig. 19-167. Water systems for water cooled lamphouses and picture heads.
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Fig.

19-169A. Interior view of Century Projector Co. sound head, showing on
AMAPFET sound -reproducing element mounted inside the impedance drum.

tube assembly generally employed for

shown in

the reproduction of photographic soundtrack reproduction.
In the conventional optical sound-

schematic diagram for the electronics

track reproducer, the light falling on
the phototube light-sensitive surface is
oblong arid has an average dimension of

inch. As this beam cannot
be applied to the surface of a photofct
(PFET) because of Its dimensions, an
.0008 x .10

anamorphic lens system is placed in the

optical train for enlarging the photosensitive surface of the PFET in one dimension, and to permit the acceptance

Fig. 19-169A. A schematic
diagram of the optical train is given in

Fig. 19-169B and Fig. 19-169C, with the

shown in Fig. 19-169D.
The PFET used in this assembly is a

special unipolar device. When radiant
energy falls on its surface, a current is
generated across the gate channel junc-

tion. This current flows into the gate,
and out from the drain and source elements causing a variation in the gate
voltage which, in turn, is amplified by
the FET.

of the full height of the beam in the

Fig. 19-169D shows that a large value

other.

of

Because the sound -track image is
diffused, the modulation of the PFET is
entirely dependant on the total -light
modulation by the sound -track image.

ground and the gate element. The voltage developed across this resistor by
the photocurrent Is amplified by the
PFET. The output from this device is of
low impedance, and the noise level is
that of the FET alone. No noise is generated by the photosensitive portion of

Therefore, both variable -density and
variable -area sound track is reproduced

in the same manner.

The ANAPFET system consists of
optical, PFET, and a
transistor amplifier. These three eleinents comprise a single unit mounted
three elements:

in the sound -head impedance drum as
ANAMORPNC
OBJECTIVE
LENS

FILM

LENS

resistance

is

connected

between

the device.

The photosensitive characteristics of

a PFET is expressed in radiometric
terms rather than those relative to the
visual sensitivity of the human eye.
COLLECTOR
LENS

nFt.

1.--to-OUTPUT

EXCITER
LAMP

Fig.

19-1 6 9B. Side view of Century Projector Corp., anamorphic photo field-effect
transistor sound -reproducing system optical train.
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t

-,

.......
...

Fig. 19-169C. Top view of optical train.
Thus, light intensity is expressed in
watts per square centimeter. The photo -

current increases linearly with an increase of light intensity. The signal-tonoise ratio is constant, regardless of frequency.
INCIOE NT RADCTION
CAT TS/CU

Fig. 19-169C is a top view of the optical

train. The light from the film di-

verges and has a width of the total
sound track. However, by placing the
anamorphie lens as shown, the light is
made to image at the collector lens
which reduces it to a size that fits the
photosensitive surface of the PFET. The

result is that the total modulated light
from the film is made to activate the
full surface of the PFET, thereby increasing the signal-to-noise ratio.
It is claimed that this system of re-

PEET

MEG

OUTPUT
3.31(

-0
ISV

production from optical sound track obtains increased signal-to-noise ratio,
dynamic range, faster response, and
better linearity. Also, attendant difficulties with high -impedance devices are
eliminated.
Stereophonic

sound

systems

using

19 169D. Schematic diagram for
PFET used in Century Projector Corp.

two optical sound tracks side -by -side
employ such optical trains as described

photographic

above. (Sec Questions 19.104 and 11.161.)
19.170 What is a solid-state sensor?

Fig.

sound track
head.

reproducer

-It is a solid-state device used in optiFag. 19-169B shows a side view of

the optical train. The light from the exciter lamp is modulated by the image on

the film and falls on an anamorphic
lens. It is passed without modification

cal film reproducers to replace the conventional phototube. The device operates on the solar -cell principle and thus
requires no energizing potential. It is
mounted in line with the optical sound

to a collector lens, and then is projected
on the surface of the PFET. The collec-

track, a few thousandths of an inch

tor lens forms an image that just covers the surface of the PFET. As this

level is quite high and requires less

light beam is not an image of the sound
track, it becomes a variable -intensity
source of light. Thus, the image of the
sound track is eliminated.

from the surface of the film. The output
amplification than a phototube. The signal-to-noise ratio compared to a photo tube is considerably greater. Such devices may be used with any type optical
sound -track reproducer.
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Section 20

Loudspeakers, Enclosures,
Headphones, and Hearing Aids
It might be said that the forerunner of the loudspeaker was the telephone receiver. This was followed by the addition of various types of horns to provide
acoustical amplification. The direct radiator dynamic loudspeaker, which was developed by Chester Rice and E. W. Kellogg in 1925, set the pace to follow in this
field. In 1931, Fredrick, of Bell Telephone Laboratories, demonstrated a divided range (2 -way) system. Later, Hilliard, Lansing, Shearer, and Stephens all made
valuable contributions.
This section deals with the mechanical, electrical, and acoustical design of loudspeakers and enclosures, as well as their placement. Crossover networks, phasing
and impedance matching, characteristics, and measnrements are discussed. Also,
types and characteristics of headphones and hearing aids are reviewed.
20.7 Describe a loudspeaker al the
direct -radiator type.-It is a speaker in
which a diaphragm is directly coupled
to

the

into the listening area. Direct -radiator
loudspeakers were first discussed by
Lord Rayleigh in his Theory of Sound,
Volume Two, published in 1877. This
hook covered the mathematical treatment of a direct radiator in an infinite
baffle. Forty-six years later, the dy-

in

Fig.

supporting a diaphragm B, with a voice

coil C attached to the apex of the diaphragm. The outer edges of the diaphragm are supported by a flexible edge

D. The voice coil consists of several
turns of small copper or aluminum wire,

centered over a central pole piece E in
a magnetic structure F built in the form
of the letter E. The voice -coil assembly

namic loudspeaker was invented by
C. W. Rice and E. W. Kellogg. Mounting
a dynamic loudspeaker in a baffle or

centered over the pole piece by
means of spider G. The magnetic lines
of flux are indicated by the dotted lines
H. The central pole piece E becomes the
south pole of the magnetic field and the

enclosure qualifies it as a direct radiator, and this is the basis of design for
the majority of loudspeakers manufactured today.
are

illustrated

A cross-sectional drawing of a typical loudspeaker unit is shown in Fig.
20-1A. Item A is the frame or basket,

the air mass and radiates directly

Loudspeakers

Kiipscilom,

20-65A.

is

electroacoustic
of

outer edges of the magnetic structure

transforming electrical energy into
acoustical energy, through the mechan-

are the north pole of the magnetic field.
The magnetic flux can be supplied in

ical motion of a diaphragm coupled to
the air mass. Among the direct -radiator

two

transducers used for the purpose

different manners.

In

the first

method, the magnetic structure is made
of soft iron and is easily magnetized. A
field coil I is placed over the central
pole piece and energized by an external
source of de current. If the field coil is
energized and an audio -frequency sig-

type of loudspeakers are the electrostatic, crystal, balanced armature, and
any type of speaker using a diaphragm.

Any system employing only a horn is
termed a projector -type system. Many

is applied to the voice -coil leads,

designs of speaker systems make use of
both horns and direct -radiator type

nal

speakers. A typical example is that of

magnetic field by moving either inward

the voice coil will react to the fixed
1079
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ent types of magnetic structures are
employed, depending on whether the
speaker is of the single diaphragm type

or additional diaphragms, such as a
two- or three-way speaker unit, are involved. (See Figs 20-3 and 20-6.)
20.2 Con more than one speaker
unit be used simultaneouslyl- Yes.
Some speaker systems use up to six or
more separate units, with multiple -section crossover networks to separate the

units into frequency bands. It is important in multiple -speaker systems that
the individual units be in phase acoustically in respect to each other. When

more than one speaker unit is emFig. 20-1 A. Cross-sectional constru tion
view of a dynamic loudspeaker

ployed, it is termed a speaker system.
Multiple -speaker systems offer difficulties in obtaining the proper balance in
reproduction unless separate controls
are provided for
units except the
low -frequency unit. Speaker systems
using up to 32 individual speaker units

ll

in a single baffle have been constructed.
(See Question 20.184.)
20.3 Describe a coaxial loudspeaker

unit.-A coaxial loudspeaker is a single
unit composed of a low -frequency and
high -frequency diaphragm and driven
by a single voice coil, as shown in the
cutaway illustration of Fig. 20-3. Such
speakers make use of a mechanical
crossover network and generally divide the frequency spectrum so that the
large diaphragm covers the frequency
range of 30 to 4000 Hz and the high -frequency element covers from about 2000

tig. 20-1 B. Typical single diaphragm,
direct -radiator permanentmagnet dynamic loudspeaker unit.

or outward, depending on the instantaneous polarity of the applied audio signal. Such a design would be termed an
electrodynamic loudspeaker. This type
of design is now obsolete, having been
replaced by the permanent -magnet type
of speaker.
In the second method, permanent -

magnet type speaker units employ a
highly

charged

magnetic

structure,

rather than a field coil, to supply the
magnetic flux. The structure is similar
in nature to a field coil, using a central
pole piece. The reaction of the voice
coil in the magnetic field is the same for
either design. A commercial loudspeaker of the permanent -magnet type
is pictured in Fig. 20-1B. Several differ-

Fig. 20-3. Cutaway showing the interior
construction of o coaxial dynamic loudspeaker Model SP1 5 manufactured by
Electro-Voice Inc.
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to 15,000 Hz. The crossover frequency is

controlled by the size, mass, diameter,
and shape of the smaller diaphragm.
Low frequencies are not radiated by the
smaller diaphragm because of its diameter, and the high frequencies are not
radiated by the larger diaphragm because of its decoupling characteristics.
20.4

Describe

a

coplanar

loud-

speaker unit.-It is a low -frequency
unit with two high -frequency units
mounted in the center and forward of
the low -frequency diaphragm. A crossover network is used to confine the low -

frequency unit to a given frequency
range. Such a speaker unit, manufactured by the R. T. l3ozak Manufacturing Co., is pictured in Fig. 20-4. This

Fig.

20-4.

Coplanar

unit

loudspeaker

Model 8-207A manufactured by

R.

T.

unit, a Model B -207A, consists of a sin-

Bezak Manufacturing Co.

gle low -frequency unit and two high frequency units. The crossover frequency is 2500 Hz, with an overall fre-

smaller units. The high -frequency units

quency response of 40 to 20,000 Hz. The
crossover is accomplished by connecting
a 4-µF capacitor in series with the

Fig.

20-5. Cutaway view of the

University

Audio Co. three-way
loudspeaker.

are angled slightly to spread the high
frequencies over a wide angle.
20.5

Describe the construction of a

three-way speaker unit. --Fig. 20-5 shows
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a cutaway view of the internal construction of a University Audio Co.,
three-way speaker unit. Starting at the
lower part of the illustration, at A is a

die-cast frame. A mounting basket is
shown at B. The frame or basket supports the outer periphery of the low frequency diaphragm C, through a flex-

ible edge or hinge D. The apex of the
diaphragm terminates in an inner suspension or spider E. At F is a ring type
permanent magnet, with two keeper
plates at G. The voice coil for the low and midrange -frequency diaphragms is

shown at H, in the voice -coil gap A
central magnetic pole piece is shown at

I, and a dnst seal is shown at J. The
voice coil with its forming ring is shown
at 11/1. At K is a masa loading ring,
which is attached to the midrange dia-

phragm P. Another view of the inner
suspension for the midrange- and low frequency diaphragms appears at EE.
The upper portion of the keeper plates
is seen at (1G.

The lead at L is

a

tinsellike wire

magnetic circuit I for the high -fre-

quency unit diaphragm R. The midrange diaphragm shown at P has a
series of holes around its outer edge for
the relief of pressure. Tinsel lead LL is

shown running up

to

the high -fre-

quency diaphragm R.

Component Q is a conical loading
ring for the high -frequency diaphragm
R, with a spherical diffractor at S. Resonance damping is supplied at T, with

the high -frequency unit shown at V
and the keeper plates at W. Speaker

units of this design have a wide frequency characteristic with low distortion and are capable of handling large
amounts of integrated program material
IPM).
20.6 Describe the construction of o
Trioaiol foudspeoker.-Trioxial is a registered trade name for a three-way
loudspeaker designed

and manufactured by the Jensen Manufacturing Division of the Muter Co. The unit consists of three independently driven
speaker units combined mechanically

and runs through a hole in the low- and
midrange -frequency diaphragms to the
high -frequency unit diaphragm R. Item
M is one of two input terminals

into one large unit. A cross-sectional
view of the construction is shown in

mounted on the back cover N. Pole
piece 0 is an extension of the central

dependently driven reproducing elements, each element covering a portion

Fig. 20-6A.

Briefly, the unit consists of three in-

XI/ - FREQUENCY
UNIT
NIGH FREQUENCY
UNIT

MIDFREOUENCT
UNIT

MIDFREOUENCT
MORN

Fig. 20.6A. Cross-sectional view of Jensen Mfg. Co., GS -610 Triasiol dynamic loudspeaker showing three independently driven units.
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and connected to the loudspeaker unit
by means of a cable assembly. The low -

frequency unit is designed to operate
in a frequency range where its behavior

is essentially that of a piston.
The design of the midfrequency element places the crossover acoustically
at 600 Hz, a point of low transient distortion. The low -frequency unit consists
of a 15 -inch curved diaphragm driven

by means of a 3 -inch voice coil in a
magnetic field of exceptionally high enFig. 20-6B. Intermediate and high -fre-

quency units of the Jenson GS -6 1 0 Triaxial loudspeaker unit.

ergy in the order of 30,000 ergs. This
provides high damping and efficiency.
The spider assembly is such that the
linearity is maintained with large peak
excursions.

The midfrequency driver unit is terminated by a Hypex formula horn (see
Question 20.54) the initial section of
which passes through the pole piece of
the low -frequency motor, while the
final section is formed by the curved
low -frequency diaphragm. The horn
mouth thus has the largest possible size

and is limited only by the diameter of
the speaker, with attendant low acoustic
cutoff. The initial section is visible

through the porous dust cap in Fig.
20-6B.
The

Fig. 20-6C. Jensen Model GS -6 1 0 Triaxial dynamic loudspeaker.

of the totai frequency spectrum, and a
crossover and control network which
divides the electrical input into the
proper proportions for driving the three
separate reproducing elements. Low frequencies up to 600 Hz are reproduced by
a heavy, curved -diaphragm, direct -radiator unit. The midfrequency range cov-

ers from 600 to 4000 Hz and is reproduced by a compression -driver unit

midfrequency

compression -

driver unit employs a rigid -shaped
plastic diaphragm in conjunction with a
sound chamber. The high initial damping of the plastic material suppresses
unwanted diaphragm vibrations, thus
preventing breaking -up of the diaphragm.

The frequency range above 4000 Hz
is reproduced by a compression -driver

unit and small Hypex-horn combination at the front of the large diaphragm.
Its placement is slightly off -center to
the large diaphragm to facilitate phas-

ing and to minimize obstacle effects
which are quite important at the high
frequencies.

The design of a high -frequency unit
covering frequencies from 2000 to 20,000

located at the rear of the assembly. This

Hz is rather difficult because of the

unit feeds a small horn which passes

conflicting factors of lightness, rigidity,

through the center of the low -frequency
unit and is designed to act as the articulated final section of the midfrequency

the

small

sound -chamber clearances,

and the fact that it must also handle

The crossover network and associated

peak powers. These difficulties
have been overcome in this unit by the
use of a plastic diaphragm. The overall
frequency range is 25 to 20,000 Hz with
a peak rating of 80 watts, and a 40 -watt
rating for integrated program material.

controls are housed in a separate unit

The magnetic structure is of Alnico 5

horn. Frequencies above 4000 Hz arc
reproduced by a small compression driver unit and horn combination at the
front of the large diaphragm.

high
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and weighs 61/2 pounds. The impedance
is 16 ohms.
20.7 What aro nodes in a loudspeaker diaphragm?
When a loud-

speaker used in a multiple -speaker system. Low -frequency speaker units are

speaker diaphragm is

bass -reflex enclosure or a loaded horn.

phragm will vibrate in different areas

20.15
struction

in motion and
actuated by a single frequency, the dia-

called nodes. These nodes may be made
visible by observing the motion with a
stroboscope or, in some cases, by means
of fine sand applied to the surface. The

area of vibration is determined by the
mass and area of the diaphragm and
by the applied frequency.
20.8 What h a loudspeaker -motor
mechanism?-The moving elements of a

loudspeaker, namely, the voice coil, the
diaphragm, and the supports. This term
is often

used when referring to the

loudspeaker actuating elements because

of its similarity to an electric motor.
20.9 What is compliance in a loudspeaker?-It is the acoustical and me-

chanical equivalent of capacitance. The
equivalent electrical circuit for a typical
horn -driver unit is shown in Fig. 20-9.

generally of the direct -radiator type;
however, they may also be used with a
Describe the design and conof an electrostatic loudspeaker?-An acoustic transducer con-

sisting of two pieces of metallic foil separated by a sheet of dielectric. A polar-

izing voltage is applied to the foils to
maintain a steady attraction between
Audio -frequency voltages are

them.

superimposed on the polarizing voltage
and may either add to or subtract from
the polarizing voltage, thus causing the
foils

to move in accordance with the

waveforms of the applied audio -frequency voltage. The movement of the
foil causes a disturbance of the air
which, in turn, generates sound waves.
It is claimed by the designers of
electrostatic loudspeakers that certain
basic disadvantages of the cone -type
loudspeakers, particularly with respect

to the propagation of acoustic energy
at the high frequencies, are overcome
because cone -type loudspeakers driven

ELECTRICAL
INPUT

em

ACOUSTIC
IMPEDANCE
OF HORN
THROAT

Fig. 20-9. Equivalent circuit for a typi.
col horn -driver loudspeaker unit.

by a voice coil attached to the center
of the diaphragm fail to act as a piston
at the middle and high frequencies.
Because of this breakup at the higher
frequencies, the voice coil does not con-

trol the diaphragm motion, and the result is a lack of correspondence between

the electrical input and the acoustic
20.10

What is a compression -driver

unit? A loudspeaker unit which does
not radiate sound waves directly from
a vibrating surface but requires acoustic loading from a horn.
20.11

What is horn loading?-Cou-

output.

One of the advantages claimed for
the electrostatic loudspeaker is that it
has a diaphragm which is driven
equally at all points of its surface.
Breakup is eliminated, and harmonic

pling a loudspeaker diaphragm to the
air by means of a horn. Generally, the
horn uses an exponential flare starting
with a small throat and expanding
rapidly to a large bell.

distortion and phase differences are reduced. Because of the design, the diaphragm can be made essentially mass-

20.12 What is back loading? - A
horn coupled to a low -frequency loudspeaker unit in such a manner that the
rear surface of the diaphragm feeds the

permits the loudspeaker to have a good
high -frequency and transient response

horn, while the front surface radiates
directly into the listening area. (See

As a rule, electrostatic loudspeakers
are made to operate as push-pull trans-

Question 20.71.)

ducers, because they are essentially

20.13

What is a tweoterl-A name

used in audio jargon for a high -frequency speaker unit in a multiple speaker system.
20.11 What is a trooler?-The
name given to a low -frequency loud-

less
the

(or extremely low) compared to
air load on the diaphragm. This

which, for all practical purposes, is
peak less.

linear in operation and free from waveform distortion, producing neither even
nor odd harmonics. Electrostatic loudspeakers may be constructed in several

different ways. Two of the most important arc:
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FOIL
FOIL
INSULAT ING

POLARIZ ING
VOLTAGE

Fig. 20.15A. Electrostatic or capacitor type loudspeaker.

1. Stretching the diaphragm between
supports around its periphery and

SuPORTINC.

leaving an air gap between the
diaphragm and the two electrodes,

c.:.

iciTc-V40or

4

(Fig. 20-15A) or,
2. Using an inert diaphragm which is

supported by a large multiplicity
of tiny elements disposed across

41.11

the entire surfaces of the two electrodes. These elements act as spac-

ers to hold the diaphragm in the

111L111141

center between
(Fig. 20-15B).

11%
7s.

20-I 5B. Cutaway showing the internal construction of on electrostatic
loudspeaker.
Fig.

the

electrodes

In this latter type of loudspeaker, the
diaphragm is a thin sheet of plastic on
which has been deposited a very thin
layer of conductive material. It is sup ported by a multiplicity of small elastic
elements which hold the diaphragm but
permit it to follow the audio -signal

-

+io
I

dB 0
-10

`YP(CAL FREQUENCY RESPONSE

4FT 04 AXIS

lao

1000
FREQUENCY IN HERTZ

581

E S.L .

10K

20K

Fig. 20-1 SC. Acoustic output of an electrostatic loudspeaker. (Courtesy Pickering
and Co., Inc.)
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The actual loudspeaker is a plane
surface curved in the horizontal plane
-a section of a cylinder. A surface that
is large with respect to the wavelength
becomes increasingly directional as a
propagator at the high frequencies. A
large surface, such as an electrostatic

waveforms. The electrodes on each side
of the diaphragm arc acoustically trans-

parent to avoid pressure effects from
the trapped air as well as to permit the
acoustic energy to move away from the

diaphragm. This type of construction
permits the diaphragm to be made almost any size required. The performance -per -unit area is the same for any
area of the diaphragm.

FREQUENCY
Hr

loudspeaker diaphragm, projects a large

portion of this high -frequency energy
outward at right angles to the plane

ELECTROSTATIC
SPEAKER
(VOLT AMPERES)

700

4 12' DYNAMIC CONE
SPEAXERS IN INFINITE RAFFLE
(VOLT AMPERES)

14

7

20

4.75

100 0

2000
3000

10

67

8

7

CHART SHOWING RELATIVE POWER REOUIREO TO PROOUCE
A SOUND PRESSURE OF 3.3 DYNES PER CMz AT A DISTANCE
OF 4 T ON AXIS

Fig. 20-15D. Power comparisons of an electrostatic loudspeaker compared to four
dynamic speakers mounted 111 an infinite baffle.
I MEGOMM

5

ImPEDANCE MAGNITUDE

0025 NF ELECTRCOE TO EL
2S

100K a
SPEAKER

3
CAPAC TIVE

REACTANCE MAGNITUDE

2.5

w

*Kw

5

2.5

t000.n

*OH:

500 H!

I kHz

5 kHz

tOtHz WWI

Na

- FitOVENCT -

F,g. 20-15E. Impedance characteristics of an electrostatic loudspeaker. (Courtesy,
Pickering and Co., Inc.)
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STEPuP
4.i

SPEAKERS

O

22
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MEG

MEG

IIIV AC
-1100 V
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Fig. 20-15F. Typical coupling circuit arid high -voltage power supply for electrostatic
loudspeakers. The source impedance may be B to 16 ohms.

of the surface. By curving the plane in
the horizontal direction, an even dispersion of high frequencies is obtained
over an angle of 55 degrees.
The vertical pattern is equal to the
vertical dimension of the diaphragm,

since the diaphragm is a flat plane in
the vertical direction. Thus, by controlling the radius of curvature in the
horizontal plane and the vertical height
of the diaphragm, it is possible to control the dispersion pattern over a large
area.

Since an electrostatic loudspeaker is
designed to couple directly, in effect,
with the air resistance, the mass of the
diaphragm, as mentioned previously,

can be neglected. The velocity of the
diaphragm is directly proportional to
the electrostatic force applied, except

The maximum power output from
an electrostatic loudspeaker of a given

diaphragm area is determined by the
strength of the electrostatic field that
can be produced between the diaphragm
and the electrodes. Therefore, a dc polarizing voltage is applied to the plates.
The electrostatic field is the sum of the
field produced by the polarizing voltage

and the peak signal voltage superimposed on the polarizing field. Polarizing

voltages of 1000 to 2000 volts dc are
common. A second function of the polarizing voltage is the prevention of frequency doubling. If a polarizing voltage

is not employed, when a frequency of,
for example, 2000 Hz is applied to the
speaker, the results could be a distorted
4000 Hz This is caused by the capacitor

as affected by the stiffness of the diaphragm suspension. Measurements indi-

cate that for a constant voltage applied
to the electrodes, the acoustic response
is uniform (flat) to well beyond the
range of human hearing.

(See Fig.

20-15C.) A slight rise in the impedance
curve is observed around 35 kHz. (See
Fig. 20-15E.)

The frequency response at the low frequency end is limited by the maximum linear amplitude of the diaphragm
motion as determined by the spacing
and the stiffness of the suspension. The
power input to the speaker must be
increased to overcome this and to main-

tain sound pressure at low frequencies
with a diaphragm area large enough to
move an adequate volume of air for this
purpose.

Fig.

20-15G. Quad electrostatic loud-

speaker

manufactured

by

Acoustical

Mfg. Co., Ltd., England.
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Fig. 20-15H. Rear view of Quad
electrostatic loudspeaker, showing
the curved plate assembly for supporting the membranes, the amplifier, and power supply. (Courtesy,
Acoustical Mfg. Co. Ltd., England)

effect. If a sine -wave signal is applied

to the plates without a polarizing voltage, as the difference of potential increases toward the peak of the sine
wave, the movable plate is attracted to
the fixed plate. With the decreasing potential on the downward side of the sine
wave, the electrostatic force between
the plates decreases, the movable plate
returns to its original position, and the
sine -wave voltage is zero. This motion

of the movable plate has produced a

single air motion for the positive half of
the sine wave.
On the negative half of the cycle, the
voltage rises to a peak again and ap-

plies a voluige of opposite polarity to
the plates. The plates are again attracted to each other. The movable plate
goes through the same action and eventually returns to the zero position. Thus,

it may be seen that two pulses, both
moving in the same direction, have
been obtained for a single cycle of the
applied sine wave-frequency doubling.
With the polarizing voltage applied, a
steady electrostatic force is created be -

TO AIMPLITiTN

20-151. Acoustech-X stcr.ophonic
electrostatic loudspeakers. Each panel
Fig.

contains its own individual

solid-state

amplifier and power supply.

GNO STSITV

Fig. 20-151. Cutaway showing the internal construction of an Acoustech-X electrostatic loudspeaker panel.
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tween the plates, and the movable plate
is

slight:y attracted toward the fixed

plate.

Applying a sine wave (plus), the
movable plate is attracted to the fixed
plate beyond its position fixed by the
polarizing voltage. Upon reversal of the
sine wave, the electrostatic force between the plates is reduced and the
movable plate returns to its zero position On the next half of the cycle (negative), the polarizing voltage is reduced
because the sine wave is of opposite
polarity, and the attracting force is decreased below the polarizing voltage
value. Therefore, the plate moves away
from the fixed plate, completing the

cycle. In this manner, frequency doubling has been eliminated and the
speaker produces a sine wave similar to
the conventional piston -type loud-

speaker. By connecting the plates for
push-pull operation (Fig. 20-15F), the
signal is split between the two sides of
the speaker, and distortion is further
reduced.

An electrostatic loudspeaker is nothing more than a capacitor; the internal capacitance is in the order of 0 0025 pF

from electrode to electrode. Thus, the
impedance presented by the loudspeaker to the output of the amplifier
falls off at a constant rate of 6 dB per
octave as the frequency is increased.
This precludes the possibility of mamtaining a constant voltage at the loudspeaker input for high volume levels
when using a conventional amplifier.
If the matching transformer is designed
for the most efficient transfer of power
at the high frequencies, insufficient signal voltage will be available at the
middle frequencies.

It is a well-known fact that the distribution of energy above 2500 Hz falls
off at a rate of 6 dB per octave, and this
fact is taken advantage of in the RIAA
disc -recording curve established in
1953. (See Question 13-169.) This characteristic permits pre -emphasis of the
high frequencies during recording, with
a corresponding reduction (post -equalization) during reproduction, resulting
In a considerable improvement in the
overall signal-to-noise ratio. Thus, the
reproduction falls off at a rate of 6 dB
per octave, an inverse of the recording
characteristic.

As the high frequencies fall off, so
does the impedance of the loudspeaker,

1009

so that the current through it is maintained constant. This means that the
power required to operate the loudspeaker will also fall at a rate of 3 dB
per octave (power equals voltage times

current), making it possible to couple
the loudspeaker for the best transfer
of energy around 3000 Hz. Thus, the
frequencies above 3000 Hz will not
overload the amplifier.
With the energy distribution as described above together with the diaphragm area and other characteristics
of the design, the maximum power requirements will occur around 3000 Hz.
Using this assumption, sufficient voltage

drive for the loudspeaker will require
approximately 44 watts of audio power
for maximum acoustic outpnt. The
power required to drive an electrostatic loudspeaker to full output goes up
in direct relation to the area of the diaphragm. Electrostatic loudspeakers are,
as a rule, designed to start operating at
either 400 Hz or 1000 Hz and to be effective up to the limit of audibility.
An adapter unit is required that will
supply a polarizing voltage arid a dividing network for separating the audio frequency spectrum into two parts, one
for the low -frequency loudspeaker and
the other for the electrostatic unit. The
adapter matches the electrostatic loudspeaker to the

amplifier output and

provides a means of controlling the frequency balance between the low -frequency and the electrostatic high -frequency unit. As a rule, these adapters
are designed to operate from the normal

16 -ohm output winding of a conventional output transformer. The low -frequency loudspeaker is fed from the
adapter. The electrostatic unit is physically located above the low -frequency
loudspeaker and to one side, or sepa-

rated some distance-the latter will be
dependent
tions.

on

local

acoustic

condi-

Electrostatic loudspeakers do not always operate satisfactorily with all type
amplifiers and may cause oscillation of

the amplifier at the high frequencies.
The reason for this is the reflected capacitive load of the loudspeaker to the
plates of the output stage of the amplifier. This subject is discussed in Question 12.167 and in Question 23.125.
In Fig. 20-15D is shown a comparison

of the power required for an electrostatic loudspeaker to produce a sound
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pressure from the diaphragm of 3.3
dynes per square centimeter at a distance of four feet, compared to the same
pressure from four dynamic cone -type

loudspeakers in an infinite baffle at a
distance of four feet. The impedance
characteristics of the electrostatic loud-

speaker are shown in Fig. 20-15E. In
Fig. 20-15F is shown the basic circuit
used for coupling an electrostatic loudspeaker of push-pull design to the output of a conventional amplifier.
20.16

What is an ionic loudspeaker?

--A nonmechanical loudspeaker using
no

diaphragm.

Air particles

in

an

acoustical chamber are agitated by an
electrostatic field which is varied in ac-

cordance with the applied audio frequencies. Vibration of the air particles
in the acoustic chamber is radiated
through a horn coupled to the surrounding air.
The air particles are ionized by
molecular collision induced by thermal
agitation in an ultrasonic field. The
audio -frequency signal is superimposed,
as a modulation voltage, on the electrostatic field voltage. The frequency of
the field voltage is approximately 27

mHz. The loudspeaker system is twoway and uses both low- and high -frequency agitating units. This loudspeaker is a development of the French
loudspeaker manufacturer Audax.
20./7 What is an apes dame?Since the greater part of the high -frequency radiation is from the apex of
the diaphragm, a small dome is placed
over the opening to increase the radiations at the middle and high frequen-

20-18.
ElectroVoice
dynamic
speaker unit with a whisser attached to
diaphragm to increase the midrange and
Fig.

high -frequency response.

and employ an 8 -inch diaphragm. Although larger speakers reproduce the
low frequencies better, they are lacking
in high -frequency reproduction. Also, if
speech is important, the voice may
sound "tubby." It has been found that
where a general purpose speaker is required, an 8 -inch speaker, when

mounted in a simple open -back baffle,

has the best overall reproduction for
both speech and music. If the baffle is
wall mounted, a 1 -inch piece of Fiberglas

should

be

placed

behind

the

cies. The curved dome spreads the high

speaker to reduce the effects of reso-

frequencies over a wide area, thus increasing the width of the polar pattern
at the high frequencies. It also functions
to keep dirt out of the magnetic gap.
20.18 What does the term "whizser" mean? -1t is a small cone attached
to the apex of a single -diaphragm dynamic speaker unit to increase the midrange and high -frequency response. It
is generally used on medium-priced
coaxial speaker units. An Electro-Voice
coaxial speaker using a whiner is pictured in Fig. 20-18.
20./9 What is a general-purpose
speaker unit?-lt is a single -diaphragm type speaker unit that can be used for
the reproduction of both speech and

nance.

As a rule, such units arc
mounted in a simple open -back baffle
music.

20.20

What it a projector -type loud-

speakerT-It is a loudspeaker unit attached to

a

horn. The horn may be

looked upon as an impedance -matching

transformer which couples the heavy
diaphragm of the driver unit to the air mass at the bell of the horn. The horn type loudspeaker is the most efficient

for the reproduction of sound

device
(see

Question 20.51). Horns may be

used as individual units or in speaker
employing
speaker units.

systems

other

types

of

20.21 What methods are used for
centering a voice coill-In a well -centered diaphragm, the voice coil is balanced, both mechanically and electrically, within the magnetic gap The de-
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vice for centering the coil in the gap is
called a spider, and it holds the coil to
within a few thousandths of an inch for
a high -frequency unit, and about 10 to
15 thousandths for a low -frequency
unit. The spider plays an important role
in the operation of the speaker; it keeps

the coil in the exact center of the gap.
Thus the coil will move in a linear
manner while maintaining its proper
spacing.

type. In the first 15 -inch dynamic loudspeaker systems used in the early RCA

Photophone motion picture sound installations, the voice coil was held in
the magnetic

gap

by

three

heavy

threads. These threads performed reinarkably well, although they required

frequencies over a greater dispersion
angle than that normally obtained from
a conventional loudspeaker. Acoustic
lenses are discussed in Question 20.74
Describe the construction of a

duplex loudspeaker unit.-A duplex is a

two-way speaker unit, consisting of a
low -frequency speaker with a small
mu hicellular horn mounted in the center of the large diaphragm for high -frequency reproduction (Fig. 20-25A). A
cross-sectional view of this speaker

unit, showing the interior construction,
is given in Fig. 20-2513, with the principal components indicated.

Question

At A is the frame or basket, with a

What is Alnico?-The trade

15 -inch low -frequency diaphragm at B,
supported by a high compliance edge C.

frequent recentering.

(Ste

20 185.)

20.22

that the magnet is not abused. (See
Question 24.85.)
20.24 What is the purpose of the
pierced ring in the center of a loudspeaker diaphragmT-It is a form of
acoustic lens for spreading the high

20.25

Two types of spiders in general use
are a flexible spiral type made of bakelite, and an impregnated flexible cloth
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name of a magnetic alloy used in the
construction of loudspeakers and other
devices requirmg a strong permanent
magnetic field. The alloy consists principally of aluminum and nickel.
20.23 At what rate do permanent
magnets lose their chorge?-Permanent

magnets lose about

I

percent of their

charge when they are first energized.
After that, they lose about 0.2 percent,
for a total of approximately 1.2 percent
within the first year. From then on, the
loss is on the order of 1 percent in the
next several thousand years, assuming

Item D is a felt dust barrier, and E Is a
six -cell multicellular horn. An exponen-

tial throat F extends from the rear of
the horn. A high -frequency phasing
plug is seen at G. an aluminum diaphragm at H, with a 13/4 -inch edge wound voice coil shown at I. Component
J is an acoustical loading cap. The magnet for the high -frequency unit is
shown at K, and the low -frequency unit
is at L. At M is the low -frequency voice

coil, and its spider is at N.
The acoustic plug G is machined with
four exponential slots to provide the

r

0

Fig. 20-25A. Altec-Lansing Model 604E
duplex loudspeaker unit.

Fig. 20-258. Cutaway showing the internal construction of Altec-Lansing Model
604E duplex loudspeaker.
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proper phase relationships between the

sound waves emitted from the center
and outer edges of the high -frequency
diaphragm, thus providing a smooth
midrange and high -frequency response.
Both the low- and high -frequency units
arc mechanically, electrically, and magnetically independent. The voice coil

(a) Coif is a part of the field winding.

for the low -frequency unit is 3 inches
in diameter and is made of edge -wound
copper.

The maguetic structure weighs 26
pounds. The crossover frequency is 1500

MID
COIL

MUMMUCKING
COIL

-1151/
VOICE
COIL

Hz The resonant frequency of the cone
is 25 Hz. The speaker is designed to operate from a I6 -ohm source impedance.

(b) Separate coil connected in series

Frequency range is from 20 to 22,000 Hz
Power capability is 35 watts continuous,

Fig. 20-28. Hum -bucking -coil circuits for
electrodynamic loudspeakers.

with 50 watts peak.
20.26 What is polar curve for a

with the voice coil.

a

be heard unless a hum -bucking coil is
used. The coil cancels the 120 -Hz ripple voltage from a fullwave rectifier cir-

loudspeaker with respect to frequency

cuit; however, it has no effect on the

for a given power input at the voice

frequency response of the loudspeaker.

coil terminals. A typical polar curve is

Hum -bucking coils are not used with

shown in Fig. 20-26

permanent magnet loudspeakers.
20.29 Describe the action of a
single -diaphragm, rodiator-type losid

loudspeaker?-A circular curve plotted

to show the angle of radiation of

speaker.-In Fig. 20-29 is shown the
action of a single -diaphragm radiator,
without a baffle, being actuated by a

low -frequency sine wave. At (a) the
diaphragm is shown at rest. At (b) the
diaphragm is caused to move forward.

The air at the front of the diaphragm
-

is compressed, and a rarefaction is set
up at the rear of the diaphragm.

pow ogtou7
/000 .1 NITZ

On the reverse half of the cycle at

r5.00o MERTZ

Fig. 20-26. Polar curve of a typical high quality, wide -range loudspeaker in on
enclosure.

20.27 What is a freefield pattern?
-A frequency -response pattern of a
loudspeaker made in open air away

from reflections or in an anechoic room
as described in Question 283.
20.28 What is a hunt -bucking coil?

-A coil mounted at the end of the field coil pole piece in an electrodynamic
loudspeaker The coil is wound in the
opposite direction to the field winding
and is connected in series with the voice
coil, as shown in Fig. 20-28. The function of the hum -bucking coil is to cancel
ripple voltage induced by the dc supply
to the field coil. In radio sets where the
field coil is used for a filter choke, the
ripple voltage may be high enough to

(c), the diaphragm moves backward.
The air at the rear is now compressed
and that ut the front is decompressed;
thus, a partial vacuum is created on
one side of the diaphragm.
When the air is compressed on one

side of the diaphragm, the air from
that side rushes to the decompressed
side in an attempt to equalize the pressures, thus cancelling the sound waves
emanating from the opposite side. The
result is that very little energy in the

form of a sound wave is created.

At the higher frequencies, the diaphragm is moving at a very high rate,
the wavelengths arc short, and the air
does not have time to travel from front
to back; therefore. sound waves are
created and little effect from cancellation is noted. At the lower frequencies
(longer wavelengths), the diaphragm
moves at a much slower rate, and the
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air has time to travel from one side of
the diaphragm to the other in any one
cycle, setting up cancellation between
the front and back waves. To prevent
cancellation at the lower frequencies, a
baffle

(a) Diaphragm a( rest.

'Th

r))AREA Of
COWIFIESsior4

AREA Or
RAN E FACI:10t4

is placed

in

front

of the dia-

phragm, as shown at (d). Now, the low
frequencies must traverse a much
longer path to reach the opposite side.
If the path is made long enough, cancellation can be eliminated entirely. The

baffle may be made in the form of a
fiat surface, a closed box, a labyrinth,
or any one of the various forms described in this section.
Cancellation of the low frequencies

may be demonstrated by operating a
loudspeaker without a baffle and then
placing a two -foot -square flat baffle

over the diaphragm. It will be noted
immediately that the low -frequency response is increased.

r

(b) Diaphragm moves forward.
LI4EJ

or

COMPRESS.OM

AREA Of
RARE IAC DON

(c) Diaphragm mums: backward.

20.30 Whet is the efficiency of the
ge dynamic loudspeaker unit?-

The efficiency of a dynamic loudspeaker
unit can vary from 1 to 10 percent, de-

pending on the design. For highly
damped designs, the efficiency may be
on the order of 1 to 2 percent, while for
other designs, it could be much higher.
When several speakers are assembled
in an enclosure, the efficiency of the
overall design may approach 40 to 60
percent; this again depends on the effi-

ciency of the individual units and the
enclosure design. When designing an
enclosure, it is advantageous to consult

the manufacturer of the speaker units
What is a transformerless
20.31
loudspeaker unitT-This loudspeaker
PAT m Of
TRAVEL

unit is now obsolete It was designed.
some years ago, for direct connection in
the cathode of a power -amplifier stage.

The voice -coil impedance was on the
order of 500 ohms. With solid-state
power -amplifier stages, the voice coil of
the speaker, with an impedance ranging

from 4 to 16 ohms, was, as a rule, connected directly to the output stage.
20.32

Describe the construction of a

hoer, driver unit.-In the early type dy-

namic loudspeaker, horn driver units
(d) Speaker mounted in baffle showing
the increased length of travel caused by
the baffle.

Fig. 20-29. Loudspeaker operated with-

out baffle, showing how the front and
rear sound waves cancel at the lower
frequencies.

employed a dc energized field coil, similar to that discussed in Question 20.1.
These units are now obsolete. Because
of the design, a cross section of its con-

struction is given in Fig. 20-32A.
A phase -correction plug is placed in
the sound chamber to minimize effects
caused by the differences in path length
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NIGNLY CONCENTRATED
MAGNETIC FLUX AREA

racaornCM
CA

FtLO COIL

COWIN

Tf

vo'a COL

SCOIttr4

NO EXTERNAL PATH
OE NAGNETIC ENERO

Fig.

'NAAR

nusE

20-32D.

A

permanent

magnet

mounted in the center of the magnetic

T1/110At

circuit.

CC0RecTIOR

Pup;

MAGNETIC FLUX AREA

Fig. 20-32A. Horn driver unit employing
a conventional diaphragm and field coil.
IF cid coil now Obsolete.;

. FIN
4

4

;,

Ns 1
EXTERNAL PATH OF WASTED
MAGNETIC ENERGY

Fig.

20-32E. Magnets mounted at the
outer edge of the assembly.

phragrn is supported at the outer edges
of its periphery, with the voice coil supported at the edge of the dome -shaped
center.

Fig. 20-32B shows the interior construction of an Altec-Lansing, Model

802D horn driver unit. At A Is a lift inch voice coil would edgewise with
aluminum wire and attached to a 21/4 -

Fig.

20-338.

Interior

construction

of

Altec-Lansing Model 802D horn driver
unit.

inch domed aluminum diaphragm B,
having tangential compliance. A mechanical phasing plug C, with four exponential slots D, is utilized to provide proper phase relationship between
sound emanating from the center and
outer edges of the diaphragm assembly
and to ir.snre a smooth overall response.
The sound is projected through an ex-

ponential throat E in the center pole
piece of the magnetic structure. A protective screen appears at F. The magnetic structure is composed of items G,

H, and I. Item J is a dust cover. The
speaker

connection

terminals appear

at K and KK The unit is attached to
the horn assembly at two threaded bolts

L and LL. A similar, hut earlier, design
is shown in Fig. 20-32C.
Basic design principles used in the
Fig. 20-32C. Cross-sectional view of horn

manufacture of horn driver units are

driver unit usinq an annular diaphragm
and a permanent magnet.

given in Figs. 20-32D and E. Fig. 20-32D

shows the magnetic circuit for a driver

from the various areas of the diaphragm
to the throat. Thus, interference occur-

in the center of the magnetic circuit.

ring in the sound chamber at the high
frequencies is reduced, and a smoother
frequency response is obtained. The din -

unit using a permanent magnet mounted

In this design, the maximum number of
lines of force are obtained. In the structure shown in Fig. 20-32E, many of the
magnetic lines of force are lost In either
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design, the magnets generally consist of
an Alnico alloy assembled as a unit,

then magnetically charged. Thus, the
maximum lines of force are obtained.
20.33 How are loudspeakers rated
relative to power and frequency response?-The power -handling capabilities of a loudspeaker are generally based

on the power of a complex waveform
termed, "integrated program material"
(IPM). Therefore, a speaker unit rated
at 20 watts means that it will carry 20
watts of IPM without damage. If 20
watts of sine -wave power is applied to
a speaker with this rating, it could severely damage the voice -coil structure

The power rating of a loudspeaker
has no bearing on the frequency response or the amount of distortion gen-

erated. At the lower frequencies, the
physical dimensions of a loudspeaker
unit are small compared to those required acoustically; thus, the unit becomes a low efficiency radiator with
high distortion. With the development of

new type enclosures, magnetic structures, cone

materials, efficiency,

and

lower distortion, there has been a very
marked improvement over the past few
years. Standards for measuring the
characteristics of loudspeakers are given
in the EIA Standard SE -103-1949. These
were reaffirmed in 1954.

A technique used by the Bell Telephone Laboratories for rating the power
capabilities of direct -radiator -type units
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away. This effect is independent of the
nonlinearity characteristics of the
speaker involved. This effect has long
been a bone of contention among loudspeaker manufacturers. (See Question
1.124.)

20.36 Define the term "Lim.''-The
term "lim" was derived from the word

"liminal." It was used several years ago
for rating loudspeaker units, relative to
their frequency response based on the

results of a group of critical listeners.
This term is now obsolete.
20.37

What

ore

the

directional

qualities of a low tone?-Low frequencies spread out from the source and
bend around any object in their path
of travel. This is called diffraction. (See
Question 2.25.)
20.38 What are the directional
qualities of a high -frequency tone?
High frequencies tend to travel in a

straight line from the source in a manner similar to a light beam. The higher
the frequency the sharper is the beam
effect. When a high frequency encounters an object in its path, an acoustic
shadow is cast, and the area behind the
object becomes completely dead.
20.39 What is spatial effect?- An
illusion on the part of the listener that
the original program was recorded in a

large auditorium. This effect may be
obtained by the use of a reverberation
chamber with recording, as described
in Question 2.82.

is to apply a sweep frequency of uniform amplitude from 50 to 1000 Hz to
the unit at the calculated power -handling ability of the unit. If after 100
hours of operation there is no failure,
the maximum power used during the
test is considered to be the power rating

of the unit. For horn -driver units,

a

frequency 100 Hz below the cutoff frequency with a high frequency of 2000
Hz is used. When making such tests, the

unit must be used with the proper horn
loading.
20.34

If the output

power

to

a

loudspeaker is doubled, what is the increase in acoustic output power?-The
increase is 3 dB, if the acoustic output
power can he assumed to be in free
space.

20.35 How does the Doppler effect
enter into a loudspeaker frequency char-

acteristic?-The pitch of a given tone
will rise as the diaphragm moves toward the listener and fall as it moves

Fig. 20-40. A push-pull loudspeaker enclosure unit.
20.00

What

is

a

push-pull loud-

speaker system?-An enclosure housing

two or more (even numbers) loudspeakers placed as shown in Fig. 20-40.

The diaphragm movement must be so
phased that the diaphragms are operated acoustically in phase and electrically out of phase.
20.41 Describe the construction of
ceramic and crystal -type loudspeaker
units. The basic ingredients of ceramic
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materials used in loudspeaker construction are discussed in Question 14.43. A
crystal transducer element generally

consists of Rochelle salt In either type
loudspeaker, the diaphragm is connected
CERAMIC OR
SALT Cl-CIACRT

by a mechanical linkage to the transducer element (Fig. 20-41A). When
audio frequencies are applied to a crystal transducer, because of the piezoelectric effects of the crystal, the transducer
is caused to bend or twist. This bending
transmits mechanical motion to the dia-

phragm and to the air, thus setting up
sound waves.
Ceramic driving elements do not
have piezoelectric properties in their

DIAPHRAGM

Fig. 20 41A. Drive mechanism of a ceramic

or crystal

loudspeaker.

original state. The motion imparted to
the diaphragm is greatly dependent on
the orientation of the applied force or
electric field, with respect to the axis of
the material.
Because of the high impedance of the
crystal or ceramic loudspeaker, these
elements are generally confined to hearing -aid use. very small radio receivers,

or uses where other designs of loudspeakers would be impractical. Application of large amounts of power to a
crystal loudspeaker can result in the
shattering of the crystal element.
Ceramic or crystal londspeakers can
be coupled to the output of an amplifier

(a) Transformer.

by the use of an output transformer
with a high -impedance winding, but
this is rather impractical. A more convenient method is to couple to the element through a low -leakage capacitor,
to isolate any dc flowing in the output
circuit. Typical coupling circuits are
given in Fig. 20-41B. (See Question
20.78.)

(b) Resistance.

(4:

20.42 What ore the electrical equivalents of a loudspeaker?-The electrical
equivalents of a loudspeaker unit vary
LS

and depend on the type enclosure in
which the speaker is mounted. Briggs
shown that if the speaker
mounted in an open -back baffle, it
has

I
(e) Choke.

F-

is

is

electrically equivalent to a 20 -ohm resis-

tor in series with a 79 -AF capacitor. If
mounted in an enclosure of two cubic
feet, the electrical equivalent is that of
D 24 -ohm resistor in series with 33-mH
inductance. These data were arrived at
by using a speaker with foam rubber
suspenUon construction. Thus, it can
be seen that when discussing the electrical quivalent of a loudspeaker mechanisni . the type enclosure must also be
stated.

C

(d) Push-pull choke.
20-41B. Methods for coupling a
crystal loudspeaker to the output stage
of an amplifier.
Fig.

20 13

What is a balanced -armature

A loudspeaker unit in
which the soft -iron armature is balanced and centered in a permanent
loudspeaker?

magnetic field. See Fig. 20-43. The ar-
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quency response because of insufficient
loading of the diaphragm.
20.46 What it the ratio of the dimensions for a flat baffle, relative to the
lowest

urea

vvcc

frequency

to

b. reproduced?-

With the loudspeaker mounted in the
center of the baffle, the dimension of
any one side should not be less than
one -quarter wavelength for the lowest
frequency to be reproduced. The wave-

length of any frequency may be calculated:
Fig.

20-43. Bolanced-armature
speaker (magnetic).

V

loud-

mature is enclosed within a coil to
which audio frequencies are applied.
When the audio -frequency currents

are induced in the coils, the armature
is either attracted or repelled by the
fixed magnetic field. A rod attached to
the armature is connected to a diaphragm which is moved by the action

F
where,

A is the wavelength in feet,
V is the velocity of sound in air,

F is the frequency in hertz.

The velocity of sound in air is 1127 feet
per second at 20 degrees Centigrade.
(See Question 1.150.)
20.47 What ore typical infinite- or
flat -baffle dimensions?

the armature, setting up sound
waves. This design was used extensively
of

the early -day loudspeakers before
the advent of the dynamic loudspeaker.
in

Baffle Size

Frequency

Each Side
of Center.

40 Hz
60 Hz
100 Hz

14.0 ft
9.5 ft
5.5 ft

Cutoff

The impedance was generally 2000 ohms

or greater. It is also referred to as a
magnetic loudspeaker.
20.44

What

is

a

1127

capacitor loud-

spooked-An electrostatic loudspeaker
as described in Question 20.15.
20.45 What is an infinite or flat
baffle?-A large flat surface used as a

separator to increase the distance between the sources of sound (the front
and back surfaces) of a loudspeaker
diaphragm. The dimensions of the baffle

must be such that the wavelength of
the lowest frequency is small in comparison to the distance of separation.
However, this is not always the ideal
condition because a baffle of at least 15

square feet is required for satisfactory
low -frequency reproduction. (See Ques-

20.48 What is he purpose of pine
ing a loudspeaker off -center in a flat
baffle?-To create paths of different
lengths between the front and rear

surfaces of the loudspeaker diaphragm.
20.49 What is a bolflo?-A loudspeaker enclosure developed by H. A.
Hartley, using a group of stretched,

resilient, sound -absorbing screens in the
interior of the enclosure.
What is an exponential horn?

20.50

-A horn which has a constant rate of
expansion of flare at an exponential
rate. (See Fig. 20-50.) The purpose of
the horn is to provide an acoustical

An example of an infinite baffle is a
loudspeaker mounted in a wall and
with a small room at the rear. The
volume of the room at the rear is large
enough to produce no effect on the res-

match between the diaphragm of the
loudspeaker unit and the air in the
throat of the horn. A horn facilitates
the transfer of electrical energy into
acoustical energy and, if properly designed, will do so with a minimum of

onance of the loudspeaker. The coupling

distortion.

of the cone to the nu, however, is un-

The design of a loudspeaker horn Is
complex and requires careful consideration to prevent reflection of the acous-

tion 20.29.)

satisfactory in the low -frequency region

due to the increasingly high ratio between the wavelength and the cone
diameter as the frequency is lowered.
This effect results in a loss of low-fre-

tical energy back into the horn hell.
20.51 What are the factors influencing

the design

of on

exponential
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20-50.
Exponential
loudspeaker horn. (Courtesy,
Bell Telephone Labs.)
Fig.

hornl-A horn consists of a throat, a
taper or flare, and an end bell or mouth
(Fig.

20-51). The design takes into

considerations the flare rate between
the mouth and the end bell, based on the
lowest frequency to be reproduced-

the cutoff frequency. Assume that
small

a

horn cluster containing eight

sistance at the lower frequencies for a
given horn length. (See Fig. 20-55.)
The cross-sectional area of the horn
throat at the driver end will be depend-

ent on the area of the throat of the
driver unit. For this illustration, it will
be assumed the throat area is 0.140 inch.
The cutoff frequency is to be 475 Hz.

horns and similar to that shown in Fig.

AV

20-60 is to be constructed for a two-

F

13 548
475

28.5

inches

way speaker system, using a crossover
frequency of 800 Hz. The design is
based on that of a single horn. After the
eight horns have been completed, they
are assembled into a cluster as shown
in the illustration.
The horn cannot be designed to cut

F equals frequency in hertz.
The flare constant may now be calcu-

off at exactly 800 Hz but must cover

lated:

where,

is the wavelength in inches,
V is the velocity of sound in air in
A

inches per second based on 1129 feet
per second,

approximately one octave lower in frequency to assure a smooth acoustic
crossover. This horn is designed for a
cutoff of 475 Hz. This cutoff frequency,

M=4rf.

and will hold the physical dimensions
down to a reasonable size. The electrical crossover network should be designed to attenuate frequencies below
800 Hz at a rate of 12 dB per octave
using a network as described in Section
7. The use of an exponential flare rate
will provide a sharp rise in throat re -

475

13,548

although not a full octave below the
electrical crossover frequency, will still
provide a smooth crossover acoustically,

3.1416

4

= 0.440

where,
f,

is

the cutoff frequency of horn,

V is the velocity in inches per second.

To further illustrate the procedure, as-

sume the area of the flare at a point
four inches from the throat end is to be
calculated.

S. =
where,

S. is the area of the flare at any given
point along the flare in inches,
S, is the initial

throat area at the

driver -unit end,
is 2.718, the base of Napierian Logarithms,

nu is the rate of flare at any given
point along the flare.

The value of nix may be calculated:
nix = 0.440 x 4
Fig. 20-51. Factors considered in designing an exponential horn.

= 1.76

Referring to

a

Table of Exponential
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Functions, under column (x) find 1.76.
Opposite in column r' read 5.8124.

S.= Si.-'
Se X 5 8124

= 0.140 x 5.8124
= 0.8137 inch

Since the month of a horn must be
one -quarter wavelength of the cutoff
frequency, the horn length must extend
to

Fig. 20-54. Comparison of the deffc cnt
rates of flare used in the design of loud-

a point where the bell or mouth

diameter is approximately 7.21 inches.
The area for each half -inch of length
is computed in a similar manner. When
the horn is included as a part of a
group of horns as shown in Fig. 20-72A.
they do not have to extend to the cutoff
frequency as required for a single horn,
because the several bells have a total
diameter that will extend to beyond the
cutoff frequency.
The flare rate for different size horns
relative to their cutoff frequency is
given below.
Cutoff
Frequency

Rate of Pare
Doubles Every

speaker horns.
20.55 What part does the throat of
o horn ploy in its design? --The area of

the throat determines the loading on
the diaphragm. if the area of the throat

is small compared to the area of the
diaphragm, the efficiency is increased
because of the heavier loading effect.
However, small throats require a longer
horn, which increases the frictional
losses. A horn designed to use the Jensen Hypex flare has a considerably
higher throat resistance as may be seen
in Fig 20-55.
20.56 How is resonance held to a
minimum in a horn -type loudspeaker?-

By making the bell or mouth of the

512

12.00 inches
6.00 inches
3.00 inches
1.50 inches

1024

075 inches

cellation of certain frequencies and introduces distortion.
20.57 What is a re-entrant horn?An exponential horn folded within itself
to reduce its physical length as shown
In Fig. 20-57A. The folding of the horn
permits it to be designed for a lower
cutoff frequency with a shorter physical

64
128

256

70.52 What is on air column?-Thu
:or in tile throat of a horn.
20.53 What is the length of o horn

for a given cutoff frequency?
Side

Cutoff
Frequency
(Hz)

Dimensions
of Mouth
(inches)

650
512
256
128

5.2

horn a dimension which is two-thirds
or more of the lowest frequency to he
reproduced. Horn resonance causes can-

i0

1

6.6
13.2
26.4

20 54 What are the diHerent rates
of flare used with loudspeaker horns?The Hypex, Conical, Exponential, and
Parabolic. The rate of flare determines
the efficiency of the horn design. The
Hypcx is a rate of flare developed by
the Jensen Manufacturing Co.
Different rates of flare in common
use are shown in Fig 20-54. The efficiency of a horn falls between 25 and
50 percent

I

1

2

T

10

/

t0

0

1

1

T0

41

(1.

PC,{Tort I REOLICNCY

Fig. 20-55. Comparative performance of

the horn flare rates that ore illustrated
in Fig.

20-54.
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Fig. 20-57A. Jensen Hyperbolic -exponential folded horn, Model H-240.

length. Such horns are designed to be
weatherproof and can be used either
indoors or outdoors. The low -frequency
cutoff is 120 Hz, with a coverage angle
of 75 degrees.
Cross-sectional

drawings

of

two

more elaborate designs, by University
Sound, are shown in Figs. 20-57C and
D. These speakers are designed to use
both low- and high
mounted inside the horn, with a simple
crossover network. The arrows indicate
the path of sound projection. The unit
shown in Fig. 20-57C has a frequency
range of 50 to 15,000 Hz, while the unit

Fig. 20-57C. A two-way re-entront type
folded horn manufactured by University
Sound.

shown in Fig. 20-57D has a low -frequency cutoff of 150 Hz, with the same
high -frequency response. The dispersion angle is 90 degrees for the assembly

in Fig. 20-57C and 120 degrees for the
one in Fig. 20-57D. The power -handling
capabilities are 30 and 15 watts, respec-

tively, and the impedance is 8 ohms.
20.58 What is a directional baffle?
-A short. flared I afTle placed in front

24"

Fij. 20-57B. Cross-sectional drawing of exponential folded horn.
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20.60 Describe the basic principles
of a bats -reflex enclosure.-The bass reflex enclosure, as it is known today,
was first introduced by Jensen in about

Ow CREO`
ENERGr-

1937.

It has become one of the most

popular types of enclosures for increasing low -frequency reproduction. However, many researchers had worked on
this type enclosure prior to its introduction by Jensen. Among them were
Thuras of the Bell Telephone Laboratories in 1930, Voight of England, Olson

of RCA, and others. They based their
work on the original Helmholtz resoFig. 20-57D. Another two-way re-entrant

type folded horn manufactured by University Sound.
LOUDSPEANCR UNIT

BATTLE

BACK

-COVER

nator, invented in the 19th century. The
basic design consists of an air -tight enclosure, with a loudspeaker unit set
near the center of the front panel, with
a port or opening below (Fig. 20-60A).
The base -reflex enclosure is in reality a Helmholtz resonator, consisting of
an enclosed volume where acoustical
capacitance resonates with a mass of air

enclosed within the confines of a port
opening. By properly adjusting the port
area or the volume of the enclosure, it
is possible to tuue the enclosure for a
extended low -frequency response (see Question 20.29). The back
wave of the speaker diaphragm is used
to reinforce the frequencies below apsmooth,

Fig.

20.58. A directional loudspeaker

baffle. This baffle should not be con-

fused with a horn. The diameter of the
throat is the some as the speaker.
of a dynamic loudspeaker unit as shown

in Fig. 20-58. The rear of the baffle is
closed tightly and has only two small
holes to relieve the pressure at the rear
of the diaphragm. The baffle should nut
be confused with a horn. The throat of
the baffle is the same diameter as the
loudspeaker diaphragm.
20.59 What is a curled horn?-A
horn -type loudspeaker with a rather
low low -frequency cutoff and which is
curled back upon itself to reduce its

proximately ISO Hz. The acoustic impedance of the enclosure, with the help

of the tuned port opening, shifts the
phase of the back wave by 180 degrees,

so that when it leaves the port it radiates in phase with the front wave from
the speaker. Thus, the low -frequency
response is increased.

The location of the port opening is
not too important, since the wavelength
of the frequencies at which the port is

physical length, as shown in Fig. 20-59.
These horns were used in early motion
picture theater installations.

Fig. 20-60A. Cross-sectional view of a
Fig. 20-59. Curled loudspeaker horns.

bass -retie: enclosure.
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speaker opening. As to the overall dimensions of an enclosure, the depth
must not be less than 1..1 the width, with
the height and width not less than twice

the diameter of the loudspeaker unit.
Since the port, in effect, closes up
acoustically at the higher frequencies,
the bass -reflex is used only at the low
frequencies. To extend the overall frequency range, separate units must be
employed for the midrange or high frequencies. A typical bass -reflex enclosure, using a 2 x 4 multicellular high frequency horn assembly and a 15 -inch
low -frequency speaker unit crossing
over at 800 Hz, is shown in Fig. 20-60B.
Free -air resonance for a given

speaker may be determined by reference to the plot in Fig. 20-60C-cubic
volume versus port opening. This is
Fig. 20-600. A boss -reflex enclosure.

effective is much longer than the overall dimensions of the euclosure. Also,
the shape of the port may be varied to
suit a particular design; however, the
aspect ratio must not exceed 5:1. The
important factor is the area of the port
in square inches. The port may be circular, rectangular, or square, and may
also be divided into two ports provided
the total area of the openings does not
exceed that for a single port. While the
position of the port is not critical, it
cannot be closer than 2 inches from the
160
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further discussed in Question 20.84.
20.61 Describe the construction of
a bass -reflex enclosure.-Bass-reflex enclosure design may be approached from
two different standpoints-where space
is not a factor and the enclosure may be
placed against a wall or in a corner and
the free -air resonance of the speaker is
unknown, and where the speaker nnit
must fit into a given space and the free air resonance is known.
For the first method, the data given
in Fig. 20-61A are used. The diameter

311C't

1i1A'S°

H.I'

12P 1
4

5

6

8

9

10

II

12

VOLUME OF CABINET IN CUBIC FEET

Fig.

20-60C. Relationship of enclosure

volume versus port area, for 0 given free air resonance of the loudspeaker diaphragm. For on enclosure above or below

the limits of the above graph, infinite
baffle types arc recommended. (Courtesy, Altec-Lansing Corp.)

Fig. 20-61A. Dimensions for bass -reflex
enclosures. The dimensions shown do not
take into consideration the resonant frequency of the loudspeaker.

LOUDSPEAKERS, ENCLOSURES, HEADPHONES, AND HEARING AIDS

of the speaker unit governs the dimensions for the enclosure, which are taken
from columns A, B, and C, with open-

1 103

Because the design of the enclosure

depends on a given free -air speaker
resonance and the enclosnre volume,

ings for the speaker and port taken
from columns D and E. Data for the

the values given are net valnes and do

port opening and cubic footage of the
enclosure are read in the last two col urns. If devices such as crossover networks or horn assembly arc to be included, they are placed in a separate

ness of the absorption materials or the

compartment above the enclosure. The
dimensions given in Fig. 20-61A do not
take into consideration the free -air resonance of the speaker cone.

not take into consideration the thick-

area taken up by additional speaker
units. Using the valnes given, very satisfactory results can be obtained. The
frequency of the speaker free -air resonance is taken from the manufacturer's
data sheet. Fig. 20-61C shows that for
a speaker of a given free -air resonance,
the proper duct -tube diameter and
length can be read under the cubic volume of the enclosure. In some instances,
a rectangular port area is given in

SPEAKER
CUTOUT

square inches. It will be observed that
at the extremes of frequency and volume range, an unvented or infinite
baffle -type enclosure

DUCT TUBE

Fig. 20-618. Bass -reflex loudspeaker enclosure using a ducted port.

The most desirable material for the
construction of an enclosure is - to
I -inch plywood. The thickness will depend upon the size of the enclosure.
Speaker enclosures are designed to be
nonresonant, and not as a sounding
112

board used in a piano. The construction
must be as rigid as possible with 2 x 4 inch diagonal bracing on all interior

surfaces, and corner blocks. When a
panel is struck with the fist, only a dull
thud should be heard. After bracing, the

is

recommended.

To arrive at the correct volume of an
enclosure, subtract the thickness of the
panel from the height, width, and depth,

and multiply the remaining fignres to
obtain the internal volume. The shape
of the enclosure is not important; therefore, it may be shaped to set on a shelf,

against a wall, or for corner use. The
important factors are the cubic volume
of the

enclosure, free -air resonance,

and the size of the duct tube.
If mid- and high -frequency speaker
units of the direct -radiator type are included in the enclosure, the back of
these units must be boxed in with separate air -tight enclosures, using the
smallest possible dimensions. This is
done to avoid interference with the
low -frequency unit. If in the design

interior surfaces are completely lined
with 2 -inch Fiberglas, secured with

neither the volume nor the resonant

tacks in combination with about 1 -inch
diameter fiber washers. The Fiberglas
must not be compressed. All joints must
be securely screwed down and glued to
ensure an airtight enclosure. Felt or
rubber stripping is employed to seal
around removable panels. The hole for

figures given, choose the closest volume
or resonance values shown. If the value
falls halfway between two values, move
to a higher value. Inside diameters
(I.D.) for the duct -tube are given below
the table. There is a mistaken idea that

the passage of the speaker must be
carefully sealed.
The second design approach is for a

situation where the enclosure must fit
into a particular space and the free -air
resonance of the speaker is known. In

frequency of the speaker matches the

the larger the enclosure, the better are
the results. However, this is far from
the truth, as there is an optimum -size
enclosure for a given speaker size;
therefore, the design data should he
adhered to. (See Questions 20.86 and
20.89.)

this instance, a rectangular -shaped enclosure employing a duct -tube opening
is recommended (Fig. 20-61B). The

After the enclosure is finished, the
front panel is painted dead black to
camouflage the speaker opening and is

data for this type design are given in

covered with an open weave grille cloth.

the table of Fig. 20-61C.

The resonant frequency of a speaker

5:
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c

g

13

Cr

0.
0

n

n

0

0

V

3

tr a

3

n

3

F

o

n

3
0.

O

2

11 sq. in.
13 sq. in.
18 sq. in.
28 sq. in.
42 sq. in.
87 sq. in.
104 sq. in.

(T5) 4%"

( T2) 3"
(T3) 31/2"
(T3) 21/4"
(T5) 51/2"

Closed

(T2) 33/4"
(T3) 53/4"
(T5) 73/4"
(T5) 51/4"
(T5) 31/4"
11 sq. in.
16 sq. in.
20 sq. in.
26 sq. in.
41 sq. in.
64 sq. in.
132 sq. in.

Closed

(T2) 6%"

Closed

2.5

(T2) 8%"
(T2) 5"

2.0

Duct tubes T2, 2" W.; T3, 3" I.D.; T5, 43/4" I.D.

115

110

90

80

17 sq. in.
25 sq. in .
51 sq. in.
73 sq. in.

(T5) 31/4"
11 sq. in.

65

70

(T5) 4%"

60

55

50

(T5) 61/4"

(T3) 33/4"
(T3) 21/2"

45

40

(T2) 41/2"
(T3) 51/2"

(T2) 71/4"

25

30

Closed
Closed

1.5

20

15

Free -Air
Resonance

Closed
Closed

13 sq. in.
15 sq. in.
20 sq. in.
27 sq. in.
35 sq. in.
60 sq. in.
89 sq. in.

(T5) 3%"

(T2) 51/4"
(T2) 21/4"
(T3) 41/2"
(T5) 53'4"

(T2) 11"

3.0

Closed
Closed

45 sq. in.
58 sq. in.
96 sq. in.
Closed
Closed
Closed

(T5) 91/4"
(T5) 31/4"
13 sq. in.
18 sq. in.
25 sq. in.
35 sq. in.

(T3) 5"

(T3) 6"
(T3) 31/4"
(T5) 41/2"
10 sq. in.
16 sq. in.
20 sq. in.
29 sq. in.
36 sq. in.
46 sq. in.
80 sq. in.
117 sq. in.

(T2) 73/4"
(T2) 33/4"

4.0

(T2) 41/4"

(T2) 8%"

3.5

Volume -Cubic Feet

Closed
Closed
Closed
Closed

(T2) 53.1"
(T3) 7).i1"
(T3) 31/4"
(T5) 61/2"
13 sq. in.
20 sq. in.
29 sq. in.
37 sq. in.
50 sq. in.
69 sq. in.
90 sq. in.

5.0

26 sq. in.
39 sq. in.
61 sq. in.
75 sq. in.
Closed
Closed
Closed
Closed
Closed
Closed

(T5) 43/4"
18 sq. in.

(T5) 8%"

(T3) 51/4"

(T2) 41/2"

6.0

Closed
Closed
Closed
Closed
Closed
Closed
Closed

(T5) 51/2"
11 sq. in.
28 sq. in.
43 sq. in.
62 sq. in.
88 sq. in.

(T3) 8"
(T3) 8'/4"

8.0
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20-63.

Theater -type
folded low -frequency horn
(bath -tub). The vertical dimension is 381/2 inches.
Fig.

141

sc.
roVVIZONITAL (0083 1.1[D004

cone can

given in

broadbanding effect of an air column
coupled to the outside air by means of

is a rented baffler-It

an exponential slot in the front panel.
A typical enclosure is shown in Fig.
20-64A, and its development from a

be measured

Question 20.84.
20.62 What

as

is another name for a bass -reflex enclosure. It is also called a phase inverter.
20.63 Describe a folded horn.-An

enclosure designed first as a horn and
then folded to reduce its physical length.

A typical theater -type folded horn is
shown in Fig. 20-63. A horn of the
dimensions shown will reproduce frequencies down to 50 Hz, its cutoff frequency. Two 16 -inch, low -frequency
units are mounted at the rear. A high frequency multicellular horn is usually
mounted at the top center of the folded
horn, as shown in Fig. 20-133C. The

vertical opening of the horn
20-63 is 381/2

20.64

in

Fig.

inches.

What is a Karlson enclosure?

-An enclosure design based on the

Fig. 20-64A. Karlson loudspeaker enclosure.

simple pipe is shown in Fig. 20-64B.
The enclosure volume is 4.5 cnbic
feet, and it is claimed by the manufac-

turer to have a frequency range of 12
Hz to beyond audibility, with an efficiency of 40 percent. The high -frequency dispersion is 160 degrees in the
horizontal plane, and 120 degrees in the
vertical plane.
20.65 What is a Klipschornl- A
low -frequency loudspeaker enclosure

developed and patented by Paul W.
Klipsch. The enclosure is a low -frequency horn so folded that it may be
placed in a room corner to utilize reflections from the floor and walls to
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excursion
TA)
NORM

of

the

loudspeaker

dia-

phragm, thus reducing harmonic and
intermodulation distortion.
Fig. 20 -GSA shows a cutaway view of

the interior of a Klipschorn enclosure.
(e)
DRUM
INFINITE

BAFFLE

SIMPLE
PIPE

ICI
NELTATIOLT2
RESONATOR

101

KARLSON
CODAL FR

Fig. 20-648. Origin of he Karlson loudspeaker enclosure

improve the impedance match at the
mouth of the horn and thus increase
the response at the low frequencies.
One advantage of using a horn at the
low frequencies compared to the use of
a direct radiator mounted in a flat baffle

is that the horn efficiency is ID to 50
times greater; and because of the acoustic loading, a given acoustic power may
be generated with considerably less

The various parts and components are:
A 12 -inch, low -frequency dynamic

loudspeaker unit, B air chamber between the loudspeaker diaphragm and
the horn throat, C air chamber behind
the loudspeaker diaphragm, D and DD
folded sections of the horn, E and EE

side ports for letting out the acoustic
energy to be reinforced by the room
walls, F and FF folded -horn section, G
intermediate -frequency horn, H intermediate -horn throat with its driver
unit, I high -frequency loudspeaker unit,

J air pocket, K back member, L front
wall panel, M front wall air passage, and
N side member.
Fig. 20-65B is a cross-sectional view

looking downward from the top of the
enclosure and showing the construction
of the inner air passages, loudspeaker
mounting, and the side ports

In Fig. 20-65C is shown an interior
view from the right-hand side (panel
removed) and showing the air passages
and loudspeaker mounting. The symbols
correspond to those In Fig. 20 -GSA. A

front view is shown in

Fig. 20-65D.

When this enclosure is used as a part
in Fig. 20-65A, a crossover network fall -

Fig. 20-65A. Cutaway view of
the interior of a Klipschorn, a
low -frequency

horn

developed

by Paul Klipsch in 1940, U. S.
Patent No. 2,310,243 :1943).
Midronge

and

high -frequency

loudspeakers are mounted on

top of the love -frequency horn
enclosure.
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of a three-way loudspeaker system as
ing off at a rate of 6 dB per octave and
crossing over at 400 and 5000 Hz is required to feed the intermediate- and
high -frequency units.
The design of the low -frequency
horn is substantially exponential in Its
expansion and actually comprises a series of wedge-shaped spaces which approximate an exponential rate of flare.
The frequency response covers a
range of 28 to 550 Hz. Because of the

N

L

Fig. 20-65B. Cross-sectional view looking into the interior of a Klipschorn.
The symbols correspond to those used
in Fig. 20-65A.

short radii of bends in the horn construction, wavelengths of 18 inches, cor-

responding to a frequency of 750 Hz,
may be reproduced. With a 400 -Hz
crossover, a smooth changeover from
the low -frequency horn to the intermediate loudspeaker is assured. The
various sections of the low -frequency

enclosure must be airtight. and constructed to eliminate vibration of the

K

ROOM
CORNER
LINE

sides and internal members. Otherwise,

peaks in the frequency response will
be generated.

The intermediate speaker G covers

Fig. 20-65C. Cross-sectional side view of

the interior of a Klipschorn Iright-hand
side panel removed). The symbols correspond to those of Fig. 20-65A.

a frequency range from 240 to 5000 Hz.
The high -frequency loudspeaker 1 covers from 3500 to 20,000 Hz. The overall
frequency response extends from 30 to
20,000 Hz. Fundamental frequencies
down to 25 Hz are radiated.
The average efficiency is over 50 per-

cent, with frequency modulation less
than 0.10 percent at 10 -watts input.
Maximum power -handling capability is
100 watts; impedance is 16 ohms.
tic Inlay20.66 What is an
sinthl-The acoustic labyrinth loudspeaker enclosure was originally devel-

oped many years ago by the Strom berg -Carlson Co. The labyrinth strueemov, Ariff:7:37/27.1717M
NN

N

F F

DO

20-65D. Cross-sectional view from
the front of a Klipschorn. The symbols
Fig.

correspond to those of Fig. 20-65A.

Fig.

20-66. Acoustic labyrinth
speaker enclosure.

loud-
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lure, although appearing similar to a
horn, is in reality a folded tube for
loading the speaker diaphragm and can
be classed as a tuned pipe. The effect is
to reinforce the area above resonance,
thus smoothing out the low -frequency

00

la
FREQUENCY Ws

response.

What is a fold -a -flea enclosure7-An enclosure developed by Dr.
Oliver Read some years ago. The enclosure is a combination of a bass reflex
and folded horn. The design permits the

Fie. 20-698. Frequency response of unit
in Fig. 20-69A.

enclosure to be operated as a folded
horn, infinite baffle, or bass reflex.
20.68 Describe an integrated loudspeaker system.-Such a loudspeaker

the solid -wall enclosure with five metal
waveguides. Subjective tests indicate
the virtual sound source to be 3 inches
beyond the ends of the enclosure. Thus,

system incorporates its own amplifier.

the

and is designed to produce the best possible acoustic response from the speaker
system. Matsushita of Japan accom-

plished this by mounting a negative -

hetween speakers. The frequency response is remarkably good, as shown
in Fig. 20-69B. Dimensions for the enclosure are 30 inches long, 912 inches

feedback coil on the speaker diaphragm
and connecting it through a feedback

high. and 10 inches deep.
20.70 What is a catenoid hornT-It

network to the cathode of a voltage -

is a speaker system using a horn with
a catenary rather than an exponential
flare rate. It is claimed by its designer
that when a catenary flare rate is used.
the design of a folded horn is less critical. Such speaker systems employ the
usual dynamic low-, intermediate-, and
high -frequency speakers. Similar to

20.67

amplifier stage The negative -feedback
voltage smooths out the frequency response, similar to the negative -feedback
cutting head described in Question 14.2.

In a second method, used by EMI of
England, the loudspeaker unit is connected as usual at the output of an amplifier. A negative -feedback loop having
a four -section LCR network is connected from the output transformer and
is fed to the input stage. Tuned circuits
in the feedback loop remove the peaks
and dips in the overall acoustic response. This system has also been used

by Ampex and several other American
speaker manufacturers.
20.69 Describe a stereophonic loudspeaker system using two speaker units

and two sets of acoustic waveguides.
-A plan view of a stereophonic loudspeaker system, employing two speaker

units and two sets of waveguides,

is

shown in Fig. 20-69A. This system was
designed by H. F. Olson of RCA. Two

8 -inch speaker units are mounted at
an angle of 28 degrees in each end of

effective separation

is

36

inches

other horn systems, the catenoid design

also utilizes the walls to complete the
horn load. (Sec Question 20.65.)
20.71
Give the basic principles of
rear -loaded lolded-horn-type enclosure.

-The basic plan of construction for
several different types of folded -horn
enclosures, based on the work of Paul
Klipsch, is given in Fig 20-71. The enclosure, insofar as the low -frequency
portion is concerned, is a folded -horn
operating in a frequency range of 30
to 500 Hz. Vents are provided at the
sides and rear to extend the horn by
using the walls of the room as u continuation of the horn flare. The primary
purpose of folding a horn is one of conserving space. Horns are antiresonant
devices and should not be considered in
the same category as a bass -reflex or
ducted -port enclosure.
To increase the frequency range,
midrange and high -frequency speaker

Fig. 20-69A. Plan tier of stereophonic
loudspeaker enclosure employing two 8 inch speaker units and a group of wore guides at each end

units are added, operating in conjunction with a crossover network, which
confines each speaker unit to a predetermined frequency range. Arrows on
the diagrams indicate the path of the
sound waves generated by the rear of
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horns assembled in different configura-

\

WALL

tions, to control the vertical and horizontal dispersion. Horns of this design
have several advantages over the folded

or re -entrant -type horns, as there are
no bends to attenuate the high frequencies. Another advantage is that the
high frequencies so important to high
intelligibility of speech can be distributed over a wide angle. The beam width
above the cutoff frequency and in the
midhigh range to 12,000 Hz and above,
is independent of frequency. This entire

portion of the frequency spectrum is
quite uniformly distributed through-

out the full angle of the horn. Up to
four driver units can he employed with
a single horn assembly by using a multiple throat. Care must be taken in this

type installation that the driver units
I

Fig. 20-71. Methods of back -loading a
folded horn. The room walls ore used to

are in -phase acoustically; that is, the
diaphragms must all move in the same
direction at a given instant. Polar patterns for a single multicellular horn are
shown in Fig. 20-723.

extend the low -frequency response.

the speaker diaphragm during its inward motion.

The advantage of a horn is its high
efficiency, which is 10 to 50 times that
of a flat baffle. The horn has a higher
acoustic output because of the flare
and acts as an impedance -coupling device between the diaphragm of the
loudspeaker and the air at the mouth of

the horn. This permits a given SPL to
he generated with considerably less
excursion of the speaker diaphragm.
Consequently, there is less harmonic
distortion. Thus, a horn has high power -

Fig. 20-72A. Multicellular horn cluster
Model 1803B manufactured by AltecLansing.

handling capabilities with uniform frequency characteristics and low distortion.

Figs. 20-65D and C show that an air
is placed between the diaphragm and the throat to overcome the
positive reactance at frequencies between 200 and 400 Hz, because of the
multiple taper. A second air chamber is
placed behind the diaphragm to offset
the mass reactance of the throat impedance at the low frequencies. (See Queschamber

MULTICELLULAR HORN

5000 HERTZ

tion 20.51.)
20.72 Describe a multicellitior horn.

-A multicellular horn (Fig. 20-72A) is
one of the most efficient sound projectors for delivering sound over a defined
listening area. Its structure consists of
a
number of individual exponential

MULTICELLULAR HORN
3.000 HERTZ

Fig. 20-728. Polar pattern of a multicellular high -frequency horn, at frequencies
of 5000 and 13,000 Hs.
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These horns were developed by the
Bell Telephone Laboratories many years

ago and are used for sound reinforcement and for public address systems.
Many motion picture theater installa-

tions use a multicellular horn for the
high -frequency
Fig. 20-133A.

unit,

as

pictured

in

Although the cluster in Fig. 20-72A
is an 18 -horn unit, a lesser number of
horns can be employed. The number

quite directional, over a wide angle of
distribution.
The lens is concave in shape and
pierced with a large number of small
holes. This lens is transparent to sound
waves because the boundary layers of

the lens form a medium of increased
density through which the sound passes
from a high -frequency exponential horn
to the listening area.

depends on the dispersement nngles to

be covered. Horn assemblies are referred to as a 2 X 3 cluster for six
horns, 3 x 6 for an 18 -horn cluster, etc.

Clusters have been built employing up
to 60 horns in a 6 x 10 array.
For installations involving only
speech, to reduce reverberation the amplifier system should have a high-pass
filter installed, with a cutoff frequency
of 300 to 500 Hz, since the horn has an
effective length greater than the physical length. (Sec Question 20.50.)
20.73

What is a multicellular baf-

fle? -A single

high -frequency

horn

with several small vanes in the bell to
deflect the high frequencies over a wide
area (about 105 degrees), thus reducing

SOUND
WAVES

-ENTERING

SOUND
WAVES

LEAVING

Fig. 20-748. Ray tracing of on acoustical lens, showing the focal point and diffusion angle as controlled by the curvature and index of refraction.

the directional effect of the high frequencies. (See Fig. 20-73.) It is used
with multiple -loudspeaker systems.
20.71 What is en acoustic lens?A metal or plastic device placed in

front of a high -frequency horn to
spread the high frequencies, which are

ACOUSTIC LENS, 5000 HERTZ

ACOUSTIC LENS, 13,000 MERTZ

Fig. 20-74C. Field pattern for acoustical
Fig.

lens system.

20-73. Multicellular baffle short

horn with deflecting fins.

In Fig. 20-74A is shown a high -frequency acoustical lens assembly consisting of 14 separate elements arranged
in such a manner that they form a double -concave lens system deflecting the
sound over an angle of 90 degrees. The
index of refraction for this lens system

1.3. A cross-sectional view of the
point and diffusion angle controlled by the curvature and index of
is

focal

Fig. 20-74A. High -frequency acoustical
lens assembly.

refraction may be seen at Fig. 20-74D.
The field pattern for this lens, taken at
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360 degrees vertically and horizontally.
A simulated spherical loudspeaker can

PERI aRA TED

---SPHER.CAL
HOUSING

be designed by placing two identical
INPUT

F g.

20-76.

Simulated spherical

loud-

speaker units face to face and fastening them securely. The voice coils are
connected in parallel, but 180 degrees
out of phase, as shown in Fig. 20-76.
The two units are mounted in a spherical housing, perforated with many small
holes. When hung from a ceiling, it
functions quite well as a spherical radi-

speaker. The housing is perforated with
many small holes. The voice coils arc
connected 180 degrees out of phase.

ator. (See Question 20.77.)
20.77 What effect does the exterior
shape of an enclosure have on the overall frequency response of a loudspeaker?

Hz, appears iu Fig.

-H. F. Olson of the RCA Princeton
Laboratories. in his work with enclo-

20.75 What are the characteristics
of an open baffle?-Open-back baffles
are not used with modern high-fidelity
loudspeaker systems; however, many

diaphragm is raised and the cabinet res-

sures, reached the conclusion that a direct -radiator -type loudspeaker responds
according to the various shaped enclosures and that the outside confignration
plays an important part in the final frequency response of the speaker system.
It is possible for some shapes to have a
10 -dB variation in response, because of
diffraction.
Detrimental effects of diffraction may
be reduced by eliminating sharp bound-

onant effects are noted. If the baffle is
made deep enough, it functions as a
pipe and several points of resonance,
which increase as the cabinet is deep-

aries on the front of the enclosure in
order that the diffracted wave will be
reduced In amplitude. It will also help
if the distance from the speaker dia-

ened, will be generated. Closing the rear
of the box prevents any use of the sound

phragm to the diffracting edges is varied
to produce random phase relationships

wave from the rear, with a resultant

between the primary source and the

loss of acoustic energy. The most logical

diffracted sound waves.
A group of 12 differently shaped enclosures, measured by Olson, are given
in Fig. 20-77A. Their frequency characteristics are shown in Fig. 20-77B. It

and
20-74C.
5000

times

13,000

small

extension

speakers

are

mounted in such baffles Actually, an
open -back baffle is a flat baffle turned
back on itself to decrease the size of
the box. If the back is closed, the free air resonant frequency of the speaker

solution is to port the box; thus, it becomes a bass reflex based on the Helmholtz resonator. (See Question 20.60.)
20.76 Describe a spherical or omnidirectional loudspeaker.- -To design a
completely ortmidirectIonal or spherical
loudspeaker is rather difficult, as the
energy from the diaphragm must cover

appears from Olsor.'s work that only
three shapes least affect the final repro-

duction. They are the sphere A and
truncated pyramids mounted on rec-

Fig. 20-77A. Twelve different enclosures tested for their effect on the final frequency response of o loudspeaker, by H. F. Olson of the RCA Princeton Laboratories.
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Fig. 20-778. Frequency -response characteristics using o small direct -radiator type
loudspeaker in the enclosures shown in Fig. 20-77A.

tangular enclosures J and I.. The ideal
shape for an enclosure appears to be

high -frequency loudspeaker unit, utilizing the piezoelectric characteristics of a

the sphere.
20.78 Describe a solid-state high -

diaphragm is shown in the cross-sec-

frequency speaker unit.-A solid-state

tional drawing of Fig. 20-78A. By ap-

ceramic rod. coupled to an aluminum
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COMPRESSION
CHAMBER

jSPRING
CLIP

was developed by Hugo Schafft of Motorola Semiconductor Products Inc.
20.79 What type grille cloth should
be used for wide range loudspeaker system enclosures?-A loosely woven cloth

EPO',

or plastic with hard thread. A closely
woven cloth will reduce the high -fre-

ALUMINUM
DIAPHRAGM
MOUNTING
FRAME

PHASE
CORRECTION
PLUG

EPDXY

quency response by several dB.
20.80 How is the volume of a loud-

CERAMIC
TUBE

PL AS -IC
HORN

!PACERS
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speaker enclosure calculated?-

R

Fig. 20-78A. Cross-sectional view of

a

solid-state high -frequency loudspeaker
unit. (Courtesy, Motorola Semiconductor
Products Inc.)

plying the audio signal directly to a
ceramic tube, the diaphragm is driven
without benefit of either a voice coil or

field. The driving member,
2.5 inches in length and consisting of
lead zirconate and lead titanate, is a
tube which expands and contracts longitudinally, depending on the instanta-

Volume

1728

tube has an outside diameter of 0.050
inch with a wall thickness of 0.010 inch,
and is nickel -plated inside and out and
poled through its thickness. The maximum expansion is on the order of 150
microinches. One end of the rod is
epoxy cemented to a die-cast frame
with the free end attached to the diaphragm. The compression chamber be-

tween the phasing plug and the dia-

n = Vt ft

where,

H is the height in inches,
W is the width in inches,
D is the depth in inches,
n is any device mounted within the
enclosure.

magnetic

neous polarity of the applied signal. The

(H X W X D) -

(H x W X D)

20.81

How may the resonant fre-

quency of a loudspeaker enclosure be
damped? --By completely lining the interior surfaces of the enclosure with a
highly absorbent material such as rock

wool. The resonant frequency of the
panels may be damped by the use of
diagonal braces and by filling unused
spaces with sand.
20.82 How may a loudspeaker enclosure be tested for undamped resonant

By applying white noise

frequencies?

to the loudspeaker system, Lhen picking

up the acoustic output by means of a
capacitor microphone, and finally by .

axis 18 inches from the horn throat

observing the signal on an oscilloscope.
The sweep frequency of the white -noise
generator is varied to indicate the resonant frequencies of the enclosure. (Sec

varies from 99 dB to 116 dB at 11,000 Hz.

Questions 1.140, 22.56, and 23.135.)

The steep front of the frequency characteristic (Fig. 20-78B) caused by the
falling impedance characteristic, serves

response in a bass -relies enclosure be

phragm is 0.010 mch.

The power -handling capability is 10
volts per 0.001 inch. The SPL taken on

as a built-in crossover network. The
distortion characteristics are comparable
to those of an equivalent dynamic unit,

except for a slight rise at the extreme
ends of the frequency range. This unit

2 0.8 3

How may the low -frequency

smoothed out?-The port of a bass -reflex enclosure is considered to be properly tuned for the best low -frequency
response when the bass response has
been equalized and spread over as wide

Fig.

20-83. Generalized curves showing

how the resonant frequency of a loudspeaker in
20-78B. Frequency response for
solid-state high -frequency loudspeaker
Fig.

unit of Fig. 20.78A.

a

bass-relles enclosure may

be smoothed out by adjustment of the
port area. (a) Before adjustment. lb:
After adjustment.
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a range as possible. Excessive boominess in the low frequencies is generally
an indication of an improperly dimensioned port area. lf any doubt exists as
to the correct port dimensions, an audio
oscillator is connected to the speaker

system, and an ac voltmeter

OISPERSION

INSPERSiOtt

is con-

nected across the voice -coil leads.

A wooden shutter is placed partially
over the port area, and the oscillator is
varied over a frequency range of 50 to

SPHERICAL

..0

--------

200 Hz. The shutter is adjusted for
meter reading with a minimum of peaks.
It will not be possible to secure a
smooth voltage across the voice coil at
all frequencies because of the variation
in the impedance of the voice coil with

frequency. However, with the proper

WAVE FRONT~

20-85A. Diffraction horn Model
TW-35 manufactured by Electra -Voice,
Inc. Wavelengths that are large compared to the dimensions of the slit,
emerge as a point source of sound and
Fig.

adjustment of the shutter, the port may
be tuned to a point where the voltage

diffract into a cylindrical waveform.

peaks arc more or less uniform. The
largest peak will be found at the point
where the voice coil rises to its maximum impedance. The effect of tuning
the port is shown in Fig. 20-83.

comparison to the wavelength of the

20.84

Hole is the free -air re s

t

frequency of a loudspeaker unit measured?-The speaker Is hung in free air,
away from reflecting surfaces, and is
connected to an amplifier as shown in
Fig. 20-84. The oscillator is swept from

emitted sound and acts
source

of

sound.

as a point Consequently, the

sound will emerge, flowing around the
the horn, into a cylindrical
waveform (Fig. 20-85A). The term dif-

sides of

fraction stems from the fact that the
waveform diffracts out of the narrow
opening. Since the mouth dimensions
are small in the horizontal plane, the
flare must increase quite rapidly in the
vertical direction to provide the proper
cutoff frequency.

The fact that the horn flares in the
vertical plane does not mean that the

20-84. Circuit for measuring the
free -air resonant frequency of a loudspeaker unit.
Fig.

B

below 20 Hz to 200 Hz. At the resonant

frequency, the excursion of the diaphragm will be maximum as read on
the

meter.

When

measuring

small

speakers, care must be taken that the
diaphragm is not damaged by driving it
beyond its normal excursion.
20.85 Describe the principles of a
diffraction horn.-Diffraction horns are
narrow -mouth horns. The flare provides

the proper cutoff frequency, while the
narrow mouth provides a slit source
operating in a vertical plane. The device works on the principle that sound
leaves a nurrow slit that is small in

Fig. 20-85B. Diffraction horn Model TN 35 manufactured by Electro-Voice, Inc.
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dispersion is greatest in the vertical
plane, which varies with frequency.

Because of the relauonship of the slit
width to wavelength, as the frequency
is increased, less diffraction takes place

because of the opening up of the slit.
Generally speaking, such horns have a
smooth angular response.
Fig. 20-85B is a cutaway view show-

the interior of a diffraction horn
manufactured by Electro-Voice Inc. At
A is the bell, at B and C, the magnetic
structure, and at D, the diaphragm and
voice coil. This type speaker unit is
used with multiple -speaker systems.
20.86 What is the average free -air
ing
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ance, inductive reactance of the voice
coil, and frequency.
In Fig. 20-89, A is the dc resistance
of the voice -coil winding, B the free -air

resonant impedance, C the rated impedance, and D the rising impedance
caused by the inductive reactance of the

voice -coil winding. The EIA Standard
specifics that the rated impedance is to
be taken at the minimum value at C,
following the resonant peak B. This imis sometimes referred to as
trough -impedance. For modern speakers, this falls around 400 Hz and is
quite narrow.

pedance

resonance of dynamic loudspeakers?Diameter

Frequency

8 inch
12 inch
15 inch
18 inch
30 inch

60 to 150 Hz

30 to 85 Hz
25 to 55 Hz
20
Hz
15
Hz

a
a

0
DC

PEVSTANCE

The free -air resonance can be measured
by using the method described in Question 20-84.
20.87 What is the blocked imped-

ance of a loudspeaker'-The impedance
of the voice coil when the voice coil is
blocked to prevent its movement.
20.88 What is the motional impedof a loudspeaker? - Because a
loudspeaker generates a counter emf
ance

due to the movement of the voice coil
in the magnetic field, the generated
emf opposes the signal voltage applied
to the voice coil.
The impedance measured while the
voice coil is in motion is different from
that when the voice coil is blocked.
Motional impedance is the impedance

measured when the voice coil is in
motion, minus the blocked impedance
of the voice coil.
20.89 Glee a typical impedance
characteristic for a dynamic loudspeaker

unit.-Fig. 20-89 shows a plot of a typical impedance curve for a dynamic
speaker unit, taken in free air. It will
be observed that there is quite a wide
variation in impedance between zero
and 10,000 Hz. It is not uncommon for
the impedance at the resonant frequency to measure five times or more
than the rated impedance, then drop

off, then again rise to that amount or
more at the high frequencies. The impedance is a complex value of de resist-

0

10,000

400
FREOUENCY 'Ni

Fig. 20-89 Impedance curse for a typical dynamic loudspeaker.
As

the

impedance

rises

and

ap-

proaches the resonant frequency, the
counter emf (generated by the motion
of the voice coil in the magnetic field)
rises to a maximum at resonance, then
drops off for a small portion of the frequency spectrum, and again rises as the
inductive reactance of the voice coil in-

creases. This clearly indicates that the
rated impedance of a loudspeaker is

only in a very narrow band. Free -air
impedance can be measured as discussed in Question 23.140.
20.90 What effect does the loud-

speaker impedance hare an the output
stage of on amplifier?-Because a loudspeaker does not present a constant re-

flected load to the output tubes of an
amplifier, it is customary to use tubes
having a very low plate resistance or
beam -power tubes with large amounts
of negative feedback. Variations in the
loudspeaker impedance cause a nonuniform frequency response and a considerable change an distortion char-

acteristics of the amplifier from those
measured under resistive load conditions
70.91
What effect does loudspeaker
impedance hove on the output stage of
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a transistor amplifierl-Unlike the vacuum -tube amplifier, transistors cannot
be operated at the peak of their power
load curve because of the internal heat
generated in the transistor. Therefore,
for satisfactory operation of solid-state
amplifiers, attention must be given to

the magnitude and character of the
load impedance.
co

HF

LF

of two voice coils in parallel, assuming
that the frequency is high enough to
make the reactance of series capacitor
Cl negligible. The impedance of the

high -frequency section will vary with
frequency, as the reactance of the series
capacitance changes with frequency.
When the voice -coil reactance for
either speaker rises (see Question 2029)
and the low -frequency unit is operating
near its resonant frequency, the total
impedance presented to the amplifier
output is higher than the rated impedance. Thus, it can be seen that the am-

plifier load impedance varies over a
wide range. In a vacuum -tube amplifier,

this will not damage the output stage,
20-91A. Simple crossover network
with a capacitor in series with the high frequency unit.
Fig.

30w

Cii

AVNIC
A

to this problem, and are using protective methods in the crossover networks
to avoid such a condition where a low

1
is

tive circuits are included for its protection.
Designers of multiple -loudspeaker
systems have given considerable thought

HF CONTROL

t

but this condition could cause consider-

able damage to the output stage of a
transistor amplifier; therefore, protec-

3o/,r

value of speaker impedance might cause
damage to the output stage.
A simple series -connected crossover
network is shown in Fig. 20-91B, where
a 30 -ohm control is connected in the
high -frequency section. If the control

en
C2

Fig. 20-91 B. Simple series network with
o high -frequency control and a resistor in

the lower section to prevent the imped
once falling below a given value.

is at minimum (out of the circuit) position A, the impedance of the network
is within the rated load impedance of
8 ohms. Turning the control to position
B inserts the full 30 -ohms in series with

XOVER
NETWORK

<HF

<LF

Fig. 20-91C. Series resistor in the output

of a solid-state amplifier to protect the
output stage.

The simple crossover network (Fig.
20-91A) employing a low- and high frequency speaker, with the smaller
speaker fed through capacitor Cl presents the worst condition. Here, when
only the low -frequency speaker is operating, the impedance is near the rated

impedance. However, when operating

with the high -frequency unit, its im-

the high -frequency unit. Now the circuit consists only of choke LI, capacitor C2, and the impedance of the low frequency speaker voice coil, which
could be less than 5 ohms. A remedy
suggested by one manufacturer of loudspeakers for an 8 -ohm speaker network,

is to insert a resistor R. of 1.8 ohms in
series with capacitor C2. An alternate
method is to insert a resistor of 2 ohms
in series with the amplifier output and
loudspeaker system, as in Fig. 20-91C.
The insertion of the resistor R. in the
network will not affect the characteristics of the low -frequency speaker, but
will prevent the impedance from falling
below a value that could cause damage

pedance is in parallel with the low -frequency speaker impedance which pre-

to

sents a lower than rated load impedance.
In effect, the minimum impedance seen
by the output stage is the de resistance

20.92 Why does the voice -coil impedance of o dynamic loudspeaker unit
generally fall between d and 16 ohms?

the output stage.

(Sec Question

20.103.)
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-Two factors are involved, mechanical
and electrical. Mechanically, the voice
coil must be suspended in u very small
gap; therefore, its mass must he low.

with high -efficiency speakers or with
an amplifier that can supply the necessary power output without overloading
at the lower frequencies. For a 16 -ohm
speaker, the network has a 6 -dB inser-

ciently heavy to carry a large current,
with as few turns as possible to keep
down inductive reactance. The number

tion loss at 400 Hz;

of turns must be such that the voice coil
will react to the magnetic field sufficiently enough to drive the diaphragm.
Therefore, voice coils are wound to have
an impedance between 4 and 16 ohms,
using either copper or aluminum wire.

data given in Question 6.49.

Electrically, the wire must be suffi-

Voice -coil windings will vary from a
few tenths of an inch in diameter for a
high -frequency unit, to over 3 inches
for a low -frequency speaker.
In certain early designs, the voice
coil consisted of a single turn brass
strip, having a few hundredths of an
ohm resistance. Low -frequency speaker
units designed for theater sound systems
are generally 32 -ohms impedance and
are connected in parallel; thus, the total

impedance for the two speakers is 16
ohms. (See Question 20.133.)

As a rule, speaker units designed for
the high-fidelity reproduction fall in the
4- to 16 -ohm category. However, impedance values are obtainable at 3.2, 10,
20, 45, and 100 ohms.
20.93 What is a bass energiser?It is a passive network inserted between

the output of a power amplifier and a
speaker system, to increase the low frequency response below 150 liz. It was
developed by Alexis BachnaiefT of Alice -

Lansing. He used, as a basis of design,
the Fletcher -Munson 80 -dB curve of
Fig. I -76A. The network is designed to
approximate this curve from 150 Hz to
50 Hz, then to flatten out to 20 Hz, as
shown in Fig. 20-93.
Basically, the device is a T configura-

tion and therefore has a 6 -dB insertion
loss. Such devices should be used only

8 -ohm

works can be described by using the
20.94 How can the resonant frequency of a dynamic speaker be lowered?

-If the resonant frequency is too high,
it can be lowered by using a method
devised by D. E. L. Shorter. In this
method, the edge of the diaphragm material is impregnated with a hygroscopic

agent which will retain moisture and
thus maintain the compliancy of the
cone. A convenient wetting agent is
Eastman Kodak Photo Flow diluted in
a ratio of one capful to eight ounces of
water. While the diaphragm is wet, ap-

ply Kodak Print Flattening solution
(without dilution) over the Photo Flow.

The solutions are applied only to the
edge or hinge of the diaphragm, and
are permitted to stand at least 24 hours
before putting the speaker to use. Before applying the solutions, the resonant
frequency should be measured for com-

parison after the solutions have been
applied. It will be observed that the
resonant frequency will be decreased
considerably.

Additional applications

will tend to further decrease the resonant frequency until a point is reached
where no further reduction is noted
with additional applications.
20.95 What is variable damping?It is a method introduced some years

ago for matching the output impedance
of a vacuum -tube amplifier to the im-

pedance of a loudspeaker. This is accomplished by the use of negative voltage and current feedback control in the
amplifier. The method is now obsolete.
This subject is further discussed in
Question 12242, and Question 23.139.
20.96 What are the intermodulation
characteristics for a typical high -quality
dynamic loudspeaker?-In Fig. 20-96 is
shown a typical intermodulation-distortion curve for a 12 -inch direct -radi-

--- BASS ENERGeZER
-r(150.4(13 uuNSOu
SO all ClAivE

15

for an

speaker, it has a 10 -dB loss. Such net-

5

ator type loudspeaker. The test was

0

made by applying frequencies of 60 and
70

30

200 500
50 ,0 00
atourricy rA HERTZ

500 7'DO

,000

Fig. 20-93. Altec-Lensing bass -energiser
passive network as compared to an 80-d0
Fletcher -Munson curve.

2000 Hz in a ratio of 4:1 to the voice
coil, with the lower frequency 12 dB
lower in amplitude than the higher frequency. Intermodulation distortion varies considerably with loudspeaker de-

111$

THE AUDIO CYCLOPEDIA
26

24
22

20

z ie
2
a is
0

/4

a

12

4
8 i0

3e
6

it 4
2

2

Fig. 20-96

3

4

9

6

7
6
9
10
20
WATTS INPUT TO LOUDSPEAKER

90

40

90

intermodulation distortion characteristics of an average high -quality
dynamic loudspeaker.

sign, enclosures, and frequency range.
No set figures can be given; however, it
goes without saying that the intermod-

quality loudspeaker of the direct -radiator type, for powers of 1, 2, and 10 watts
at the voice -coil terminals. The fre-

ulation must be held to a minimum.

quency range covered was 60 to 6000 Hz
and includes harmonics up to 18,000 Hz.
20.99 What is the cause of inter -

Loudspeakers arc available with less
than one-half of 1 -percent intermodulation distortion, while others may run

up to several percent. This is particularly true for frequencies below 200 Hz.
To date, no standards using the inter modulation method of measuring distortion have been adopted for testing loudspeakers.

20.97

How does intermodulation dis-

tortion affect the listening qualities of a
loudspeaker? - Frequencies which are
not harmonically related to the original

modulation distortion in o loudspeaker?
-Interrnodulation distortion is generated in single diaphragm radiators when
the diaphragm is reproducing a high
and a low frequency simultaneously. If

the low frequency is distorted in any
manner, it distorts the high frequency
by flattening off the peaks. Thua, the
high frequency is modulated by the
lower frequencies.

The theory of intermodulation dis-

frequencies are generated, resulting in a

tortion is covered in Questions 23.117 to

distorted reproduction appearing as a
fuzziness of the higher frequencies and
causing listener fatigue.
20.91 What ore the harmonic -distortion characteristics of a high -quality,

23.127. The distorted waveform in a
loudspeaker appears quite similar to
that for an amplifier and is also referred
to as frequency -modulation distortion.
Multiple -loudspeaker systems generally have much lower intermodulation
distortion than does a single diaphragm

wide -range,

direct -radiator -type

loud-

speaker? -1n Fig. 20-98 is shown a distortion measurement made on a high-

speaker, as each speaker unit is separate

and cannot be modulated by others.
Speaker systems using a low -frequency
horn, midrange-, and high -frequency

- -*earn
matry

units have very low inter -modulation

of a

distortion.
Overdriving the voice coil can cause
it to leave the magnetic -gap area, thus
generating sum and difference frequen-

typical high -quality wide -range dynamic

cies, which is another form of inter -

sio

-12n
I

Fig.

Mu(

ma-Zas
.45 1

WOO

20-98. Harmonic distortion
loudspeaker.

thiNa

modulation distortion.
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In horn -type projectors, interrnodulation and harmonic distortion are caused
by nonlinear compression of the air in

the throat of the horn. At 3000 Hz, a
horn with a cntoff frequency of 150 Hz
using a Vs -inch throat can generate up
to 17 percent second harmonic distortion, with a power of 1 acoustic watt

from the driver unit. Since the distortion is proportional to the number of
wavelengths passing through the throat,
it

increases with an increase of fre-

quency. In compound -type horns, distortion is reduced because of the shorter
throat length at the higher frequencies.
How can the intermodulation
distortion be reduced in a wide -range
loudspeaker system?-By using individ20.100

ual low-, intermediate-, and high -frequency speaker units fed from a suitably designed crossover network to

separate the frequency response of the
speakers into bands. The several units
are mounted in a common enclosure. If
a single unit is to be employed, it may
consist of a duplex, coaxial, or a threeway unit mounted in an enclosure.
Units shown in Figs. 20-5, 20-6, and
20-25 are typical examples of speaker
units having low distortiou. However,
the distortion for a single unit is not as
low as that which can be obtained by a

1119

delay before the system responds to the
stimulus. Furthermore, when the signal

is removed there is a short time delay
before the system returns to rest. Tests
indicate that the loudspeaker with the
smoothest frequency response will have

the smallest starting transient and the
least hangover.

Transient measurements are not too

to make and can be accom-

difficult

plished by the connection and use of the
equipment given in the block diagram of
Fig. 20-101. Here is shown an audio
oscillator feeding a tone -burst genera-

tor, the output of which is applied to a
power amplifier of low distortion which
feeds the loudspeaker under test in an

anechoic chamber. The signal from the
speaker is picked up with a microphone
of known frequency characteristics and
fed to a dual -trace oscilloscope. The
trigger output from the tone -burst generator is connected to the trigger circuit
of the oscilloscope. The grounding
should be carried to a common point. It
is not absolutely necessary that the
measurement be made in an anechoic

chamber. If a room that is fairly well
damped is available and the microphone

is placed about 2 feet in front of the
speaker,

a

satisfactory measurement

multiple -speaker

can be made. The procedure is to first
make a frequency -response measurement and then to choose a point in the

What is a tone burst?-A

midrange response where it is smoothest

method used for testing transient response of a loudspeaker or system.

and away from peaks or dips. The results are then displayed on the oscilloscope or plotted on an automatic re-

properly

designed

system.
20.101

Loudspeakers are electroacoustic trans-

ducers and achieve their purpose by
converting electrical pulses into me-

cording device.

chanical motion and then into acoustical pressure. It is in the mechanical
moving system where much of the transient distortion is generated.
Whenever a signal is applied to a mechanical system at rest, there is a time

sine -wave oscillator is set to the desired
frequency and keyed by the tone -burst

In using a tone -burst generator, the

generator, which lets a given number
of hertz of a preselected frequency
through the power amplifier in short
bursts and selected intervals. Thus, a

SINEWAVE
OSCILLATOR

DUAL -TRACE

TONE -BURST

ANECHOIC CHAMBER

GENERATOR
L/S

NIC

OSCILLOSCOPE
MIC

PREAmP
TRIGGER
0

Fig. 20-101. Block diagram for making loudspeaker transient measurements using a
tone -bunt generator, and a dual -trace oscilloscope.
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1000 -Hz signal from the audio oscillator

As it will be noted, using an output

might be keyed at n rate of 2, 4, 8, 16,
32, 64, or fat times per second.

impedance of 0.5 ohm and a load impedance of 8 ohms, the damping factor
is 16. Adding in the voice -coil resistance, the actual damping factor is:

20.702

How can a loudspeaker sys-

tem be tested for transient distortion
without using test equipment?-A rough
test can be made with the use of an fm

ZIA

+

receiver. The receiver is tuned to a spot
removed from a station carrier frequency, so that a strong hissing sound is
heard. This noise is similar to white

8.0

- 0.5 + - 123

where,

is the internal impedance of the

amplifier,

R is the dc resistance of the voice -

noise and covers the entire frequency
spectrum. If the speaker system under

coil.

and Z,,. Is the rated impedance of the
loudspeaker.

test has pronounced peaks and valleys,
the high frequencies appear as singing
tones, and the low frequencies manifest
themselves as torchlike sounds, similar
to those made by a blow torch
20.103 What effect does amplifier
damping have on a loudspeaker?-The
subject of amplifier damping and its

It has often been stated that the ideal

driving impedance for a loudspeaker
would be zero impedance. However, it
will be observed that with zero output
impedance, the damping factor is 1.33,
because the dc resistance of the voice
coil is still in the circuit. It appears that
a maximum damping factor of 20 is a
practical value. There is now doubt that
many loudspeakers sound better as the
damping factor is increased, because of
peaks in the reproduction, which in
some instances rise from 10 to 12 dB
because of impedance variation, as dis-

effect on the performance of a loudspeaker is a controversial one, like pentodes versus triodes. It has been the

practice to state the damping factor of
an amplifier in terms of the ratio of the
internal output impedance to the load
impedance. Thus, for a loudspeaker of
8 -ohms impedance and an amplifier
with an internal output impedance of
0.5 ohm, the damping factor is 16. Am-

cussed in Questions 20.89 and 20.91.
20.104 What is the force factor of
o

loudspeaker?-The ratio of the effec-

tive force to the current flow in

plifiers have appeared, stated to have a
damping factor in excess of 100 Actually this is not true, as the de resistance
of the voice coil must be taken into consideration, since it is the limiting factor
as to the damping factor. Using a value
of 8 ohms for the impedance of a

the

voice coil.
20.105 Where is the most linear
portion of a loudspeaker movement, and
how is its efficiency calculated?- The

speaker and 6 ohms for the de resistance, computing for different values of

most linear portion of a loudspeaker is
where the cone displacement is proportional to the driving force. Its efficiency
is the difference between the acoustic

internal output impedances the damping

output and the electrical input power

factors would appear as given in the

level, expressed in dB. As this is an involved formula and the test is to be

table below.

Ampi. internal

Damping factor

impedance
8 ohms
4 ohms
2 ohms
1 ohm
0.5 ohm
0.25 ohm
0.125 ohm
0.050 ohm
0.025 ohm
0.0125 ohm
0.0000 ohm

1.0

2.0
4
8

16
32

64

160
320

True damping factor
(VC = 6.0 ohms)
0.57
0.80
1.0
1.14
1.23
1.28
1.30
1.32
1.33

640

1.33

infinity.

1.33

F.9 20-103 Computing damping factors
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made under rigid couditions, the reader
is referred to EIA Standard SE -103,
April, 1949, reaffirmed March, 1954.
20.106 What is the relationship of
diaphragm movement to the radiated
power in a loudspeaker? For a constant
radiated power at the low frequencies,
the voice -coil excursion must he quadrupled per octave.
20.107 What is the diaphragm

generally 0.5 to 2 percent. (See Question

movement in the average loudspeaker for

mounted in an enclosure and to a mi-

acoustic watt output?Typical values are given below.

crophone placed at a constant distance
on the axis of the speaker, for different
angles of radiation. The procedure for
calculating the results is quite involved;
therefore, the reader is referred to EIA

1

Diameter
8 inches
12 inches
15 inches

20.108

Peak
excursion
0.19 inch
0.10 inch
0.50 inch

Resonant

frequency
60 to 150 Hz

30 to 85 Hz
25 to

55 Hz

What is acoustic elasticity?

-The elasticity provided by the air (in

20.183).

20.110

Define the term "speaker

directivity index."-It is the ratio, expressed in decibels, of the power which
would be radiated if the free -space axial

sound pressure were constant over a
sphere, to the actual power radiation.
The directivity index is measured by
applying a constant input to the speaker

Standard SE -103-1954.
20.111 What is the purpose 01 a

shading ring in an electrodynamic loudspeaker unit? A shading ring is a heavy
copper ring about vs -inch thick placed
on the forward end of a field coil in an
electrodynamic loudspeaker. The pur-

a speaker enclosure) which is compressed when the cone moves in a backward direction.
20.109 What does the term "acous-

pose of the ring is to act as a shorted
turn, causing a heavy circulating current in the ring. This current bucks the

tical suspension" meant-It is a loud-

thereby reducing the tendency of the

speaker so designed that the diaphragm
can be moved with a very small amount

field coil to induce hum frequencies into
the voice -coil circuit.
20.112 What are the factors which
affect the design of direct -radiator type
loudspeakers)-The high-frequeucy re-

of power at the voice coil. This is accomplished by supporting the outer
periphery of the diaphragm with a very
flexible supporting material. Such suspensions are used in small book -shelf type enclosures. As an example, a conventionally supported diaphragm, having a free -air resonance of 70 Hz, when
installed in an enclosure may increase

flux from the field coil at 60 and 120 Hz,

sponse is

restricted by the mass re-

actance of the diaphragm. The low frequency response is affected by the
small radiation resistance. Increasing the
high -frequency response by one or two

more. Thus, when placed in a small enclosure the low -frequency response falls

octaves decreases the angle of radiation,
the beam becoming quite narrow as the
frequency increases.
As additional octaves are added to the

off quite rapidly.
Increasing the compliance of the diaphragm lowers the free -air resonant
frequency. However, if carried too far,

frequency range, the nonlinear distortion is also increased. The enclosure in
which the loudspeaker is housed plays
an important part in the final frequency

the speaker can be driven into distortion

response.

the resonant frequency by 100 Hz or

quite easily. Therefore, the speaker is
mounted in an airtight enclosure completely filled with an acoustic absorption
material, which back -loads the diaphragm and returns it to its original
resonant frequency. The resonant frequency can also be increased or decreased by changing the interior volume
of the enclosure. Such designs are
termed acoustic suspension systems, and

can be applied to both low -frequency
and midrange speaker units. Acoustic
suspension systems are of low efficiency,

The overall sensitivity may be increased by intensifying the density of
the magnetic flux. However, this also
increases the damping.
20.113 What is the effect of a loudspeaker connected across the output of
an amplifier?-When a loudspeaker is
connected across the output of an am-

plifier, it has the effect of connecting a
capacitance or inductance in parallel

with the output of the amplifier. Because the loudspeaker does not present
a constant load impedance, the distor-
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tion characteristics of the amplifier may
be affected to a considerable extent.
The average loudspeaker presents a

capacitive load of 0.0025 pF or an inductive load of 1000 millihenries or
greater, depending on the design. For a
complete measurement, the intercon-

necting cable capacity should be included. Average cable presents shout
40 to 80 pF of capacity per foot.
20.114 What is the axial sensitivity
of a loudspeaker?-It is the acoustic output power, expressed in dB (referred to

the threshold of hearing), that will be
produced at a given distance for a
stated power to the loudspeaker voice
coil.
20.7 IS Show the crossover characteristics for multiple -loudspeaker sys-

are especially designed and seldom have
much response above 1000 Hz.

The frequency response of a high frequency unit must he restricted to
frequencies whose wavelengths are such

that the excursion of the loudspeaker
diaphragm will not exceed the displacement as recommended by the manufacturer. If this precaution is not taken,
serious damage to the diaphragm and

voice coil will result.
It has been found from experience
that for large commercial installations,
the two-way system is the most satisfactory from a phase -shift standpoint,
as any irregularities caused by phase
shift are reflected in the reproduction.
The preferred crossover frequencies for
two-way systems arc 500 to 800 Hz, with

tenes.-The actual design of such networks is discussed in Section 7. How-

500 Hz the preferred frequency. For
three-way systems, the preferred fre-

ever, crossover networks generally have
crossover characteristics as shown in
Fig. 20-115. It will be noted that for the

quencies are 500 and 5000 Hz.
20.116 Give graphically eh* @Hod
of crossover -network insertion loss.-The

two-way network at (a), the low- and

insertion loss of a crossover network is
quite important, particularly when used
with an amplifier system of considerable
power. In Fig. 20-116 has been plotted
graphically the effect of network -insertion loss versus power -output loss for
an amplifier system of 100 watts. It will
be observed that the loss of power for

high -frequency speakers are crossed
over at a point 3 dB down from the uni-

form portion of the frequency band.
The same is true for the three-way net-

work of (b), showing two crossover
points. The crossover frequency is de-

pendent on the characteristics of the
speaker units employed. The rate of
attenuation may be 6, 12, or even 18
dB per octave. As a rule, 12 dB per
octave is the one most generally employed.
General

considerations
crossover networks require that
design

for

an insertion loss of only 0.5 dB is 11
watts, and for 1 dB it is approximately
22 watts. Therefore, it is quite important
that the insertion loss of a crossover

network be kept to an absolute minimum. This can be accomplished by

response of the loudspeaker falls off and
loudspeaker becomes nonlinear.
Loudspeaker units designed for low -

using large wire to reduce the de resisof the inductances and using
capacitors of high quality. The line feeding the speaker system must also be of
low dc resistance.
20.117 Where should e c

frequency use in multiple installations

network be connected?-The conven-

the

crossover frequency should start becoming effective before the frequency
the

tance

tional method is to connect the network
-Cr 1/ 400 kV:,

1.1G. 111111314.4C

3 dB

13

1,

.4

.11311AKI

141.3. /111130..(4

\-L.

56
12

al

Is

1.

rs

(b) Three-way system.
Frequency characteristics
for loudspeaker crossover networks.

Fig.

2 0-1 1 5.

and the loudspeaker units of the system.

Electronic crossover networks as described in Question 20.121 are connected

(a) Two-way system.
1.01..111014301c.

between the output of the power amplifier driving the loudspeaker system

between the output of a preamplifier
and the input of two power amplifiers,
one driving the low -frequency loudspeakers and the other driving the high frequency loudspeakers.
20.118 What is the effect of a fast
rate of cutoff in a crossover network?

Usually no effect is noted up to 18 dB
per octave, unless there is a wide varia-
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lion of impedance snatch, which can
cause ringing thus adding distortion to
the reproduction. This is particularly
true for the 18 -dB -per -octave network.
A check for ringing can be made by
connecting an oscilloscope to the output
of the network in question, using a
resistive termination. The frequency
spectrum is swept by an audio oscilla-

tor, while keying the oscillator off and
on. The ringing will appear somewhat
like the waveforms in Fig. 1-37. Therefore, the same test should be made using

the speaker system as the load, rather
than a resistive load.
20.119 Are the phase relationships
of a complex signal affected by a
over network?-Phase shift is affected
about two octaves above and below the

frequency of crossover and will vary

even though the amplifier internal output impedance may be coneiderably
lower than the rated load impedance.

However, this is only true for a constant -resistance type network. For an
m -derived network, the impedance of
the

amplifier and network must be

matched. It should also be kept in mind
that a loudspeaker does not reflect a
constant load impedance; this is discussed in Question 20.89.
20.121 What is on electronic crossover network and how does it function?
-An electronic crossover network con-

sists of two amplifiers each having a
variable RC network at the input portion of the circuit. One network has a
high-pass frequency characteristic; and
the other, a low-pass characteristic. One
section of the crossover network feeds

the power amplifier driving the low -

from 90 degrees for a 6 -dB -per -octave
crossover network to 180 degrees for an
18 -dB -per -octave network.
20./20 How critical is the source
impedance feeding a crossover network?
-The output impedance of the amplifier
should be terminated by a network that

frequency loudspeakers, and the other
section feeds the power amplifier driving the high -frequency loudspeakers.
The crossover frequency is obtained by
setting the controls of the networks to

is equal to its rated load impedance,

pass channel and 400 Hz for the low-

frequencies such as 400 Hz for the high-
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Fig. 20-121A. Schematic diagram of an electronic crossover network.
pass channel. This would result in a 400 -

are 100. 200, 400, 700, 1200 200 and 3500

Hz crossover frequency. The usual rate
of attenuation in either section is 12 dB
per octave.
Conventional crossover frequencies

Hz. These frequencies will provide the
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proper crossover frequency for most
loudspeaker systems.
In Fig. 20-121A is shown an electronic

crossover network developed for kit
construction. In Fig. 20-121B is shown
the frequency characteristics of the RC
networks in the amplifier sections.
Referring to the schematic diagram.
the crossover network consists of two
amplifier stages composed of two 12AX7
dual triodes. The input signal is applied
through a high- and low -frequency

level control and through an isolating
resistor to the input of each channel.
The 12AX7 in each channel is utilized
00 200

100 100,

40101.41.4.

1000 00 200

0a

[S/A0401 Y 1.01041.4.. 014.141

Fig. 20-1 218. Frequency characteristics
of RC networks in the electronic crossover network shown in Fig. 20-121A.

so that one section functions as a gain
stage. and the other as an output cath-

ode follower. Approximately 14 dB of
negative feedback is employed around

each channel from the output of the
cathode follower to the control grid of
the input stage.
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Fig. 20-121C. Three-way loudspeaker syshefti using an electronic crossover network.
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Fig. 20-121D. Three-way loudspeaker system using on electronic crossover network
and a conventional network.
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LOUDSPEAKER

30 200 HZ

Fig. 20-121E. Four-way loudspeaker system using on electronic crossover network and
a conventional network.

The purpose of the negative feedback
is to modify the shape of the response
curve in the region of cutoff, thus obtaining a sharper knee in the curve
than would be obtained without negative feedback. This makes it possible to
maintain a flat frequency response up

to and including the cutoff frequency
at a rate of 12 dB per octave. The use
of negative feedback also reduces harmonic distortion in the passband of the
amplifier stages. The amount of feedback employed reduces the network to
a no -gain device, as no gain is required
in this unit. Figs. 20-12IC to E illustrate
how the network may be connected for
use with different types of loudspeaker
systems. Although the electronic cross-

over network appears to be an ideal

manner in which

to obtain different
crossover frequencies at will, it has cer-

tain drawbacks which must be considered seriously. Since the network is
connected ahead of the power amplifiers, it leaves the high -frequency unit
open to damage and possible burn -out.
If a low -frequency pulse should leak
through to the high -frequency unit, it
can he severely damaged.
The use of this type network does not
eliminate the need for a wide -range
power amplifier, because to reduce
phase shift in the operating bandwidth,
the amplifier must extend several
octaves above and below the operating
range as discussed in Question 12.231.

Fig. 20-12' shows the schematic diafor a three -channel transistor

gram
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Fig. 20-121F Three -channel electronic crossover network using transistors.

electronic crossover network designed

quency speakers. The power amplifier

by C. G. McProud. For stereophonic
reproduction, two complete amplifiers

must

are necessary. Three individual power
amplifiers are used to drive the high -

low -frequency speaker unit. The cross-

frequency,

5300 Hz.

midrange,

and

low -f re -

be

capable of

developing the

necessary high power for driving the
over frequencies are fixed at 500 and
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20.122 What is the procedure for
phasing a multiple loudspeaker system?

the horn is moved forward and back,

-To properly reproduce program material with a loudspeaker system em-

the horn is in line with the low -frequency unit. Generally, a position will

ploying two or more loudspeaker units,
it is essential that the diaphragm of each

be found where a considerable improve-

loudspeaker unit in the system be in
acoustic phase with each other. That

tion, particularly in the crossover range.
20.723 What frequencies are used
for theater crossover networks?-Usually,

is, the diaphragms must all move in the
same direction at a given instant.
Phasing of multiple loudspeaker systems is difficult, and it is quite easy for
the listener to become confused as to
when the units are in phase. As a rule,

when a system is out of phase, it will
have a good low -frequency response as
well as a good high -frequency response,
but the overall response will be lacking

from a position where the front edge of

ment is noted in the quality reproduc-

400 or 500 Hz; however, a number of
different frequencies have been used
over the years. Some theaters are using
a frequency of 250 Hz.
20.124 What effect does out -of phase operation of loudspeakers have on

the reproduction?-ln a multiple -loud-

The phasing of a multiple -speaker

speaker system, a lack of presence will
be noted. In a public address system in
which the loudspeakers are separated
some distance from each other, no particular effect will be noted. However, if
the loudspeakers arc used in a cluster,
they must be phased with reference to
each other or dead spots will appear on

system must first be checked by ascer-

the zero axis, as shown by the polar

taining that the speaker units in the
system are in phase electrically. Unmarked terminals must go to a common terminal of the network, and the

curve in Fig. 20-124.

in presence. This is particularly true of
male voices when using a crossover
frequency around 800 Hz. The voice will
appear

to

jump or move from one

speaker to the other.

SO'

plus or minus speaker terminals must
go to the plus or minus terminals of the

network, making sure they are con-

6

nected to the proper section of the net-

work. A signal of the same frequency

as that of the crossover point to be
checked is then applied to the input of

the system. The exact center of the
crossover point is found by rocking the
oscillator over a small band of frequencies above and below the crossover fre-

40
so

o

20

Fig. 20-124. Polar characteristics of two
loudspeakers in and out of phase.

in

In the out -of -phase condition, the

front of the areas of the high -frequency

angle of sound distribution is increased.
20.125 How may two loudspeakers
be phased electrically with respect to

quency. The listener then moves

units. If they are in phase, the crossover will be smooth from one to the
other. If the units are out of phase, a
null point will he noted. To detect the
null point, the volume will have to be
carefully adjusted for a listening level.
by

Out of phase conditions are corrected
reversing the connection to one

speaker unit only, not both. The same
procedure is used for checking other
units in the system, by comparing their
phases to those known to be in phase.
When all are correctly in phase, the
signal appears to have a uniform level
across all units.

If the system consists of a low -frequency unit and a multicellular horn,
after completing the phasing, as above,

each other?-If the system does not
employ a crossover network, they may
be phased electrically by momentarily
connecting a single flashlight battery to
the terminals of each voice coil and

noting the direction of the diaphragm
deflections for a given polarity of the
battery, and the voice coils. The voice
coils are then connected across the out-

put of the amplifier in a way that results in the same direction of deflection
at a given instant for each loudspeaker.
20.126 How is o three -channel stereophonic theater system phased?-Before

any attempt can be made to phase the
loudspeakers, it must first be ascer-
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tained that all three channels are in

and low -frequency loudspeaker sections

electrically, beginning at the
sound head and including the amplifiers
and any other equipment connected in

before they are adjusted for auditorium
acoustic response. Amplifier phasing is

phase

the circuits feeding the loudspeakers.
Once this has been determined, the
overall phasing of the loudspeaker
system is made by creating a common

connection between one wire of each
loudspeaker system at the input to the
dividing network. With equal and like
signals from the three sound heads,
measure the voltage between this corninon connection and the remaining wires
of the networks 1 and 2 and then 1 and
3. If the phasing is correct, the voltages
between the networks will be zero or a

very small amount compared to the
signal voltage at the input of any one
network. Such measurements should be
made at a frequency of 50 or 100 Hz to
avoid indiscriminate phase shifts.
After phasing the overall loudspeaker system, the high- and low -frequency sections of each loudspeaker
system must be phased for the best
sound reproduction. To accomplish this,

a signal of suitable level and of a frequency close to the crossover frequency
is applied to the channel under test.

discussed in Question 23.104.
As a rule, theater equipment

is

phased by the manufacturer and the
phasing is indicated by a plus/minus
mark on one terminal.
20.127 If the diaphragm of a high frequency driving unit is not visible, how
is its direction of motion checked? Cover the throat with tissue paper.
Apply a single flashlight cell to voice coil connections in a given direction.
When the diaphragm moves outward,
the paper will be moved outward by air

pressure within the unit. The unit is
then connected to move in the same
direction

as

the

other units

in

the

system.

20.728 Describe a phasing device
for stereophonic recording and repro-

ducing systems-The phasing (polarity)
of microphones and loudspeaker monitor systems in a stereophonic recording
system becomes extremely critical when
a multiplicity of microphones are in
use. Some method of quickly determining the phasing polarity of each channel

from the microphone to the monitor

From a listening position in the auditorium, compare the loudspeaker system output with the high -frequency
wiring connected alternately one way
and then the other. Do this for various

speakers while the orchestra is rehearsing, is an absolute necessity. This is not

physical positions of the high -frequency

used

horn and select that physical position

sum -signal.

which gives the greatest cancellation of
signal when the system is connected in

To avoid cancellation of the signals,
it is necessary to ascertain if an unin-

one phase and the greatest loudness
when connected in reverse order.
The connection giving the greatest
output should sound smooth and relatively free from harmonics. This connection is the proper one. This adjust-

tentional phase -reversal exists between
any group of microphones or channels.

only true for stereophonic recording,
but also true for monophonic recording,

when several microphones are being
to

form

a

composite electrical

ment should he checked for other positions in the auditorium to eliminate the
effect of standing waves because of
acoustic response.

The best positions for such tests are
usually in the front and middle third of
the seating area. The effect of correct
phasing is to increase screen presence

of the sound and smooth out the reresulting in a more pleasing
reproduction.
In the preceding tests, It is important
that the crossover network of each

sponse,

loudspeaker system be connected for
equal acoustic power from the high -

Fig. 20-128A. EMT Model 160 Polarity
Tester. (Courtesy, Gotham Audio Corp.)
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for
EMT160
polarity indicator.
Fig. 20-1288. Block diagram
(a) Pulse generator

To accomplish this by ordinary means
is not fast enough or entirely satisfactory, as an inadvertent phase reversal

can take place in a cable to a microphone. Other items to be considered are
amplifiers, equalizers, junction boxes,
and loudspeaker systems. As a rule, re-

cording systems are installed perman-

ently in phase; thus. the most likely
place for a phase reversal to occur is in
microphones and their cables. A simple

system of checking individual microphone phasing was discussed in Question 4.85. However, for a large recording
setup, this is not completely satisfactory.
To speed up phasing and as a final
check after the microphones have been
placed in position, a device developed by

Inatitut fiir Rundfunk-technik of Hamburg, West Germany and manufactured
by Elektromesstechnik Wilhelm Franz,
also of West Germany, is shown in Fig.
20-128A, with its basic block diagram
shown in Fig. 20-128B. The pulse generator at the left produces a single
acoustic pulse of a definite polarity, by
discharging a capacitor through a small

loudspeaker unit mounted in a pistol -

grip housing. The discharge causes the
production of a positive pressure wave.

The shape and duration of the pulse
applied to the speaker unit is shown
above the block diagram. The block
diagram for the indicator unit is shown
at the right, with a mcirophone and its
preamplifier connected for a polarity
test. An oscilloscope display of the
acoustic waveform emitted by the loudspeaker is shown in Fig. 20-128C.
Referring to the block diagram again,
the acoustic pulse emitted by the generator (left) is changed into an electrical pulse by means of the microphone
and its preamplifier, and then applied to
the input of the polarity indicator. The
pulse is passed through a symmetrical

limiter, then to a flip-flop or electrical
switch. The upper portion of the flipflop (4-) responds to only a positive
pulse, and the lower section (-), to
only a negative pulse. The positive peak

pulse of the waveform triggers the upper section of the electronic switch.
lighting indicator lamp LI. In this condition, the lower circuit is blocked

through line Xl. Therefore, the lower
circuit cannot respond to a negative
pulse. This quasi -stable state lasts for
several seconds. During this time, the

upper positive indicator lamp LI remains in the on position, and the lower
section remains blocked.

After the lapse of the predetermined
time lag, the upper section returns to its

rest position, and the blocking of the
lower section is canceled. The resulting
indication is always determined by the

polarity or phasing of the first half of
Fig. 20-128C Waveform of acoustic out-

put from EMT Model 160 pulse generator display on an oscilloscope.

the test pulse. As an example, if a phase
reversal (negative) occurs at the output

of a preamplifier, the lower section of
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Fig. 20-128D. Schematic diagram for EMT Model 160 polarity indicator and pulse
generator. (Courtesy, Gotham Audio Corp.)
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the electronic switch will trigger first,

inicrobars at a distance of 2 inches from
microphone diaphragm. For the
direct testing of loudspeakers and other

lighting lamp L.2, indicating a negative
pulse, and at the same time block the
upper section of the switch through
circuit X2.
The pulse generator section is also
equipped with several electrical outputs of varying magnitude for the direct
testing of amplifiers, loudspeakers, etc.
For loudspeaker testing, a pulse is
taken directly from the generator, and

the

devices,

9 volts are available for im-

pedances between 4 and 64 ohms, with

lower voltages for other type testing.
The indicator unit requires a signal
voltage of 1.55 volts, or plus 6 dBm. The
switching and blocking time is less than
1 microsecond. The unit is completely
transistorized. When the instrument is
not in use or in storage, the pulse gen-

a microphone of a known polarity is
placed in front of the speaker. The indicator unit is then used to indicate
the acoustic
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erator (gun) is placed in a slot at one
end of the indicator unit, as shown in
Fig. 20-128A. Several different uses for

polarity of the speaker

the polarity tester are shown in Fig.

unit
During a recording session when the

20-128E.

microphones are placed in their final

20.129

What is

the best

height

above floor level for a loudspeaker?For persons sitting down, approximately

positions, the generator gun is placed in

front of the microphone and the indicator unit is placed at the monitor

40 inches above floor level, because this
is the average ear level.
20.130 What are surround speakers?
-Loudspeakers placed at the sides and

speakers of a given channel. Thus, the
entire system can then be checked in a
matter of seconds. The most likely place
for a phase reversal to take place is in
a microphone or microphone cable. A

rear of an auditorium to create sound

polarity indicator appears in Fig. 10-

perspective.
20.131
Where should loudspeakers
be placed for sound reinforcement? --

128D.

Above the sound source, if possible, as

complete

schematic

diagram

of

the

this results in a more realistic repro-

The characteristic of the acoustic

duction.

pulse is a positive pressure wave of 300

EMr160
GUN

CABLE

>--E1
EMT - ISO

AMPLIFIER

GUN

>--11111
LAIT-160

PRE-AMPL

OUR

MICROPHONE

GUN

EMT -160

LOUDSPEAKER

-------

------

hoc.

Fig. 20-128E. EMT Model 160 polarity tester being used for testing microphone
cables, amplifiers, microphone, and loudspeaker. In the latter test an additional
microphone and preamplifier are required.
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20.132 Describe the phasing procedure far a two -channel home installation.

-The first step in phasing is to check
the polarity marking on the individual
speaker enclosures to ensure that the
plus or minus terminals are connected
to the plus or minus terminals of the
amplifier system, and that the left and
right sides are properly established (the
left speaker is the one to the left when
facing the enclosure). The tone controls
on the amplifier system are set to their
flat position. A monophonic record (a
single vocalist is best) is played in the
stereophonic position. The sound levels

from the right and left amplifiers are
adjusted for an equal level from both
speaker systems. The stereo balance

stereo balance control, the hole should
disappear. These tests are based on the
assumption that the leads from the two
sides of the stereophonic pickup unit are
properly phased. If a stereo control
center is being used, turning the pickup
reverse switch to reverse should deteriorate the sound considerably. This

assures the system is now in correct
phase. Special test records are available

for phasing, for adjusting the center balance and sound -level controls.
20.133

Describe

a

theater

loud-

speaker installation.-The majority of
motion picture theater loudspeakers
consist of a two-way system employing
a low -frequency section, which crosses
over at 400 to 500 Hz.
It appears that the first multiple -

control is now adjusted until the sound
appears to be coming from a position
between the two speaker systems. This
may require some adjustment of the
enclosure angles, relative to the listen-

speaker systems experiments were performed by Rice and Kellogg in 1923. In

ing area. To a person walking from side
to side, the sound should appear smooth
without a hole in the center. (Sec

tion of the frequency spectrum. A high frequency unit was described by Bostic

Question 20.160.)
If

the sound

in

the listening area

appears to have a hole in the center,
reverse the leads to one speaker (not
to both). Upon readjustment of the

their system, three horns were used,
and each horn covered a certain por1930. However, nothing was done
with these systems commercially until
the introduction of sound motion picin

tures.

The first commercial systems used
the curled horn (Fig. 20-59). Later, low -

Fig. 20-133A. Altec-Lansing theater typc, two-way loudspeaker system.
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frequency dynamic speakers in a baffle
were added and below the horns, with
the addition of two high -frequency units

which used a small horn about 4 to 6
inches in length. The first two-way
folded horn system as used today was
developed and built by Shearer and
Hilliard in 1934 at the MGM Studios
in Culver City, California. Generally
speaking, the basic design has undergone little change, except for the improvement of the flare rate by Olson
and the design of the speaker units by
various manufacturers. Electrical Re-
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systems nsed in the larger motion picture theaters, is shown in Fig. 20-133A.
Its construction consists of two horn type baffles, and each baffle has three
low -frequency speaker units and a
2 X 5 multicellular high -frequency horn,

driven by two driver units attached to
a Y-shaped throat, placed above the
two low -frequency assemblies. The two
slots at the lower portion of the system
arc parts, similar to a bass -reflex enclosure, for increasing the low -frequency response, as discussed in Question 20.60. The system uses an LC net-

search Products Inc. (ERPI now West-

work crossing over at 500 Hz, with a

rex) and RCA Manufacturing Co., in
collaboration with J. B. Lansing Co.,

cutoff rate of 12 dB per octave. A crosssectional view is given in Fig. 20-133B.
For smaller theaters, only one low -frequency unit is used.
Fig. 20-133C shows the front view of
an RCA PL 304 speaker assembly, which
is also used quite frequently in re-

contributed much to the early development of multiple -speaker systems.
A theater system, manufactured by
the Altec-Lansing Corp. and typical of
HIGHF R Lou f MCr
LOUDSPEAKER

im.K.TICELLuLAR

ii

H$C,RFRECHJENEr
HORN

T

-

I

1

LON

FREOANCY
LOUDSPEAKER

LOY-FREQUENCY
DAPPLE
1

recording (dubbing) stages for monitoring purposes. At A is a low -frequency horn (commonly called a bath
tub), with two 15 -inch low -frequency
speaker units B, feeding the throat
of the horn. At C and CC is shown the
curved mouth of the horn, which disperses the sound several degrees in the

vertical plane. At D and DD are ports
for increasing the low -frequency response. Above the low -frequency horn
is a high -frequency horn E, driven by

- PORT

a single driver unit (not shown). The
crossover network is mounted on the

of the lower horn. The overall
width of the assembly is 47 inches;
rear

T1

20-1338. Cross-sectional view of
Altec-Lansing two-way theater loudFig.

speaker system shown in Fig. 20-133A.

Fig. 20-133C. RCA theater loudspeaker
system type PL304.

Fig. 20-133D. RCA monitor speaker systern LC9A.
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tioned are of wide -frequency response
and arc capable of carrying high power

with low distortion.
The loudspeaker shown in Fig. 20133E is a Model A7 system, manufactured by Altec-Lansing, especially designed for small theaters, auditoriums,
and motion picture review rooms and
rerecording stages. The enclosure A
houses a single low -frequency unit B,
coupled to a short horn C. A slot D at
the bottom acts as a bass -reflex enclosure. The multicellular baffle E
spreads the high frequencies over a
120 -degree arc. The crossover frequency
is 500 Hz. The same speaker obtained in

a suitable enclosure for use in locations
where appearance is also essential is
known as Model A-7-500.
Speakers designed as pictured in

20-133E. Altec-Lansing A7 loudspeaker system. This system is a smaller
version of the larger systems, and is esFig.

Figs.

20-133C, D, and E are termed

"sort horns." The horn is designed with

a large throat area, with a rapid flare

pecially suitable for small theaters, auditoriums, motion picture review rooms,

rate, and a cutoff frequency below 100
Using this horn in combination
with a bass reflex enclosure and a high -

and rerecording stages.

Hz.

frequency horn results in a wide -frequency response. The frequency response for such a design is given in

height is 40 inches; depth is 321/2 inches.

The low -frequency units are each 32
ohms impedance and are driven in
parallel. The impedance of the high -

Fig. 20-133F and

frequency unit is 16 ohms.
A smaller, two-way speaker system,

to the theater speaker system of Fig.

is typical of such
designs. This basic design also applies

the RCA LC9A, is pictured in Fig. 20-

20-133A.

13313. The system is a somewhat smaller

version of the one shown in Fig. 20-

It should be recognized that theater
speaker systems are not required to

133C. The three speaker systems men -

have as wide a frequency response as

is
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111114011 cr
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6 Is xter
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'tic...c.c.

Fig. 20-133F. Typical frequency response for a short horn loudspeaker operating in
conjunction with a bass -reflex enclosure and high -frequency multicellular baffle.
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frequency

In large auditoriums or theaters
where the acoustic peaks may approach
large proportions at several different
frequencies, the peaks may be reduced

range is 30 to 10,000 Hz. As a rule, a
low-pass filter is used in the reproducing equipment to limit the response, as

or eliminated by the use of several filters, and the acoustic gain of the auditorium increased. This is discussed in

discussed in Question 19.78.
20.134 What is the vertical and

Question 2.117.

horizontal spread in degrees for a theater -type, high -frequency multicellular

tective circuit.-When operating a loudspeaker system with high-powered amplifier systems (particularly home -type

those used for hi -fidelity reproduction
in the home, although for the most part
they do have quite a broad frequency
response.

Generally,

the

horn?-About 105 degrees in the horizontal plane and 40 degrees in the vertical plane.

20.138

Describe a loudspeaker pro-

Describe the precedence effect.

equipment), the high -frequency speaker
unit can be easily damaged by the sudden surge of output power or by an os-

-This effect was discovered in 1933 by
F. K. Baker of the Bell Telephone Lah-

cillation of the amplifier system. A network to prevent such damage is shown

oratories and applies to the reproduction

in Fig. 20-138A.

of stereophonic sound. When a single
sound is reproduced from two loud-

At the low frequencies, the network
is practically an open circuit because
of the high impedance of capacitor C.

20.135

speakers and the sound from one
speaker is delayed by several milli-

seconds, the listener will hear the sound
as if it came only from the loudspeaker
where he first heard it. The listener also

will judge the second speaker to be
silent.
20.136
ence

What is a loudspeaker pres-

equalizer? -A resonant circuit

equalizer used in a theater sound reproducing system to increase the frequency
response of the midrange frequencies.
Geuerally, it is adjusted for a frequency
of 2700 Hz, using a rather broad peak.
The amount of equalization required

will depend on the type of high -frequency units and the acoustic response
of the auditorium. (See Question 6.69.)
20.137

What is a voice filter in a

theater loudspeaker system?-A parallel -resonant circuit connected in series
with the line feeding the loudspeakers.
Its purpose is to remove the tubbiness
of the male voice. The frequency of resonance is adjusted somewhere between
125 and 300 Hz. The amount of filtering
will depend on the auditorium acoustics
and the loudspeaker system. The circuit
diagram and method of connecting the
filter in the line is shown in Fig. 20-137.

As the frequency is increased, the reactance of the capacitor decreases. If the

amplifier should break into oscillation,
the capacitor reactance drops to a very
low value (almost zero) and leaves
only the resistor in the circuit to act as
a load across the output of the amplifier
and to prevent damage to the high frequency loudspeaker unit.
Such networks should always be connected across the output of an amplifier
when an electrostatic loudspeaker is
used, unless it is known that the amplifier will not oscillate with capacitive
loads. (See Question 12.167.) Average
values of R and C for a 16 -ohm output
impedance are 47 ohms in series with
0.10 µF.

Such networks may also be used with

transistors systems, but they offer little
protection, since at very low frequencies
the input impedance of a loudspeaker
system is at its lowest and acts as a

short circuit to the output of the transistors. Because of the fast rise tune of
a transistor as compared to a vacuum
tube, a faster -acting protective circuit
is required. In this instance a pair of di FEEDBACK

HMH- FREO
LOUDSPEAKER

,OUTPUT
I TRANS

AMPLIFIER

CROSSOVER
NETWORK

LOA- ERE°
LOUDSPEAKER

Fig. 20-137. Voice filter for removing
the tubbiness of the male voice in a

Fig. 20-138A. Method of connecting a

theater loudspeaker system.

of an amplifier.

tweeter -saver network across the output
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AMPLIFIER

Fig. 20-1388. Loudspeaker protective circuit using two silicon controlled rectifier
(SCR) units.

odes connected hack -to -back or silicon
controlled rectifiers SCR's may be used.

Several manufacturers of high -power
transistor amplifiers have included elab-

orate protective circuits in their amplifier circuitry. Such a circuit is shown at
the lower right in Fig. 12-256A.
A protective circuit using two SCR's

is shown in Fig. 20-13811. The firing
point of the two SCR's is adjusted by
potentiometers RI and R2. It will be
noted that R2 is reverse -connected to

permit the two potentiometers to be
ganged to move in the same linear direction. The firing point of the SCR's is
dictated by the peak power output of
the amplifier stage. The principal drawback to the use of SCR's (commonly
used for rectification) is their limited
frequency response. However, there are

available such devices with wide frequency response, and these arc the type

that should be used. When this circuit
is adjusted properly, it provides a fast acting protective circuit.
20.139 What is the recommended
frequency response for background music? -11 the ambient noise level is low,

from 80 to 6500 Hs. A volume -limiter
amplifier should be included to prevent

VOICE
COIL

overloading. If the ambient noise level
is high, the frequency response will require tilting upward at the low and high
frequencies.
20.140 How may the low -frequency
response of a loudspeaker be reduced?-

A convenient method of reducing the
low -frequency response of an individual
speaker unit for speech is by connecting
a capacitor in series with the voice coil
(Fig. 20-140). Paper or oil -filled capacitors are preferred; however, if these are
not available, two electrolytic capacitors
may be connected back-to-back, as
shown in (b) of Fig. 20-140.
The value of the capacitor for a given
cutoff frequency may he calculated by:
C

where,

79'600

fxZ

C is the capacity in microfarads,
f is the frequency of cutoff in H7,
Z is the line impedance in ohms.

A typical value for a I6 -ohm line with
a cutoff frequency of 250 Hz would be
19.9 µF.
20.141

How ore 1 -type controls con-

nected to a loudspeaker line?-They are
connected as shown in Fig. 20-141, with
the total resistance toward the network
or amplifier, and the variable portion of
the L -type control toward the speaker
voice coil.
20.142 What type volume controls
are recommended for loudspeakers?-

Either the L or T types. In the former
1.250

type, the impedance is constant in only
one direction. In the latter, the impedance is constant in both directions.
20.143 Is it permissible to connect

Ht

(a) 600 -ohm line.
TOTAL 20yF
a 4OpF

eOpF R
AMPLIFIER
I6A.

loudspeakers in series?-The connection
VOICE
COIL

I250112

(5) 16 -ohm line.
Fig. 20-140. Capacitors connected in series with a loudspeaker to reduce the
low -frequency response.

20-141. Proper connections for a
potentiometer or L -type attenuator in a
loudspeaker tronsmission line.
Fig.
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of loudspeakers in series is to be discouraged because of resonant peaks in
the speaker characteristics. At the resonant peak, the greatest amount of power

is required; and the impedance of the
loudspeaker is at its highest value, and
the current is at its lowest.
As a rule, no two loudspeakers have
the

same

peak

resonant

frequency;

therefore, if two or more loudspeakers
sire connected in series, several resonance points are developed. This means

that (or a given power level, the power
will differ for each loudspeaker and will
depend on the frequency of the peaks
Under such conditions, the loudspeakers will not have the same acoustic output level. Reproduction from such
a connection will result in heavy reso-

nant peaks which can become quite
objectionable.
Connecting a 4 -ohm and an 8 -ohm
speaker in series will result in the same
current (lowing through both voice coils
simultaneously. Since power is equal to
l'R, the 4 -ohm speaker will receive only

half the power that the 8 -ohm unit receives. However, since the impedance
of the two speakers will not vary in the
same relationship, this does not hold
true at all frequencies. When a group
of loudspeakers are to be driven from a
common source. they are connected in
parallel, and care should be taken that
the impedance match is satisfied. (See
Question 24.70.)
20.144 What is the frequency range

recommended for a high -quality paging
system? Because most of the intelligi-

bility of speech lies between 250 and
4500 Hz, it is unnecessary to reproduce
above or below these frequencies.
What is the approximate ra20.145
tio of dc resistance to the ac impedance

of a loudspeaker voice coil?-A rule of
thumb method of determining the impedance of an unknown voice coil is to

measure the dc resistance of the coil
and increase the value by 15 to 20 percent. Thus, a voice coil with a measured
de resistance of 6.5 ohms would have an
impedance on the order of 8 ohms.
20.146 Are special speaker units re-

quired for musical instrumentsl-Yes,
%Try rugged speakers are required to
handle the high power transients produced by such instruments, particularly
the guitar, bass guitar, string bass, and
electronic organ. Because of the practice of playing these instruments at high
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and intentionally introducing
transient distortion to obtain certain effects, the average high-fidelity loudspeaker unit designed for home use will
levels

not stand up under the continuously
high -power output demanded. Thus,
speakers using a diaphragm of special
design, materials, and suspension are
required. The average range of the
speaker unit is 40 to 8000 Hz since
the above -mentioned instruments fall
within that range.
20.147 What wire sires are recomloudspeaker

for

mended

transmission

lines, with respect to the frequency response?

Wire

Maximum Length in Feet (Pair)

Size

3 kHz

5 kHz

7.5 kHz

10 kHz

10

5000

3800

3000

2700

12

4000

3100

2500

2000

14

3000

2400

2000

1700

16

2500

1900

1500

1350

20.148

When is o line considered to

be of low impedance)-When the feed
output of

the driving amplifier directly

to the

loudspeaker voice coil, they are called
low impedance. Generally, the output
impedance of the amplifier lies between
4 and 30 ohms.
20.149 When should a highimped

once line be usedl-When the distance
between the driving amplifier and the
loudspeakers is greater than indicated
in the wire table of Question 20.151, or
when the power losses are 15 percent
or greater. Under these conditions, lines

of higher impedance are desirable. As
a rule, a high -impedance line is between 125 and 600 ohms. The signal is
transmitted at high voltage and low
current. Impedance -matching transformers are used at the loudspeaker
end to match the low impedance of the
voice coils to the line impedance.
20.150 What factors determine a
fine impedance?-The impedance of the
line is determined by the source and
terminating impedances. In audio -frequency work, the surge impedance of a
transmission line is generally neglected.
A transmission line is said to have an
impedance of 600 ohms when the source
and terminating impedances are 600
ohms.
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20.157 What are the wire sizes and
maximum lengths recommended for low impedance lines?

Wire

Load Impedance
8 Ohms 16 Ohms

Size

4 Ohms

14

125 ft.
57 ft.
50 ft.
25 ft

16
18
20

250 ft.
150 ft.
100 ft.
50 ft.

450 ft.
300 ft.
200 ft.
100 ft.

20.152 What are the wire sixes and
maximum lengths recommended for
high -impedance lines?

Wire
Size
14

16
18

20

Load Impedance
100 Ohms 250 Ohms 600 Ohms
1000 ft.
750 ft.
400 ft.
250 ft.

2500 ft.
1500 ft.
1000 ft.
750 ft.

5000 ft.
3000 ft.
2000 ft.
1500 ft.

20.153 What variation in frequency
response may be expected from a loudspeaker?-Loudspeakers, like any other

commodity, vary in their quality depending on the design, price, and the
manner in which they are used. For the
average -priced unit, the frequency response will vary from 4 to 6 dB. However, in the better quality units the variation will be considerably less. In a
well -designed, two- or three-way system, the variation may be within 2 dB,
depending on the type units, crossover
network, and the enclosure employed.
The latter item has a considerable effect
on the final response.

Fig. 20-1 54B. Center -derived channel. In
this circuit the grounds are connected to

the common terminal of the output circuit, resulting in a signal that is the difference between the left channel and the
right channel.

20./54

Show the method for deriv-

ing a center -channel speaker from a two -

channel stereophonic speaker system.In a well -designed two -channel stereophonic reproducing system, a center
speaker is usually unnecessary. However, if a center channel is required, it
may be derived as shown in the circuits
of Figs. 20-154A, B, C. The most desirable circuit is one that results in a sum

signal of the left and right channels
(Fig. 20-154A). It will be observed for
this circuit that the ground co. -sections

of the output transformer have been
moved from the common terminal to the
4 -ohm connection. This will, however,
necessitate some readjustment of the
negative -feedback loop components. In
some instances, a difference signal (Fig.
20-154B) may be quite satisfactory,

since this method eliminates the need

Fig.

20-1 54A. Center -derived

channel.

In this circuit the ground connection in

Fig.

the amplifier is returned to the four -ohm
tap rather than to the common terminal. The center channel is the sum of
the left and right channels.

fiers. The signal at the center speaker is
the difference between the left and right
sides (after Klipschl.

2 0-1 5 4C. Center -derived speaker
connections using conventional ampli-
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for rewiring the output transformer

dissipates its acoustic power, thus pro-.

circuit, and readjusting the negative -

clueing sound waves.

feedback loop. A center -derived circuit

20.158 How con reverberation in an
auditorium be reduced without acoustic

suggested by Paul Klipsch is given in
Fig. 20-154C. The output of this circuit
also is a difference signal.
After installing any of these circuits,

the sound level of the three speaker
systems must be carefully balanced and
phased
20.155 Describe a multiunit loudspeaker cluster.-Because of the direc-

tional characteristics of the high frequencies, some means must be taken to

spread them over the listening area.
This may be accomplished by the use of
multicellular horns, a multicellular baffle, or a cluster of small high -frequency
speaker units, as pictured in Fig. 20-155.
Here is shown a high -frequency cluster,
Model Et200YA, manufactured by R. T.
Kozak Manufacturing Co. It consists of
eight individual units, having a frequency response from 1500 to 20,000 Hz.
The recommended crossover frequency
for these units is 2500 Hz. The high fre-

quencies are spread over an

arc of

about 130 degrees. Each unit employs
an 8 -ounce Alnico -V permanent magnet. The units are connected in series parallel to present an 8 -ohm impedance.
20.156 Does a loudspeaker generate
subharmonics2-Yes, at one-half, one-

third, and one-fourth the fundamental
frequency. However, only the subharmanic at one-half the fundamental frequency is of any consequence.
20.757

What

is

radiation

resist-

ancel-It is the measure of effective air
load into which the loudspeaker system

treatment)-There is no substitute for
acoustic treatment. However, the effects

of reverberation may be diminished by
the following methods:
a.

If the auditorium is quite large, a
great number of loudspeakers may
be installed around the side walls
or in front of the sound source. In

either method, the speakers must
be operated at a level that will not
cause reflections from the opposite
wall. This method depends on the
distribution of the sound rather
than on the power of the sound.

b. A group of loudspeakers with directional baffles may be hung from

the ceiling and pointed to a position where the sound is reflected
from both the floor and the side
walls. Absorption obtained from
the audience in this manner reduces reverberation.

c. A third method is to reduce the
response of the loudspeaker system at the low frequencies. This
may be accomplished by altering
the frequency response of the amplifier system or by connecting a
capacitor in series with the transmission line or certain loudspeakers.

d. A fourth method, although somewhat costly and involved, is to reduce the aconstic peaks by tuning
the enclosure, as discussed
Questions 2.117 and 17.136.

Fig. 20-155. High-freguency loudspeaker cluster Model 8200YA manufactured by
R T Borak Manufacturing Co.

in
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20-159. Monophonic reproducing
system connected for pscudostercophonic
reproduction.
Fig.

20.759 Describe a pseudottereophonic reproducing system.-Pseudoster-

euphonic reproducing systems arc not
true stereophonic systems, but only
simulate the stereo effect. A monophonic reproducing system may be
made to reproduce a pseudoeffect as
shown in the diagram in Fig. 20-159.
A monophonic reproducing system is

Fig. 20-160B. Loudspeaker position versus the listening area for buss -reflex and

similar type enclosures that may hove
their angles varied.

shown driving two loudspeakers from
a simple speaker crossover network (6
dB p/o) to limit the frequency range of
the speakers. It will be noted that the
speaker on the left is limited to frequencies above the crossover fre-

uration, available wall space, furniture,
and the location of the listening area.
To attain true stereophonic reproduction, it may take sonic experimenting in

quency, and the one on the right is limited to frequencies below the crossover
frequency. The crossover frequency
may he from 400 to 800 Hz, depending
on the speakers employed.
Although the circuit shown will give
a fairly good imitation of stereophonic
reproduction when playing monophonic
records, it can be easily detected as not

ner speakers, with the approximate listening area. Here the angle of the enclosure is fixed, and the distance of the
listening area will depend on the separation of the enclosures.
In Fig. 20-160B, the angle of the enclosures may be varied. The listening
area depends on the separation of the
enclosures, and their angle with respect
to the listening area. Assume that two
enclosures are to he placed in a room

being true stereo by an experienced
stereophonic listener. The network can
be designed from the data given in Section 7. The speakers arc phased as for
any stereophonic reproducing system.
20.160

How are loudspeakers placed

for two -channel stereophonic reproduction? - For the proper placement of
loudspeaker enclosures in a living room,

several factors enter into the problemthe dimensions of the room, its config-

the adjustment and placement of the
enclosures. Fig. 20-160A shows two cor-

12 feet x 15 feet. In this instance, the
listening area is on the order of 10 feet
in front of the speakers for a separation
of approximately 12 feet. For a room of
approximately 14 feet x 23 feet the listening area is about 18 feet in front of
the enclosures. A guide to the approxi20

Is

2 FEET

10

5

1111
5

10

IILII 1111
5

20

25

DISTANCE IN FEET OF LISTENING AREA
IN FRONT Of ENCLOSURES

Fig. 20-160A. Loudspeaker position versus the listening arca for corner speakers with fixed enclosure angles.

Fig. 20-160C. Chart for determining the
approximate separation of loudspeaker
enclosures relative to the listening area.
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mate separation of the enclosures for a
given listening area distance is shown

high-level operation, 50, 75, and 100
watts per channel should be considered.

in Fig. 20-160C.

In a system employing 50 or more
watts of power, the amplifiers operate

After

initial

placement, the
speakers should he varied a few degrees
one way or the other to attain the
the

proper angles. In some instances, this
angle may be quite critical and will require considerable experimentation to
find the exact angle. Both speakers must

be set to the same angle, and have an
unobstructed path to the listening area,
since objects in the path of the speakers
will affect the high -frequency response.
Each room is an individual installation.
When the speakers are placed correctly,

a person walking across the listening
area should not have a feeling that there

is a sound void at any point between
the enclosures. Before any attempt is
made to place the enclosures in their
final position, the speaker systems
should be phased, a temporary balance
for sound level made between the two
enclosures, and the stereo -balance control set to its center position. As a final
adjustment, both the sound levels and

the stereo balance are readjusted, as
discussed in Question 20.132.
20.161
What size power amplifier is
recommended for stereophonic reproduc-

tion?-The subject of how much power
should be used to drive a stereophonic
reproducing system is a controversial
one. While it is true that the average
power required is only a few tenths of

a watt, to reproduce a record with a
wide dynamic range with realism requires an amplifier system of considerable power.
It should be remembered that as the
signal level on the record increases, the

amplifier output level must increase. If
the output level does not increase, the
amplifier may overload and cause distortion before the full dynamic range of

at

extremely

called

low distortion. When
upon to deliver near its full

power output, the program material is
not restricted, arid the amplifier adds
little distortion to the program material.
It is the trend to employ 40 to 50 watts
minimum for the average systems, and
for larger systems, 75 to 100 watts or
more per channel. Such systems have
no restrictions as to their dynamic
range and will reproduce with realism.
On an average, the amplifier delivers a
few tenths of a watt, but on heavy
peaks, the power demand could reach
GO to 100 watts. If the speaker system is
of the low -efficiency type, higher power
amplifiers are essential.
20.162
Where is the best location
for a monophonic loudspeaker in a me-

dium-sized room?-A corner location, if
practical, is preferred. For the best reproduction, the distance between the
loudspeaker enclosure and the closest
facing wall should not be less than onehalf wavelength of the lowest frequency
to be reproduced, or about 17.5 feet,
which corresponds to a half -wavelength
of 32 Hz.
Placing the loudspeaker enclosure in

a corner helps to load the speaker by
increasing the coupling to the air.
20.163 What is the effect of cavity
resonance in the mounting hole of a
loudspeaker enclosure?-When a loudspeaker is mounted in an enclosure, as
shown in Fig. 20-163A, variations in the
frequency response may be noted because of reflections and refractions from
the circular walls of the mounting hole

the record has heen reached. As an example, for an increase of 20 dB on the

record, the power output of the amplifier must increase 10 times. Thus, if the

average power output is 0.5 watt, on
peaks the power output is 5 watts.
The power of the amplifier system is
somewhat dictated by the circumstance
of the location. If it is in an apartment
where it is always played at a low level.

10 to 20 watts (each side) will suffice.
However, in an area where the sound
level is of no consequence, and assuming the speaker system is designed for

Cavity resonance caused
reflections from the edges of the
loudspeaker mounting hole.

Fig. 20-163A.
by
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loudspeaker un.ts should be spaced so
that the distance between them is not a

multiple or a submultiple of the diaphragm radius.
What
20./66

is

a distributed -port

enclosure? -A loudspeaker enclosure

similar to that shown in Fig. 20-166.
This enclosure belongs to the reflex
class of loudspeaker enclosures and has.

instead of the usual port at the lower
portion of the front panel, a group of
small holes in the front wall. Both the
impedance and frequency response are
Fig.

nated

20-163B. Cavity resonance elimiby mounting loudspeaker flush

with front of baffle.

This is particularly true if the front
wail of the enclosure is over one-half
inch in thickness.
Remounting the loudspeaker as
shown in Fig. 20-163B, with the mounting ring of the loudspeaker mechanism

flush with the front surface of the front
wall, improves the frequency -response
characteristics, as compared to the conventional method of mounting the loudspeaker on the rear surface of the front
wall.
20.164 What is o drone cone?-An
undriven loudspeaker cone mounted in
a bass -reflex enclosure. Its purpose Is

to smooth out the frequency response
and overcome the deficiencies of the
enclosure. Measurements made of enclosures using drone cones indicate that

a wider frequency range with greater
output is obtained than when using the
conventional rectangular port at the
bottom of the enclosure.
Drone cones are also used in drive-in
theater sound systems. The drone cone

controlled by the addition of a given
amount of acoustic resistance.
Interference between front and back
radiation has been eliminated because
the reflex action has an inherent cutoff
of high -frequency back radiation. Good
low -frequency response with low harmonic distortion is claimed for this
enclosure.
20.167

How

is

a

magnetic

head-

phone constructed? -A cross-sectional
view of a typical two -pole, watchcase type headphone is shown in Fig. 20-167.
Basically, it consists of two pole pieces

A, energized by a circular permanent
magnet B. Around the pole pieces are
two small coils C, consisting of several

hundred turns of small wire. A thin,
soft -iron diaphragm D, is supported at
its edges over the pole pieces by a nonmagnetic case E. The edges of the diaphragm are held in place by an ear cap
F, which is also made of a nonmagnetic
material. When the ear cap is tightly
screwed down, an air gap of approximately 0.015 inch exists between the
upper ends of the pole pieces and the
underside of the diaphragm.
ACOUSTIC

\ATMENT

s made of a waterproof material and
spaced about one-half inch in front of
the regular loudspeaker mechanism.
The drone cone is activated by air pressure produced by the movement of the
regular cone. The sound heard comes

from the drone -cone diaphragm. The
basic purpose of the drone is to provide
a waterproof enclosure for the conventional loudspeaker.
20.165 If two loudspeakers of identical design are close -coupled in a boffk,
how does tha efficiency wary? At the
low frequencies, the efficiency increases

as the square of the area of the cone.
Thus, the efficiency is increased four
times that of a single radiator. The

O0000
O0000
O0000
O

0

0

00

O0000
Fig.

20-166.

Distributed -port enclosure.
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20-167.

Construction of
double -pole magnetic watchcose-type headphone.
Fig.

E

CASE

B

CIRCULAR
IAAGNE

Because of the downward pull of the
magnetic field

on

the

diaphragm,

a

slight bias or curvature is caused at the
center, as indicated by the dotted lines
below the diaphragm.

In use, the two coils are connected
in series. When an alternating current
is applied to them, the diaphragm will

be connected by means of a capacitor
and resistor, as shown for the crystal
loudspeaker in Fig. 20-41B.
An output transformer may also be
used; however, it is rather difficult to
obtain such transformers, as the impedance of a crystal headphone is quite
high.

be caused to move either toward or

An alternate method is to use a 600 -

away from the pole pieces, depending
on the instantaneous polarity of the
magnetic field of the signal. When the
signal field is of the same polarity as
the permanent magnetic field, the pull
is increased, and when it is of opposite
polarity, the field strength is decreased.
This causes the diaphragm to oscillate
back and forth.
Movement of the diaphragm causes
alternate compression and rarefraction

ohm output transformer terminated in
00 ohms, with the crystal headphones
bridged across the termination. In this
type connection, the output level from
the phones will be considerably lower,

of the air at the hole in the ear cap,
resulting in the generation of sound

waves which are passed to the ear of

as the phones are fed as a bridging load.

The loss in level will be:
dB = 20 Log,.

Z.

where,
Z is the impedance of the headphones,
2, is the output impedance of the
transformer.

the listener.
20.170

Whet is the frequency char-

Because of the constant downward
pull of the magnetic field, the dia-

acteristic for a crystal headphone?-As

phragm does not move an equal amount
for each half cycle of the signal voltage.

shown in Fig. 20-170.
20.171
What is the overage imped-

Thus, distortion is introduced. Maximum sensitivity is obtained when the

ance of crystal headphones?-Approximately 45,000 to 80,000 ohms per pair,
with the headphones connected in par-

current flows through the coils

in a

given direction. This direction is generally indicated by the manufacturer by a
plus sign. If the correct direction is not
indicated, it may be ascertained by reversing the individual phone polarity to
obtain the loudest click when a battery
is applied to the coil.
When two headphones are used to-

allel.
20.172 Give the frequency characteristic for a 12.5 -ohm dynamic (moving coil) headphone.
typical frequency

-A

the crystal loudspeaker shown in Fig.

characteristic for a single 12.5 -ohm dynamic headphone of the moving -coil
type is given in Fig. 20-172A. It will be
observed that there is a considerable
dip at 4500 Hz and a peak at 7500 Hz.
If these deviations are of importance, as
they are in most monitoring circuits, an
equalizer can be inserted in the circuit
feeding the headphones to obtain a
more uniform response (Fig. 20-172B).

20-41A, except on a smaller scale.
20.169 How arc crystal headphones

20.173 How is an equalizer connected for crystal -headphone operation?

coupled to an amplifier?-They should

-As shown in Fig. 20-173.

gether, they must be phased; that is,
the diaphragms must move in a given
direction for a given sine.
20.168 How is a crystal headphone

constructed?-In a manner similar to

1144

THE AUDIO CYCLOPEDIA
10

5
0
5

6014a 00m1

200Hr

500142

Fig. 20-170 Frequency r

I ktll

2 WS

61042

10 RH:

f a typical crystal headphone.

5
0
5
10

-15

100mx

500M

2001 -ii

I

041

5H

2 HZ

10 Hr

2010-ir

FREOUE NC T
Fig.

20-172A. Frequency characteristic for a 12.5 -ohm dynamic Inlaying co I/
headphone. Note dip at 4500 tix and peak at 7500 Hz.

MONITOR MAP.

EQUALIZER
600112.41

600A

Fig.
12a

20-172B.

Headphone

monitor circuit with equalizer and volume control.

used. Suggested circuits are given
VOLUME
EOUALIZER

CONTROI.

in

Fig. 20-174A and Fig. 20-174B.
20.175

How ore headphones rated

relative to their impedance?-The im-

pedance is generally rated relative to a
frequency of 400 Hz. Headphones of the

20-173. Crystal headphones and
equalizer with volume control, operating
from a 600 -ohm transformer,
Fig.

20./74

How should magnetic headphones be connected to the plate circuit

of an amplifier?-They must always he
isolated from the high voltage that feeds

magnetic type (Fig. 20-167) are rated
in dc resistance for one or two headphones in series, which is no indication
of the impedance. A typical pair of
magnetic headphones rated at 2000 ohms

de resistance will have an impedance
of 17,000 ohms at 400 Hz. Dynamic head-

phones designed for aircraft generally
have an impedance of 125 to 600 ohms.
Monitor headphones used in sound recording have an impedance of 10 to 50
ohms per pair. Dynamic headphones of

the plate circuit. This may be accomplished by the use of a 0.5 to 1.0-ILF
capacitor in series with the headphones
or by using a coupling transformer.
Headphones must never be connected
directly to the plate because the high
voltage will damage the headphone

windings. If capacitor coupling is employed, a low -leakage capacitor must be

8+

Fig. 20-174A. Capacitor -coupled headphones, isolated from plate circuit.
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phones because of their light weight
and close contact with the ear. In Fig.

Fig.

20-174B.

Transformer -coupled
headphones.

high -impedance type employ a
step-up impedance -matching transthe

former, which is usually located in the
headphone case or on the cord.
20.176 Is phasing important in
headphones?-Yes, it is qnite important.
The two headphones must be connected

in such a manner that the diaphragms
move in the same direction at any given
instant.
20.177

Describe the construction of
headphones.-A pair of
stethoscope headphones manufactured
stethoscope

20-178B is shown a pair of such headphones. Each earphone has a plastic insert moulded to fit the recordist's ear
contours. The inserts are snapped on
the dynamic unit and can be removed
for cleaning. In some instances, to pre-

sent a more uniform frequency characteristic, equalizers are employed to
remove the peaks and valleys in the
frequency characteristics of the headphones used for high -quality monitoring.

The

two

diaphragms

must

be

phased to move inward (or outward)
for a given sign at a given instant.
Crystal headphones have also been
used for recording purposes but, due to
their changing characteristics with tem-

perature and hnmidity, they arc not
used to any great extent.

by Armaco of Japan are shown in Fig.
20-177. These phones consist of either a

dynamic or crystal driver unit placed at
the junction of the two plastic ear tubes.
The driver unit generates a sound pressure, which is conducted to the ears
through two plastic acoustic tubes. Although these headphones are quite satisfactory for general use, they are not
suitable for high -quality monitoring
purposes.

20.178 What type headphones are
recommended for motion picture sound
recording? -Dynamic moviug-coil types,
as pictured in Figs. 20-178A and B. Both

types of headphones pictured have a
total impedance of 25 ohms. The units
are connected in series. A typical frequency response for an individual unit
is given in Fig. 20-172A.
In the last few years, recordists have
turned to the use of hearing -aid -type

Fig. 20-178A. Perrnoflus Co., dynamic
monitoring headphones, Model DHS-28.

of

20.179 Describe the characteristics
stereophonic headphones.-Stereo-

phonic headphones arc generally of the
dynamic type and of the highest quality.
Each headphone is terminated in a tip,
ring, and sleeve -type plug (see Ques-

tion 24.5) and is carefully polarized to
assure that the diaphragms move in the

same direction at a given instant. The
frequency range is on the order of 30 to
15,000 Hz, with about 1 percent THD

for sound power levels up to 140 dB.
Fig.

20-177. Stethoscope type headphones by Armaco of Japan.

The impedance of stereo headphones is
such that they may be used with amplifiers having output impedances ranging

1
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20-1788. Hearing -aid
monitoring
head
phones, used for motion picFig.

type

ture

from 4 to 1G ohms. A pair of such headphones is shown in Fig. 20-179A.

A typical control box for using two
of headphones is shown in Fig.
20-179B. The controls P1 and P2 are
used for balancing the left and right
sides of the program material. In consets

necting the headphones to the plug, the
tip is always the right side of the channel and the ring the left channel, while
the sleeve is the common or ground
connection.

sound

recording.

20.180 What are language laboratory headphones?-1.anguage laboratories are installations used for teaching
of foreign languages. Headphones and

microphones used for this work must
have good frequency response, low dis-

tortion, and a high rate of intelligibility.
Such a pair of headphones and a noise
canceling lip microphone. manufactured

by Telex Acoustic Products, are pictured in Fig. 20-180. The headset is
equipped with foam -filled vinyl cushions for comfort, but is designed to attenuate the ambient noise level to a
negligible amount. The headphones have
a

frequency response within plus or

minus 2 dB, from 20 to 6000 Hz, with a
somewhat greater variation up to 10,000
Hz. The microphone covers a range of
100 Hz to 8000 Hz. plus or minus 5 dB.
The impedance of the headphones is 16
ohms. The impedance of the microphone

is 50 ohms, with an effective rejection
factor of 13 dB (See Question 4.120.)
20.181
Show a simple rc
'ye network for connecting stereophonic headphones to a system not involving loud-

speakers.-The network in Fig. 20-181
can be used with any type reproducing

20-179A. Dynamic stereophonic
headphones manufactured by Koss Electronics, Rek-O-Kut Div.

Fig.

equipment of stereophonic design where
the system does not involve loudspeakers. The jack is designed for use with a
tip, ring, and sleeve -type plug.
20.182 Describe
a
stereophonic
headphone control center.-A stereo-
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RIGHT PHONE

RIGHT CHANNEL

LEFT PHONE
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PLUG CONNECTIONS

Fig. 20-179B. Schematic diagram for stereophonic headphone connection.

phonic headphone control center provides for several different modes of
headphone operation, plus turning off

Fig. 20-182A. This unit incorporates a

of loudspeakers. A headphone center of

To understand the operation of the
Space -Perspective control and its circuitry, Fig. 20-182B shows the conventional connections for using stereo -

interesting design Model CC -1, manufactured by the Jensen Manufacturing

Div. of the Muter Co., is pictured in

Fig

registered trademark control,
Space Perspective.

termed

20-180. Dynamic headphones and noise -canceling lip microphone for language
laboratory use. Manufactured by Telex Acoustic Products.
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Fig. 20-181. Resistive network for feeding a pair of stereophonic headphones
from a circuit not involving loudspeakers for listening.
phonic headphones. Sound from the left
channel is presented exclusively to the

LEFT EAR

Fig.

left car, and from the right channel to
the right ear. Since there are no acoustical sound waves except those gener-

ated directly and confined to the individual ears, there is virtually no distance for the sound waves to travel. The

sound appears to come from close-up
left and right. The effect is as though a
partition has been placed through the
center of the head, with the orchestra
divided on either side. The auditor feels

as if he were in the center of the orchestra, rather than sitting in front of
the orchestra.
Conventional stereophonic listening
using two loudspeakers is shown in Fig.
20-182C. Here the sound waves from the
left channel progress to the left car and

RIGHT EAR

20-182B. Listener using
tional headphones.

conven-

heard from two loudspeakers. The time
delay (about 0.4 millisecond) was calculated, using the dimensions of the average human head and the velocity of
sound. However, the frequency characteristics introduced in the natural process of live listening by the build-up and
shadowing of the sound pressure at the
ears as the sound wave flows around
the head presented the greatest problem.

Exhaustive measurements of head
diffraction by Weiner were used by

r

also to the right ear, reaching the right

SPEAKERS

LEFT

RIGHT

ear slightly later in time, due to the
distance of travel around the head to
reach the right ear. The same effect
takes place for the right channel and
ear. When the sound is the same on
both channels, it appears to emanate
from the center, and reaches both cars
simultaneously.
B. B. Bauer of CB.S Laboratories reasoned that an electrical network could
be designed to give the time delay and
frequency transmission characteristics of
sound waves flowing around the head,

/

/1

/
L

rR

LEFT EAR

Fig.

and having the same quality as when

04

ki

00

ij

RIGHT EAR

20-182C. Listener using
tional loudspeakers.

conven-

Fig. 20-182A. Jensen Manufacturing Div. stereophonic
headphone
PJ

center,
CC -1.

Model
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Fig. 20-182D. Original electrical network developed by Bauer for stereophonic headphone listening,
AMPLII IRS
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Bauer to develop the required electrical
network. In addition to the time delay
and the Weiner diffraction data, an additional condition had to be imposed to
make the work practical. The network
must progressively be eliminated as the
sound shifts from the sides to the center, if the panoramic perspective is to be
accurately portrayed to the listener. The
network of the original Bauer circuit is
given in Fig. 20-182D. Its operation is
shown in Fig. 20-182E. Observe the similarity of the current flow (indicated by
the arrows) to the acoustic sound waves
around the head of the auditor.

'SPACE PERSPECTIVE NETWORK

L -R

(R.
LEFT EAR

RIGHT EAR

Fig. 20-182E. Current flow in the Bauer
network of Fig. 20-182D.
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Fig. 20-182F. Schematic diagram for Jensen CC -1 stereo headphone control center.
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Fig. 20-1 8 2G. Comparison of frequency measurements made using the Jensen Space
Perspective network, with the Weiner diffraction measurements superimposed idotted
lines).

The circuitry for the Jensen CC -I
stereo headphone control center is given
in Fig. 20-182F and was developed from

the previous work of Bauer. Measured
frequency characteristics of the network and the Weiner diffraction measurements (dotted line) are compared
in Fig. 20-182G. The listening effect of
this network is that excessive livencss
disappears and the sense of spaciousness is almost the same as listening to
the loudspeakers as shown in Fig. 20182C.

frequency response. However, this is
not always true because theoretically
an 8 -inch diameter speaker unit will
reproduce low frequencies as well as a
15 -inch unit. The diameter does, however, have a direct relationship to the
acoustic power produced at a given frequency, since the larger diameter of the
radiating surface provides greater coupling to the air and will move more air.
Fig. 20-183A shows a book -shelf sysmanufactured by Warfedale of
England. The enclosure is of the acoustem

building loudspeaker systems small
enough to go into a hook shelf has pro-

tic suspension type (air tight), employing low- and high -frequency speaker
units. A special treatment of the interior
baffling is used to increase the low -frequency response. Also contained within

gressed to a point where such loud-

the enclosure is a 500-112 crossover net-

speaker systems rival some of the larger
systems. Generally speaking, the smaller
the enclosure, the less is the low -frequency response. The efficiency of a

work and an LC high -frequency roll off control, which tapers off the high

large diameter speaker unit placed in
an improperly designed enclosure is
much less than that of a small unit in a

inches in diameter, with high compli-

properly sized enclosure.
It is often assumed that the diameter
of the speaker unit determines the low -

low -frequency unit by its own enclo-

20.183
acoustical
enclosures

Describe the construction of
suspension -type loudspeaker
(book shelf). - The art of

2 -SECTION LC NETWORK
PLUS ACOUSTIC
COMPENSATION CONTROL
THAT ADJUSTS BOTH
MID AND HIGH
FREOuENCIES

frequencies starting at 2000 Hz
The

low -frequency

FREQUSEPARATEENCY HIGH

TwEENEQU
HIGHENcy
AND

LOY/ FR
UNITS.

AIR TIGHT ENCLOSURE

is

8

ance and a low -resonant frequency. The
high -frequency unit is isolated from the

sure. Tuning slots in the interior baffling
complement the low -frequency reso-

PERMEABLE COMPRESSION
BARRIER, EQUALIZES FRONT

AND REAR RADIATION

IMPEDANCE TO PREVENT
AXIAL EXCURSION
CISTORTION
13" HIGH COMPLIANCE

ENCLOSURE
PREVENTS
MECHANICAL
COUPLING BE-

speaker

LOW -RESONANCE
SPEAKER
LONG -FIBER
WOOL AND VIRGIN
PULP DIAPHRAGM

CA 1NET TUNING SLOTS,
COMPLEMENTS LOWFREOLANCY RESONANCE

Fig. 2 0-1 83A

Interior view

book -shelf type loudspeaker system manufacof

tured by Warfedale of England. (Courtesy, British Industries Corp.)
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AIR -TIGHT
ENCLOSURE

1900 CPS

Interior view
of a Goodmons of England
Fig. 20.18313

Maximus I book -shelf loudCourtesy,
speaker system.
UTC Sound Division /

CROSSOVER
NETWORK

ACOUSTIC
TREATMENT
PLASTIC
DOmES

2.i/2"

MIDRANGE a NIGN
FR OuENCY

3.1/2 La
MAGNET

4' NIGH
COMPLIANCE

LOwFREOUENCy

ALS

UNIT

nance. The physical size of the enclosure is 19 x 10 x 91/2 inches.

A second book -shelf system, Maximus I, manufactured by Goodman of
England, is pictured in Fig. 20-183B. It
also is of the acoustic -suspension type,
using an
air -tight enclosure. The
speaker array consists of a 4 -inch low frequency unit employing a 31/2 -lb mag-

net, with high compliance and low resonance. The high -frequency unit, approximately 21/2 inches in diameter, is
back -loaded and covers both the mid and high -frequency range. Both speaker

units are sealed at the front, with the
unit completely enclosed to isolate it from the low -frequency unit. The enclosure also houses
a 1900 -Hz LC crossover network and is
completely filled with acoustic absorption material. The frequency range is
within plus or minus 2.5 dB, from 110
high -frequency

Hz to 15,000 Hz. The low -frequency end

drops off to 7 dB in the 60- to 90 -Hz
range. The efficiency is quite low, so the

speaker should be driven with at least
20-183C. Goodmons Maximus 7
three-way book -shelf speaker system.
Fig.

(Courtesy, UTC Sound Division/

a 20 -watt amplifier. The enclosure measures 101/2 x Vi X 51/2 inches.

A third enclosure, shown in Fig. 20183C, is manufactured by UTC-Good-

NIGH- FREOUENC UNI'

Fig

20-183D. Electro-Voice

E -V

Four,

book -shelf loudspeaker system.
MGM -COMPLIANCE
LOW. FREOuENCV
UNIT
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mans and is known as the Maximus 7

ohms each and mounted in an open -back

three-way speaker system. The speaker
unit consists of a 12 -inch low -frequency

baffle

unit, two midfrequency units with bipolar lenses, and a dome lens multi cellular high -frequency unit. The enclosure also contains an LC 1800 and
8000 -Hz crossover network. The interior of the enclosure is completely
filled with an acoustic absorption material. Two controls on the front panel
permit the use to adjust the mid- and
high -frequency

response

to

suit the

particular acoustic conditions. The fre-

is pictured in Fig. 20-184A. The
individual free -air resonant frequency
of the 32 units ranges from 66 to 70 Hz.
The 32 units are connected in parallel,
thus presenting to the driving amplifier
an impedance of 3.12 ohms. It will be

noted that each unit

is

fitted with a

high -frequency whizzer. The frequency
characteristics (taken out doors) are
given in Fig. 20-184B, with the har-

monic distortion characteristic shown in
Fig. 20-184C. The impedance variation
ranges from 3 to 6 ohms.

quency response is 45 to 20,000 Hz. This
is also a low -efficiency system. The
overall dimensions are 24 x 14 x 12
inches.

An interior view of an Electro-Voice
E -V Four speaker system is given in
Fig. 20-183D. This unit, like most shelf
speakers, is an acoustic -suspension type,
and it employs a low -frequency dy-

namic unit, midrange diffraction horn
driven by a compression driver, and a
5 -inch high -frequency dynamic unit.

Crossover frequencies of 800 and 3500

Hz arc provided by an LC network,
with external controls for adjusting to
meet local conditions. The low -frequency unit employs a ceramic permanent magnet. Frequency response Is 30
to 20,000 Hz, with a power capability of

peak power. The enclosure

60 -watts

measures 25 X 14 X 134 inches.
20.184 What is a series -parallel
loudspeaker array? -A series -parallel

array consists of many small individual
4- or 6 -inch units connected in series parallel. If the individual impedances
of

the units are sufficiently high, the

units may be connected in parallel. The
baffling may be either a flat or a curved
assembly. A curved array, designed by
Brian Clarke, consisting of 32 individual
6 -inch units with an impedance of 100

Fig. 20-184A. Series-porallel array using
32 -individual
H.

F.

500 700

IK

speaker uni s.

(Courtesy,

Soles, Vancouver 8 C., Canada

3
-10

1
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SO

70
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200 300

25

3K

SK

75

ION

20K

TREOuEteCt IN HERTZ

Fig. 20-184B. Frequency characteristics for a 32 unit series parallel loudspeaker
array loiter Clarke/.
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1000
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Fig. 20-184C. THD measurement For series -parallel loudspeaker array (after Clarke).
25.6n EACH ROW

Fig. 20-184D. Series -parallel connection for thirty-two 3.2 -ohm speaker unit,. Tho
plus sign indicates the plus terminal for phasing purposes.

.5
0

-5
20

100

0,000

1000
FREQUENCY IN HERTZ

Fig. 20-184E. Frequency characteristics for a 22 -unit array.

If speaker units of other impedances
are used, they are series -parallel connected to reflect the desired impedance,
within plus or minus 15 percent, of the
driving output impedance. Fig. 20-184D
shows a series -parallel mesh for the 32
3.2 -ohm speaker units to provide an
approximate load impedance of 6.4
ohms. Generally, an open -back flat baf-

fle arrangement is employed with the
speaker units spaced edge -to -edge, with

the distance between speakers equal to
one-half the radius of the speaker diaphragm. The frequency characteristics

for a 22 -unit array are given In Fig.
20-184K It has been found in some instances that additional, separate high frequency units had to be used to obtain
the proper high -frequency response beyond 8000 Hz. In this instance, the

crossover frequency
around 6000 Hz.
20.185

selected

was

Describe on in -line or sound

column loudspeaker array.-Sound col-

umn loudspeaker arrays are unitized
speaker systems for commercial sound
and public address system applications.
The speaker column consists of several
direct -radiator speaker units placed one
above the other (Fig. 20-185A). The
purpose of this design is to confine the
sound distribution pattern to a fan shaped beam, with wide horizontal and
narrow vertical coverage. Although this
method of mounting speaker units in a
column is now used quite extensively,
it

is not new. It was used in the first

RCA Photophone sound motion picture
theater installations in 1928. In these
installations, the speakers were housed
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in individual metal baffles, stacked in
columns at each side of the screen and
focused to the rear of the theater. If the
theater had a balcony, a row of speakers was also placed above the screen.

Two general forms of construction
have evolved from such experimental

L

work done by individual reseachers and
manufacturers of loudspeakers. They
arc the straight and curved types (Fig.
20-185B and Fig. 20-185C). Several individual speaker units, parallel -connected and in phase, are placed in columns. The speaker diameter may be 6
or 8 inches. The interior of the column
is filled with Fiberglas. With a wide

20-185A. Simple in -line speaker
column. The housing contains five identical speaker units parallel -connected.
and in phase.
Fig.

Fig. 20-185B. University Sound Model
C50-4 sound column employing acoustical tapering.

Fig.

20-185C.
Electra -Voice
Model
LR-4A curved -line radiator.
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Fig. 20-185D. Cross-sectional view of a sound column employing 13 individual
speaker units.
Ft01.0
0

0
sn

Fig. 20-185E. Vertical polar pattern for
a line radiator. The heavy line is a pattern for a given separation of the speaker

units. The dotted line is the result of increasing the separation between speakers.

(Courtesy, Electra -Voice Inc.)

CURVED

---- STRAIGHT

horizontal sound distribution and about
a 30 -degree spread in the vertical plane.
the efficiency of such arrays approaches

that of a horn. The vertical distribution
varies with the column length-the

20-185F. Vertical polar patterns
showing the difference between straigh
and curved line radiator arrays. (Courtesy, ElectroVoice Inc.)
Fig.
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Fig. 20-185G. Frequency response for the sound column shown in Fig. 20-1858
The measurement was made with the microphone 4 feet on axis. in the center of the
column. Reference frequency 1000 Hz at 1 -watt input.
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longer the column the narrower the
there is a limit to this procedure. When

straight -type array is given in Fig. 20185E. It will be observed from the plot
that as the physical separation between

properly installed, the sound quality

the speakers is increased, additional

and coverage is far superior to the conventional -type installation and exhibits
a reduction in reverberation effects.
A cross-sectional view of a straight
in -line array is given in Fig. 20-185D.
Basically, this particular enclosure consists of a heavy plywood case containing 13 individual 4 -inch speaker units.
To control the polar pattern, acoustical
tapering is employed. This is accomplished by covering the diaphragm surfaces of all the speaker units, except
the center one, with a wedge of Fiberglas. The inner surfaces of the case are
also lined with Fiberglas. Although this
array employs 13 speaker units, fewer
speakers could be used. Tests indicate
that type PF-105 Fiberglas is satisfactory for use with these devices.
Sound column speaker arrays are also
constructed electrically by using several

lobes appear and the principal lobe becomes more pointed. The polar plots in
Fig. 20-185F are indicative of how the

different methods for controlling the
frequency response and the polar pattern. One method is to employ a com-

5000 Hz is 150 degrees, and at 10,000 Hz
it is 120 degrees, plus or minus 5 dB.

bination of single -diaphragm speaker
units in combination with dual -dia-

stereophonic speaker system using curved

phragm speakers. In this instance, the
dual -diaphragm speakers arc placed in
the center of the column and the single
diaphragm units out to the ends. Another method uses a frequency -discriminating network to control the re-

phonic reflector -type loudspeaker system is given in Fig. 20-187. The reflec-

vertical distribution angle. However,

sponse, and yet another employs several

large single -diaphragm speakers with
several

small

high -frequency

units

placed near the center, but alongside
the larger units.
A vertical polar pattern, for a typical

vertical polar pattern changes for a

curved (solid line) and straight (dashed
line) array. The frequency response for
the University Sound column in Fig. 20185B appears in Fig. 20-185G.
20./86 Describe
a
stereophonic
speaker system using slot -loaded high frequency

speakers. - Two Model P-

4000 -P stereophonic loudspeaker systems, manufactured by R. T. Bozak, arc
illustrated in Fig. 20-186. It will be observed that a vertical column of eight
high -frequency units are mounted behind the supporting baffle plate. The
manufacturer claims that by mounting
the high -frequency speakers in

this

manner, the dispersion of the high frequencies is improved. The dispersion at
20.187

Give the plan view for a

reflectors.-A plan view for a stereotors are made from two sheets of
inch,

4X8

Masonite

and

1/4 -

strongly

braced to prevent vibration. The curve
is such that the speaker position can be
adjusted to spread the sound completely
over the listening area. The use of the
center speaker is not absolutely necessary. The reflective panels arc curved
inward, more at the center than at the
edges, to

project the sound into the

Fig.

20-186.

Stereophonic

loudspeaker system by R. T.
Basak
Mfg. Co. Model
P -4000-P.
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Fig. 20-187. Stereophonic loudspeaker system using two reflectors and a center derived speaker.

radiation. Mean energy measurements (MED) will give an immediate
picture of the total energy output, and
consequently a direct measurement of
its efficiency. Such type measurements
are quite useful in investigating the

center of the listening area. Phasing and

of

positioning of the three speaker units
are essential to its operation.
20.188 What is the purpose of testing loudspeaker systems in a reverberant
room? -It has been the practice for

many years to measure the characteristics of loudspeakers in an anechoic
chamber, because the engineer may
then reduce the results to simple math-

characteristics around the crossover
frequency of multiple -loudspeaker sys-

able space and special construction. On

tems. Such chambers are also used for
many different type measurements not
involving loudspeakers. Anechoic and
reverberant chambers are discussed in
Questions 2.83 and 2.99. The reader is
referred to the references.

the other hand, reverberant chambers
are quite easily constructed by using

plifier using an integrated circuit.-With

hard

The

the development of the integrated -cir-

emitted sound energy may go through
numerous reflections before it is finally
attenuated.
Reverberant chambers give the response characteristics for any direction

cuit elements, the art of hearing aids

ematical

terms.

However,

anechoic

chambers arc quite expensive to construct and generally require consider-

nonabsorptive

surfaces.

20.789

Describe a hearing -aid am-

has developed rapidly. Illustrated in

Fig. 20-189A is a complete hearing aid,
manufactured by Zenith Hearing -Aid
Division, designed for behind -the -ear

Taperer! Sauna tcp

*--471
Swat Condaeonng Tut*
Internal

Parma,'

/Eartaxad Connector

)
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..Tate Touch" 3 valy
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Ina Cet OFF conttol

"Mao Uttar " Cocaet
Battery Contact

Shot Wake Battery
I
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=4 I

ter/pone Potato Cod

a'w

Fig. 20-189A. Interior view of a Zenith hearing aid using an integrated circuit
module of very small size.
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Fig. 20-11190. Internal circuitry for Zenith hearing aid using an integrated circuit
module containing the equivalent of six transistors.
use. The various components are called

frequency characteristic Is given in Fig.

out, with a scale in inches along the
bottom for comparison of the compo-

20-189D.

nent size.

loudspeaker.-In 1858, Leon Leconte in
England observed that when a flame
was subjected to sound waves, it would
respond in various manners. This observation led to the development of several experimental devices in which a
diaphragm driven by the application of
audio frequencies modulates the flame.
causing it to act as a loudspeaker with
a fairly high efficiency. Sound pressures

The heart of the device is an integrated circuit which contains the equivalent of six transistors and 16 resistors.
The system also includes a microphone
and a telephone pick-up coil, either of
which may be activated by a switch on
the side of the housing. The sound, after

amplification, is applied to an internal
receiver, and then conducted acoustically down a plastic tube to Sr. ear -

20.190

Describe

pyroocousfic

ranging from 90 to 95 dB have been

mould connector and into the ear cavity.

achieved.

The battery is a silver -oxide cell, with
a life expectancy of 53 hours. The internal circuitry is given in Fig. 20-189B.
The complete device may be obtained

Although the high -frequency re spouse is quite good, at the lower frequencies the response falls off at a rate

as a separate behind -the -ear unit, or as

Hz. This is the result of poor coupling
to the surrounding air. Increasing the

a component part of the temple on a
pair of eyeglasses (Fig. 20-189C). The

of 6 dB per octave, starting around 2000

area of the flame increases the low -frequency response. Considerable development work on this device has been done
by both the Sonic Department of Stanford Research Institute, and the United

Technology Center of United Aircraft
Corp. At the present time, no practical
use has been found far the device.
20.197

20-189C. Eye glasses with Zenith
hearing aid built into the temple piece.
The volume control and the acoustic
tube Funning to the ear cavity are seen
beta. the temple piece.
Fla.

Describe

a

compressed -air

loudspeaker.-This type loudspeaker
was developed sometime In the early

twenties and was used for public address systems and in military airports
during World War II. The device con-
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Fig. 20-189D. Frequency characteristics of Zenith hearing aid using an integrated
circuit module. The solid line is the normal response.

sists of a value operated by audio frequencies which, in turn, modulates an

air stream with approximately 25 lbs
per square inch. Modulation of the air
stream takes place at the audio frequency rate impressed at the control
valve. The valve is coupled to a horn
for greater efficiency. The sound power
output from the horn is many times that
of the power applied to the valve. Sound

pressure levels of 120 dB in the mid high -frequency range can be achieved
with good intelligibility. However, the
harmonic distortion is rather high compared to a conventional loudspeaker;
therefore, careful adjustment of the
valve mechanism is required. Generally,

several valve and horn assemblies are
mounted in a cluster.
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Section 21

Power Supplies
Before the advent of regulated power supplies, 10 to 20 percent in voltage variations were encountered. With regulation, this was reduced to 2 or 3 percent, but

the transistor has increased the demand to variations of 1 percent or less. For
highly sophisticated equipment, this may be on the order of 0.1 percent.
The regulation of power supplies has a great bearing on the quality of sound
recording and reproduction. This is also of prime importance in the testing and
measurement of equipment. The ac line voltage must be held within close tolerance
of its specified rating (both single and three-phase), and dc ripple voltage must be
negligible. This section investigates the following: regulated and unregulated
power supplies; voltage doublers, triplers, and quadruplers; constant -current and
constant -voltage supplies; transient recovery time; filtering; rectification; and
general considerations in the design and usage of power supplies.
has no means of compensating for
changes in line voltage or load conditions. The output voltage of the power
supply is governed entirely by the line
voltage and load conditions at any particular instant. A typical unregulated
power supply is shown in Fig. 21-2.
Here the high voltage from transformer
TI is rectified by a full -wave rectifier

21.1 Describe the classification of
different typo power supplies.-In the

early days of radio when equipment
was operated from batteries, different
nomenclature was assigned to the batteries to identify their positions in the
circuit. The batteries were designated
"A" for filament supply, "B" for plate

supply, and "C" for bias voltage.

In

equipment using a Separate screen supply,

tube VI, and then filtered by means of a
two -stage LC -type filter. The filter consists of chokes L1 and L2 in combination

the supply was designated "D."

When the conversion was made to rectified ac, the designations carried over,

with filter capacitors Cl, C2, and C3,

and the plate supply was termed "B"

and terminates in a bleeder resistor R111..

supply, and so on for the others.

Secondary winding Si is used to supply
heater voltage to other equipment Two
small capacitors of 0.05 1.iF each are

21.2

Describe en unregulated power

supply.-An unregulated power supply

Fig. 21-2. A typical nonregulated power supply.
1103
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connected across the ac line to ground
for eliminating line noise from entering
the power -transformer circuitry.
21.3

Describe

the operotion

of

a

regulated power supply.-It is a high- or
low -voltage power supply in which the
output voltage is controlled in such a
manner that when the load demand
varies, the output voltage of the power

supply remains constant or within a
small percentage of the rated ouput
voltage. Power supplies may also be
designed to regulate with respect to the
line -voltage variations. A typical regulated power supply, similar to that used

for operating recording equipment or
any other devices requiring a constant
source of voltage, is shown in Fig. 21-3.
At the left is a conventional power

transformer, with two diode rectifiers,
connected for full -wave rectification,
and a single -stage LC filter section
using a capacitor input. Two low -voltage secondaries supply the heaters of

tor It, in the cathodes of VIA and VIB.
As the plate current in VIA changes,
the plate current of VIB is also changed,
increasing or decreasing the bias at the

control grid of V2. The bias voltage of
V1B is fixed by the 0C3 (VR105) gas
regulator tube. Changing the bias voltage on the control grid of V2 causes a
change in the plate current through the
520,000 -ohm load resistor in the plate
circuit; thus, the bias on the control
grids of V3 to V6 is changed. Shifting
the bias voltage on these tubes permits

a greater or lesser amount of current
to flow from cathode to plate, thereby
satisfying the demand for more or less
current at output terminals.
The ripple voltage of a regulated
power supply is considerably lower than
in a conventional power supply because

supply. This potentiometer is set for a
given voltage under load. When variations in the load current occur, the bias

of this regulating action. To stabilize a
regulated power supply, it is customary
to connect a large electrolytic capacitor
across the output terminals. This helps
to lower the internal impedance and
prevent oscillations. To prevent oscillation in the current -regulating tubes V3
to V6, resistors of 1000 ohms are connected in each control grid and a 100 ohm resistor is connected in each plate
and screen circuit.
To prevent the gas regulator tube V3
from acting as a relaxation oscillator,

voltage applied to the control grid of
VIA is changed by the change in the

the value of the capacitor in parallel
with this tube should not exceed 0.10

voltage drop across potentiometer P.
Changing the bias on the control grid

pF.

the four pass -tubes (current regulators)
V3 through V6, and the heaters of tubes

VI and V2.
The value of the output voltage

is

adjusted by the 50,000 -ohm potentiom-

eter P across the dc output of the

of VIA controls the amount of current
flowing through the common bias resis-

The capacitor connected at the grid
of VIA should not be any larger than is
required to remove the ripple voltage

Fig. 21-3. Circuit for a 450 -volt, 225 -milliampere regulated power supply.
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horn the grid. If a value greater than
Nistr

AC

0.25 ALF is used, a time lag will be intro-

duced in the regulation time.

RECTIFIED AATV\APuT
OUT

The gaseous regulator tube V3 establishes a reference voltage and maintains

AC

the cathode of V2 at a constant potential, regardless of the voltage at the
output of the rectified system. The stability of the supply is dependent on the
constancy of the voltage drop across V3.
The rectifier circuit of a regulated

power supply must furnish a higher
output voltage than an unregulated

power supply because of the voltage
drop through the current regulating

Fig

using

and reduces common coupling of external equipment fed by the power supply.
The power supply shown in Fig. 21-3

is capable of supplying 450 volts at a
current of 0.225 ampere, with a ripple
voltage of 0.0015 volt, or a noise level
of 109.5 dB below the maximum de
output voltage.
21.4 What is a half -wave rectifier?

-A rectifier circuit in which only the
positive cycles of the applied ac voltage
are rectified. The circuit and waveforms
for such a rectifier circuit are shown in
Fig. 21-4.
21.5 What is a full -wave rectifier?

-A rectifier circuit in which both the
positive and negative cycles of the applied ac voltage are rectified. The circuit and waveforms for such a rectifier
circuit are shown in Fig. 21-5.
21.6

diode

rectifier circuit
rectifiers, showing wave-

Full -wove

forms at input and output.

tubes.

The low output impedance of a regulated power supply makes the output
voltage independent of load variations

21-5.

circuit using solid-state rectifiers. The
explanation is the same for both circuits.

Referring to Fig. 21-6A, on the positive peak of the input voltage Eke, capacitor CI is charged through rectifier

V1B to the peak voltage of

The

negative half of the cycle charges capacitor C2 through rectifier VIA. The
polarities are such that the voltages are

additive. Voltage E,. at the output is
approximately double the peak voltage
of E.c.

Voltage doublers may be used directly from the line or from a power
transformer. The circuit shown is a
half -wave doubler and delivers 2.82
times the rms value of the secondary
voltage.

Describe a voltage -doubler cif-

cuit.-A voltage -doubler circuit is one
in which the rectifiers are connected in
series, resulting in twice the voltage

output as for a single rectifier. In Fig.
2I -6A is shown such a circuit using
vacuum tubes, and Fig. 21-6B shows a

Fig. 21-6A. Voltage -doubler circuit using
vacuum tubes.

J4PUT

AC 1:;AAJ

Fig. 21-4. Half -wave rectifier circuit and
waveforms at input and output.

C1

Fig.

21-68. Half -wave voltage -doubler
using solid-state rectifiers.

1166

THE AUDIO CYCLOPEDIA

C3 is now the voltage across Cl, plus
the peak voltage of E.,..

PI

EAC

HALF

u7VAE

VOLTAGE
L

The voltage across C2 is now brought
to the same value as C3, through rectifier D3. The output voltage Eo, is ap-

proximately three times the peak volHALF
VOLTAGE

tage E.1.
21.8 Describe a voltage quadrupler.

-Theoretically, it is possible by adding
stages of rectification and
capacitor combinations to raise the
voltage indefinitely; however, from a

successive

Fig. 21-6C. Full -wave symmetrical voltage -doubler circuit.

Voltage doublers may also be designed for a symmetrical configuration
(Fig. 21-6C). The advantages of this
circuit are that it is a full -wave circuit,
with a lower ripple content, better voltage regulation, and with a ripple vol-

practical standpoint, this becomes economically unsound. Fig. 21-8A shows a
voltage quadrupler using two vacuum

tubes, with a similar circuit employing
solid-state rectifiers shown
21-8B and C.

in

Figs.

is

Circuit.
deliv-

tage double that of the half -wave configuration. It is quite important that the
capacitors in the doubler circuit (also
for triplers and quadruplers) be close
to the same capacitance value, to keep

the load evenly divided between the
two rectifiers. A half -voltage point is
also available by tapping off at the
junction of the two capacitors.

Resistor R1 in the solid-state doubler is a current -limiting resistor used
to reduce the in -rush current until
the load current becomes normal. 11 a
transformer is used. resistor RI can
usually be omitted, as the dc resistance

Fig.

21 -BA. Voltage -quadruple

Four -times the output voltage

ered as for a single rectifier.

of the transformer acts as a current limiting resistor.
21.7 Explain the circuitry of a voltage tripler. - Referring to Fig. 21-7,
during the first half cycle of the source
voltage Ear charges Cl through rectifier

Dl to the peak voltage value of Ea...
During the other half cycle, the voltage
across CI and RIX are in series -aiding
and charge C3 to the same voltage
through rectifier D2. The voltage across
0

Fig. 21 -BB. Half -wave unba anted voltage quadruple,.

Referring to Fig. 21-8A, capacitor C3
is charged through rectifier V2A to the
peak voltage of E.m. The charging voltage at C2 is doubled through rectifier
V2B. Capacitor C4 is charged through

rectifiers V2B and V1B in series, to
twice the voltage. Capacitor Cl is in
parallel with capacitor C4 through rectifier V1A, and is charged to twice the

300V

voltage. The voltage across Cl and C2

o.
Fig.

21-7.

Voltage triple, circuit.

is four times the voltage at E. The
capacitors have voltage ratings of 450
volts each.
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Stacked rectifiers (Fig. 21-74) are

a

RI

one of the most widely used forms of

DT

?VAC

LOAD I

MALT

N
Fig

HALF
VOLTAGE

voLTAGE
LOAD Z

le

I- -

21-8C. Half -rove symmetrical voltage Quadruple.

21.9 Describe the various type rectifiers and their uses. High -vacuum -

type rectifier tubes are used in television and radio receivers, radio transmitters, arid many types of commercial
control equipment. Their power rating
may vary from a few milliamperes up
to several

amperes.

These rectifiers

have the ability to withstand considerable overload, and as a rule, generate
no interference.
Hot -cathode,

mercury -vapor -type

rectifiers are most commonly used in
power supplies involving high voltages
and current, such as might be required

in radio transmitters. This type rectifier is characterized by its low internal
voltage drop and higher efficiency as

rectifier elements. They are divided into
four groups which are: copper -sulfide,
copper -oxide,

selenium,

and

silicon.

Each type has its own physical characteristics and advantages or disadvantages relative to the economy of operation.
Copper -sulfide

or magnesium -coprectifiers are characterized by relatively poor efficiency, ability
to withstand high temperature rise,
good voltage regulation, favorable

per -sulfide

weight and size for a given rating, and
a good life expectancy. Copper -sulfide

rectifiers are used in battery charging
and electroplating applications.
Copper -oxide rectifiers are characterized by their large physical size,
heavy weight, high efficiency, poor volt-

age regulation, low temperature rise,
and long life. These rectifiers find their
greatest use in applications where long
life and high efficiency are the most important factors. They arc also used for
instrument rectifiers and other very
small applications.
Selenium rectifiers are characterized
by long life, high efficiency, small sire
and weight for a given rating, and the

compared to the high -vacuum type rectifier. However, mercury -vapor -type

ability to withstand temporary high

rectifiers must be preheated if the cur-

ture rises.
Silicon rectifiers have replaced many
of the rectifiers dicussed in the preced-

rent requirements are high, and adequate

overload

protection must

be

provided for the protection of equipment.

current overloads and high tempera-

ing paragraphs. They are small in
physical size and require no heater

Cold -cathode rectifiers have a rather
limited application. When the radio in-

element. They arc low in weight and

dustry was converting from battery -

tification efficiency

operated sets to ac operated radios, this
type tube was often used in a "B"
eliminator (plate voltage power sup-

is

ply). This tube is now more or less
obsolete.
Mercury -arc rectifiers are used in

applications where high voltage and
current are necessary. Their size and
auxiliary equipment prohibit their use
except in very large installations. Such
rectifiers may generate considerable
interference; therefore, they must be

placed in a shielded compartment, and
rf chokes must be installed to prevent
radiation over the power lines.
Ignition rectifiers are used in high power

installations

and

are

more

flexible and economical than the mercury -arc rectifier.

have high -temperature reliability. Rec-

up to

99

percent

possible. Germanium rectifiers are
characterized by their high efficiency
(99.5 percent) and the absence of ageing. Rectification is accomplished in a
single crystal, which does not change
by age and storage. Very often, these
rectifiers arc used in electroplating and
anodizing plants. Small rectifiers of tbis
type are also used for instrument rectifiers. They are generally manufactured
in stacked array form.
21.10

Define maximum peak plate

current.-It is the highest instantaneous

plate current a tube can safely carry
recurrently in the direction of the normal current flow. The safe value of this
peak current in a tube using a hot
cathode is a function of electron emission available and the duration of the
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pulsing current flow from the rectifier
tube in each half cycle.

The value of the peak current

is

largely determined by the constants of
the filter sections. With a large choke
at the filter input, the peak current is
not greater than the load current. However, if a large capacitor is used at the
input of the filter section, the peak

current may be many times the load
current. The current is measured with
a peak -indicating meter or oscilloscope.
21./1 Define maximum peak -inverse plate voltage, and how it is eateulated.-It is the highest instantaneous

for a sine -wave voltage. Therefore, the
actual inverse voltage (and not the calculated value) should be such as not to
exceed the rated maximum peak -inverse voltage for a given rectifier tube.
A peak -reading meter or oscilloscope
is useful in determining the actual
peak -inverse voltage.
For single-phase, full -wave circuits
with a sine -wave input and no capaci-

tance at the input of the filter section,
the peak -inverse voltage

is

approxi-

plate voltage which the tnbe can withstand recurrently in the direction
opposite to which it is designed to pass
current For tubes of the mercury-vapor

mately 1.4 times the rms value of the
plate voltage. For a single half -wave
circuit, with a capacitor input to the
filter section, the peak inverse voltage
may reach 2.8 times the rms value of
the plate voltage. The same reasoning
holds true for either vacuum tubes or

or gas -filled type, it is the safe top
value voltage to prevent arc -back in the

semiconductor -type rectifiers.
When designing rectifier circuits em-

tube when operating within a specified

ploying either tubes or solid-state de-

temperature range. Referring to Fig.

vices,

several factors must be taken

21-11A, when plate A of a full -wave
rectifier tube is positive, current flows
from A to C, but not from B to C, because B is negative. At the instant plate
A is positive, the filament is positive
with respect to plate B. The voltage be-

tween the positive filament and the
negative plate B is In inverse relatiou

'I.
Fig.

to voltage causing the current flow. The
peak value of this voltage is limited by

the resistance and nature of the path
between plate B and the filament. The
maximum value of voltage between
these points, at which there is no danger
of breakdown, is termed maximum
peak -inverse voltage.

The relationship between peak -inverse voltage, rms value of ac input
voltage, and de output voltage depends
largely on the individual characteristics
of the rectifier circuit. Line surges, or
any other transient or waveform distortion, may raise the actual peak voltage

to a value higher than that calculated

-

21-118. Full -wave rectier circuit
using solid-state rectifiers.

into consideration. They are: dc load
current; dc load voltage; peak -inverse
voltage; maximum ambient temperature; cooling requirements; and overload current. Assume that a full -wave
rectifier using silicon diode rectifiers is
to be designed (Fig. 21-11B). The dc
load voltage En(' under load is 250 volts
at 150 milliamperes. The first step is to

determine the current, per rectifier, iu
terms of a half -wave recitifier.
Kae,
where,

I., is the equivalent current of a half wave rectifier,
K, is a constant.,

It, is the rectified ac current

The value for K, is taken from column
5 for a half -wave rectifier (Fig. 21-11C).

Inserting this factor into the equation,
the current is
0.5 X 0.150 =-- 75
Fig.

21-11A. Full -wave rectifier circuit
using a vacuum tube.

This

milliamperes

is the current the rectifier must

carry as a half -wave rectifier. Next, the
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Fig. 21-11C. Basic rectifier circuits using a resistive load.
ac voltage required from the transformer is determined:

E., =

where E. is the transformer voltage,
and K, is a constant from column 4 for a

half -wave rectifier (Fig. 21-11C).

E.,. = 1.11 x 250 = 277.5 volts rms

This is the voltage as measured from
each side of the transformer center tap;
the total voltage across the secondary
is 555 volts rms
The peak inverse voltage is:
PIV = K. Ear
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PEAK INVERSE VOLTAGE PER RECTIFIER
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I

IREV FOR 10PMICIOV
3

REVERSE VOLTAGE DIVISION
Or RECTIFIERS IN SERIES

4

Fiq. 21-11D. Reverie -voltage characteristics of two diode rectifiers connected
in series.

The value for K. is taken from column
6 and equals 2.828; therefore,
PIV = 2.828 x 277.5

784 volts rms.

A manufacturer's catalog can be con-

sulted to find a diode rectifier with a
PIV rating of 780 volts or greater, at a
current of 75 milliamperes. A good
selection would be a diode with a PIV
rating of 900 volts and capable of carrying 100 milliamperes or more. If the

rectifier diode is to carry several amperes, it must be mounted on a heat
sink, otherwise it will be severely damaged within the first few seconds of
operation. If a diode with the required

If the units have different reverse
characteristics, the division of inverse
voltage between the rectifiers will occur
according to their individual reverse
current -voltage curves, and the value
of constant reverse current will be in
relation to the magnitude of the inverse
voltage. For example, if two rectifiers
are connected m series. and a PIV of
375 volts is applied, the voltage will

divide with a ratio of 75 volts to 300
volts, as shown in Fig. 21-11D. By increasing the PIV to 600 volts, the voltage divides to 175 volts and 425 volts,
according to the reverse -current flowing and rectifier 1 in an avalanche
condition. Rectifier 2 will overheat
which, in turn, will increase its reverse
current, as shown by the dashed line.
The reverse current now shifts, and a
new division of the applied Inverse
voltage of a ratio of 250 volts to 350
volts takes place. Because of the action
described above, any number of rectifiers can be connected in series.
Parallel operation of rectifiers is also

possible to obtain higher current ratings. However, because of a possible
unbalance between the units due to the
forward voltage drop and effective

series resistance, one unit may carry
more current than the other and could
conceivably fail. To prevent this, small
resistances arc connected in series with

each individual diode to balance the
load currents (Fig. 21-11E). (See Ques-

PIV rating is not available, two or more
diodes may be connected in series to

tion 21.91.)
21.12 What is

obtain the desired PIV rating. An ex-

tuna-The transient current that flows
in a rectifier tube when the equipment

ample would be two units each having

a PIV rating of 400 volts at 75 milliamperes connected in series. PIV ratings of unequal values may be used,
provided the lowest rating is greater
than half of the total PIV rating needed.

hot switching cur-

is switched off and then on again before
the cathode temperature has decreased

by an appreciable amount. The transient current is large if the first filter
capacitor is in a discharged condition
when the supply vnitage is reapplied.
If the supply voltage is at peak value

when the power is switched on, the
largest transient current will flow between the cathode and plate of the
rectifier. Under these conditions, a considerable amount of active material may
be removed from the cathode; and the

emission and life of the tube will be
reduced.

21.13
Fig. 21-11E. Parallel operation of diodes. Small resistors are connected in
series with each diode to balance the

current through each unit.

What is a choke -input filter

systonsT-A rectifier circuit which employs a choke at the input of the filter
rather than a capacitor, as
shown in Fig. 21-13. Although the out-

system
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liver 400 volts at 100 milliamperes, and
the dc resistance of the swinging choke
is 200 ohms. The load resistance will be:
400

0.100

Fig. 21.13. Choke -input filter.
put voltage from

this

Assuming that the load current falls to

type filter is

lower, the voltage regulation is better.
In an LC -type filter section, the inductive reactance of the choke tends to
oppose any change in the current flowing through the winding. Therefore, it
has a smoothing action on the pulsating
current of the rectifier. The capacitor at

milliamperes,
then becomes

electrical

energy,

thus

400
0 .40

in a steady dc current. The choke -type
filter has another advantage in that its
low dc resistance induces only a small
voltage drop across its winding, which
becomes quite important at heavy load
currents.
21.11

Describe

a

syringing

choke

and how it functions.-A swinging choke

-f- 200 -

load

resistance

10,200 ohms

The critical inductance then becomes
approximately:
Load resistance
1000

also

smoothing out the ripple voltage. The
result is a fairly smooth output current.
Adding a second filter sectiou results

the

40

the output of the choke stores and releases

+ 200 = 4200 ohms

For the above example, the critical inductance at full -load current is 4 henries, and 10 henries at minimum -load
current. The optimum inductance is

twice the value of the critical inductance. Using the above information, a
swinging choke of 8 to 20 henries at 100

milliamperes is required.
2 1.1 5

Describe a capacitor -input fil-

ter section.-lt is a power supply employing a capacitor at the input to the
(Fig. 21-15). Such
rectifier circuits have a higher output

is

used in the first filter section of a
power supply having a wide range of

first filter section

load current. The choke is desigued so
that its inductance varies inversely with
the load current. The core has little or
no air gap, which permits it to saturate
at high current, thns decreasing Its inductance. The important points of its
construction are the indnctance, the
core gap, and the dc resistance.
Because the inductance of the choke

voltage than one using the choke input
filter (Fig. 21-13). The higher voltage is

due to the peak value of the rectifier
output voltage appearing

across

the

input filter. As the rectified ac pulses
from the rectifier are applied across
capacitor CI, the voltage across the

capacitor rises nearly as fast as does
the pulse. As the rectifier output drops,

varies with the lead currents flowing
through it, the inductance ells very

th!!`.T.11:1W.: across the capacitor does not
fall to zero, but gradually diminishes

sharply when the current becomes high
6nbugh to saturate the core. Therefore,
a point of critical inductance is reached
for each change of load current. As the
load current changes, it is essential

until another pulse from the rectifier is
applied to it. It again charges to the
peak voltage The capacitor may be

that the choke have a critical inductance at both the minimum and maximum load currents. If not, the reactance

of the choke will be such that at some
operating points, it has little effect and
the rectifier will see only the capacitor
at the output of the choke, which now
behaves similarly to a capacitor -input
filter section. This will cause a rise of
voltage, and the regulation becomes
quite poor.
To determine the critical inductance,
the load resistance must be calculated.

Assume that a power supply is to de-

considered as a storage tank, storing up
energy to the load between pulses. In a
half -wave rectifier, this action occurs
60 times per second, and for a full -wave
rectifier, it occurs 120 times per second.

For a single-phase circuit with

a

sine -wave input and no capacitor across
the output, the peak -inverse voltage at
the rectifier is 1 414 times the rms value

etcrinto

Fig.

21.15. Capacitor -input filter.
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of the voltage applied to the rectifier.
In single-phase, half -wave circuits with

sine -wave input and with a capacitor
input to the filter, the peak -inverse

voltage may reach 2.8 times the rms
value of the applied voltage. This data
may be obtained by referring to the
tables in Fig. 21-91.
Under certain conditions of usage,
advantage is taken of the fact that the
value of the input capacitance will control the value of the voltage at the output of the filter section. As a rule, the

portant point to remember in the use of
RC filter sections is that the voltage at
the rectifier must be increased sufficiently to compensate for the voltage drop
induced by the series resistance, for a
given voltage at the output of the filter
section.

21.17 How is the voltage rating for
an input filter capacitor calculatedlWhen a conventional de voltmeter is
connected across the unfiltered output
of a rectifier tube, the voltage read will

from 1 to 8 AF for the input capacitance

be the average voltage. As an example,
assume a dc voltmeter is connected
across the output of a half -wave rectifier as shown in Fig. 21-17. Because of

will permit the output voltage to

be

the inertia of the meter pointer move-

adjusted to a given value. However, this
type of design affects the regulation
and is not recommended unless the load
demands are small and constant. A

ment, the meter does not respond to the

value of the input capacitor is on the
order of 20 to 40 µF. Using a value of

capacitor -input filter section does not
have as good a regulation as the choke
input, but it does have the advantage
of a higher voltage output.
Describe a resistance-capaci-

2 1. 1 6

(once (RC) filter system.-It is a filter
network employing a capacitor and re-

rapidly changing pulses of the half wave rectified current but acts as a
mechanical integrator. The pointer will
be displaced an amount proportional to
the time average of the applied voltage
waveform. If the secondary voltage of
the transformer is, say, 350 volts rms,
the peak voltage will be:
350 x 1.414 or 494.9 volts.

sistor rather than an inductance and

The average voltage, as read by the dc

capacitor (Fig. 21-16). The advantage

voltmeter, will be:

of such a filter is its low cost, weight,
and reduction of magnetic fields. The
disadvantage of such a filter is that the
series resistance induces a voltage drop

which could be detrimental to the circuit operation. An RC filter system is
generally used only where the current
demands are low. RC filters are not as
efficient as the LC type, and they may
require two or more section.;
sufficient filtering.
A rule -of -thumb design

EA \

I X E....
a.
1

3141X

494.9

= 157.37 volts.

For a full -wave rectifier circuit, the
average voltage at the output of the
rectifier will be double that of the half wave rectifier (assu.-'ng each half of

the transf=er is equal to the voltage
for

RC

filters is to first detennine the value of
the series resistance, based on the load
current through the resistor. Capacitors

of the half -wave transioi-ir.::: secondary) because there are two pulses of

rectified current per cycle instead of

are then selected that offer a low impedance at the power supply ripple frequency. Thus, a small power supply
may use a 250- to 1000 -ohm series resistor, and capacitors of from 40 to 100
µF. For a low -voltage power supply of
30 volts, two filter sections using 1500

ar capacitors could be used. The irna

VOCCTClaf TER

RECT/FIED

Fig.

21-1 6.

Resistance -capacitance
ter.

fil-

Fig. 21-17. Measurement of overage rrns
voltage across the output of a half -wove
rectifier. Waveform shows half -wave
pulses of current.
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one. This is approximately 90 percent

of the rms voltage. Therefore, if the
voltage rating of the capacitor is based
on a measurement made by a dc volt-

meter, it will be in error. The voltage
rating must be calculated and determined by mathematically calculating
the peak value of the voltage applied to
the rectifier tube. The voltage rating of
the capacitor must be greater than the
peak voltage at the output of the rectifier tube.
In actual practice, a voltage drop

To prevent saturating the core, the current rating should be at least 25 percent

higher than the maximum current demanded through the choke. If the choke
is to be placed near equipment that may
be affected by the dc magnetization of

the core or ripple voltage, a moderate
shield should be included. It may also
be necessary to orientate the core in
relation to other devices, to reduce the
possibility of hum pickup by other components. (See Question 21.20.)
21.20 What effect is noted when a

takes place internally within the tube.
For mercury-vapor tubes and others of
similar design, this drop may be only

filter choke is overloaded?-When the
direct -current rating of a filter choke

a few volts. For a high -vacuum rectifier
tube, the internal resistance is in the
order of 75 to 125 ohms. This is taken
into consideration when specifying the

which reduces the inductance and, in
turn, reduces the filtering action of the
choke. Under these conditions, the ripple voltage will rise to a value that may

voltage rating of the capacitor.

render the supply useless.
21.21 What is ripple voltage?-The
alternating component (ac) in the de
output voltage of a rectifier -type power
supply. The frequency of the ripple
voltage will depend on the line fre-

If the voltage at the output of the
rectifier tube is too high for the conventional electrolytic capacitor. two capacitors may be connected in series.
(See Questions 21.46 and 21.67.)
21.18 Con solid-state rectifiers be
directly substituted by a vacuum -tuba

is exceeded, the core becomes saturated,

quency and the configuration of the
rectifier. The effectiveness of the filter

rectifier?-Yes, providing that the rms
voltage, current, and PIV ratings are

system is a function of the load current
and the values of the filter components.

observed. Commercial plug-in units are
available to cover most situations.
21.19 What precautions must be
taken in the selection of a filter choke?

(See Question 21.28.)
21.22 How is the ripple voltage of

-Filter chokes should be selected for
the lowest possible dc resistance commensurate with the value of inductance.

00
80

the first capacitor in a full -ware 60 -Hz

rectifier calculated?-For currents between 10 and 100 milliamperes, with an
input capacitor of 1 to 32 uF the ripple
voltage may be calculated:
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Fig. 21-22A Percent ripple voltage ac oss the first filter capacitor in a full -wave
rectifier using 60 Hz.
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Fig. 21-22 B. Percent ripple voltage across the first filter capacitor in a half -wave
rectifier using 60 Hs.
Ea

C,

where,

E. is the ripple voltage,
Inc

is

the dc current throngh the

rectifier in milliamperes,
C, is the value of the input capacitor
in microfarads.

cent, with a ripple frequency of 120 Hz.
For a half -wave rectifier, the percentage
ripple is 157 percent, with a ripple frequency of GO Hz. The percentage ripple

for a given filter section may be approximated:
1-00

where,

For a half -wave rectifier, the formula
becomes:

E.

4Ine
CI

with the symbols having the same
meanings.

The foregoing formulas will only hold
true for ripple percentages up to about
10 percent, for currents of 10 to 100 mA

L is the inductance of the filter choke
in henries,
C is the capacitance in microfarads.
measurement of power -supply
ripple is discussed in Question 23.163.
2/.25 How it ripple voltage converted to decibels below the maximum
dc output voltaget-By the following
formula:
The

and input capacitors between 1 and 32
µF. Percentage ripple may he read directly, for full- and half -wave rectifiers.
from the graphs in Figs. 21-22A and B.
2 1.2 3 How may the ripple of a dc
generator commutator be eliminated?-

By the use of one or more sections of
filtering similar to those used in rectifier circuits. The design of the filter
sections will depend on the number of
commutator bars and the rotational

speed of the machine. Filter sections

may be designed by the use of the
formulas given in Section 7. Noise fillers

are described in Section 3.
21.24 What is the ripple percentage
for a 60-14x full -wave and half -wove rectifieil-The ripple percentage at the

output of a full -wave rectifier is 61i per-

LC

dB = 20 Log,.Ef1411

where,

EA.'

is the maximum de output voltage
under full load,
Ene is the ripple voltage at the output
under full load.

EI

A high -quality, unregulated, high -volt-

age power supply will have a ripple
voltage about 80 to 100 dB below the
de voltage. A regulated power supply
will have a ripple voltage between 100
and 120 dB below the output voltage.
These measurements are made with the

rated dc voltage and load current at
the output.
Direct -current power supplies used
for heater circuits should have a ripple
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Fig. 21-27. Graded power supply filter.
Circuits such as push-pull stage may be

taken off at the input to the LC filter
section. Lower current stages arc taken
off at the output of the LC section and
the RC section.
Fig. 21-26A. Combination power supply
using a common power transformer for
two full -wave rectifier sections.

ing of an IC network and an RC network are connected at the output of
diodes Dl and D2. Filter capacitors Cl
through C6 are all returned to a com-

voltage 50 to 80 dB below the maximum
output voltage.
27.26 What is a combination power
supplyl-A power supply using a single
power transformer serving as a voltage
source for more than one rectifier sec-

mon ground.
27.27 Describe a graded filter system. -A graded filter system generally
consists of two or more filter sections,

tion.
In Fig. 21-26A

as given in Fig. 21-27. Here, the filter
sections consist of an input capacitor
Cl and a low-pass filter section LI and

is shown a single
power supply serving two full -wave,

C2, and an RC section composed of RI

high -voltage sections. In Fig. 2I -26B,

typical as found in many medium power
vacuum -tube amplifiers operating in

single power transformer serves a
full -wave and a half -wave rectifier.
This is a very common type of rectifier
circuit and is used mainly in oscila

loscopes. It will be noted that the high voltage output is negative with respect
to ground.
In Fig. 21-26C is shown a dual power
supply employing a full -wave rectifier
circuit using two diodes. Two completely separate filter sections. consist -

Fig.
power

found
single

and C3. The filter sections shown are
conjunction with several intermediate
and low-level high -gain stages.
It will be observed that because the
push-pull stage draws considerably
more current than the other stages, it is
connected at the output of the rectifier
to eliminate the voltage drop caused by
the filter sections. This permits a fairly
high inductance to be used in the first
filter section.

Combination
generally
in an oscilloscope. A
transformer
supplies

21-26B.
supply

as

both a full- and a half -wave
rectifier tube.

RI

000

for
1

CI

Li;

CR -

C2

S.

1

C2
L2

1

.1.

C5

R2

f 000.\__s___\,,,,,

C6 '.!--;

,

Fig. 21-26C Dual power supply using two filter sections from one power supply.
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Since a push-pull stage is balanced
and the inductance of the average push-

pull output transformer is on the order
of 50 henries, the windings present a
high inductive reactance to the power supply ripple voltages, thus aiding in
the filtering of the ripple frequencies.

n 500
7

0
250

0

What are the ripple frequencies for single- and three-phase rectifier
2 1.2 8.

circuits?-The frequency of the ripple
voltage is dependent on the type and
frequency of the line voltage and on
whether the rectifier circuit is of half full -wave character. For singlephase operation, the ripple frequencies
are as follows:
or

SINGLE-PHASE

Line Freq.

Full -Wave

Hal( -Wave

60 Hz
50 Hz
25 Hz

120 Hz
100 Hz
50 Hz

60 Hz
50 Hz
25 Hz

For

a

three-phase

wye-connected

circuit, the ripple frequency is 180 Hz.
For a bridge circuit, a 6 -phase (3 -phase
diametric) star -connection, and a threephase double-wye circuit, the ripple
frequency is 360 Hz. (See Questions
8.22 and 21.91.)
21.29 What are the static charac-

TAME

Fig. 21-30. Dynamic characteristics of a
nonreguloted power supply, showing osciliation caused by variation in load
current from a small load to a full load.

characteristics for a power supply with
poor regulation are shown in Fig. 21-30.
21.31
Is if permissible to connect
rectifier tubes in parallel?-Yes, if they
have the same characteristics. This is
often done in power supplies to increase

the output current.
When
paralleling mercury-vapor
tubes, a resistor of 10 to 50 ohms must
be connected in the plate circuit of each
tube to balance the current distribution.
Two rectifiers connected in parallel
double the output current for the same
input voltage. The internal voltage drop
is halved.
21.32 Describe a feedthrough filter

age characteristics when a constant load

system. -A feedthrough filter system
generally consists of two conventional
RC filter sections, and a third section

is being supplied or when steady-state
conditions exist, as shown in Fig. 21-29.

containing a potentiometer used to null
the ripple frequencies by n method of

teristics of a power supply?-The volt-

It will be noted that the output voltage
drops steadily as the load current is increased.
2 1.3 0
What are the dynamic characteristics of a power supply?-The voltage characteristics that exist when a

varying load

is

being supplied. This

measurement is made by connecting an
oscilloscope across the do tenninals of

the power supply and noting the character of the do voltage as the load is
suddenly applied and removed. Typical

cancellation (Fig. 21-32A). The ripple

voltage taken from the rectifier through
resistor R3 is out of phase with the voltage appearing at the output of the first
two filter sections. By applying the ripple voltage to a third section in the
manner shown, a cancellation of the
ripple is effected The value of resistor
R3 is approximately 10 times the total
series resistance of RI and R2. The rip-

ple frequency is nulled by connecting
an ac vacuum -tube voltmeter across the
X TIMES RI it 122

moo

53

.00

.00
.00
ISOULATION

000,3- m934%

FULL

200

00

50

100

DC CO21Iv/ WOWS! IM NILLISIP120127

Fig.

21-29. Static characteristics of a
nonreguloted power supply.

Fig. 2I -32A. RC filter sections using a
feedthrough resistance to null hum frequencies by cancellation method.
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R2

Fig. 2 1-3 4. Combination L and RC filter,

using choke input.

resonant circuit which is tuned to the
second harmonic frequency of the rectifier circuit. For a 60 -Hz full -wave rectifier, the resonant frequency is 120 Hz.

RECTIFIER

To eliminate the higher harmonics, a
second section should be used as shown.

A second tuned filter is shown in Fig.
2 1-3 2 8. LC and RC filter sections
using a feedthrough resistance to null
hum frequencies.
Fig.

output of the power supply and adjusting potentiometer Pl.
This method of cancellation of ripple

frequencies can also be used with a
combination LC and RC filter systems,
as shown in Fig. 21-32B. In this instance, the value of feedthrough resistor
R2 is approximately 10 times the total
series resistance of Ll and RI.
Cancellation of the higher harmonics
of the fundamental ripple frequency is
not quite as good in the RC -type filter
as for the LC type; however, in equipment where ripple is not too important,
the feedthrough method offers a con-

venient means of reducing the ripple
frequency.
21.33 What is a two -section filter?

-It is as shown in Fig. 21-33. A capacitor may be connected across the input,
if desired.
21.30 What is a combination RC
and L filter?-A resistance -coupled filter connected to a choke and capacitor,

21-35B and consists of a series -resonant

circuit, LI and C2, with a parallel -tuned

circuit L2 -CI in series with the high
potential. The filter sections for a half wave rectifier are tuned to a frequency
of 60 Hz; a full -wave rectifier to .120 liz.
21.36

What is a bleeder resistance?

-A resistance connected across the de
output of a power supply as shown in
Fig. 2.1-36. The bleeder functions to
protect the filter capacitors when the

Fig. 21-35A. Tuned or hum -bucking filter LI followed by a single -section filter
L2. For a 60 -Hz line supply voltage and
a full -wave rectifier, LI and Cl arc resonated to 120 tic.
L2

as shown in Fig. 21-34.
2 7.3 5

What it a tuned filter sys-

tem?- As shown in Fig. 21-35. The ca-

pacitor Cl and the choke LI form a

2i -35B. Tuned filter section using
both series- and parallel -tuned circuits.
Fig.

RECTIFIED

,L

"IL

LOAD

Fig. 21-33. Two -stage filter consisting
of L and C with choke input. Input ca-

Fig. 21-36. Power supply with bleeder

pacitor may be used if desired.

resistance across the output.
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load is removed and also to dram off
the charge from the filter capacitors
when the power supply is shut off. If
the bleeder resistor is of the correct
value, it will tend to improve the voltage regulation.
The current taken by a bleeder resis-

tor is generally in the order of 10 percent of the total load current. Bleeder
resistors are only used with unregulated
power supplies.
21.37 What is a voltage -divider re-

sistoncel-A resistor or a series of resistors connected across the output of

a power supply. The voltage divider
provides a means of reducing the voltage at the output of the supply to various values, as showu in Fig. 21-38.

it3 = T
150

0.012

= 12,500 ohms
where,
E is the voltage across R3,
I

is the bleeder current.

The voltage at the top of R2 is 250 volts
to ground. Subtracting the voltage drop
across R3 results in a voltage across R2
of 100 volts. The current through R2 is

the current of load 3 plus the bleeder
current, or a total of 27 milliamperes.
Therefore:

R2=

21.38 How ore the resistance values
for a voltoge-divider network calculated?

100

0.027

-Two types of voltage dividers are in
common use, the shunt and the series
types. In Fig. 21-38 is shown a shunt
type designed to supply three different
voltages to external devices. The upper
circuit supplies 75 milliamperes at 400
volts, the second circuit supplies 30
milliamperes at 250 volts, and the third
circuit supplies 15 milliamperes at 150
volts. All circuits are common to

= 3710 ohms.

Resistor RI has the current of loads 2
and 3 plus the bleeder current flowing
through it, making a total current of
57 milliamperes. Therefore:
RI = -E
150

ground.

- 0.057

The total current required is the
total current of the three external circuits, or 120 milliamperes, plus an addi-

tional current called the bleeder current. This bleeder current flows only
through the resistors and not through
the external circuits and is generally
10 percent of the total current. For this

illustration, the bleeder current is 12
milliamperes, making a grand total of
132 milliamperes.
Resistor R3 is calculated first. Because only bleeder current flows through

this resistor, it may be calculated:
TOTAL132na

2630 ohms.

The current of load

I does not flow
through any part of the voltage divider
system; therefore, it requires no further

considerations.
21.39 How is the wattage rating for
the voltage -divider resistors in Fig.
21-38 calculated?
Watts

CR or -R

where,

I

is the total current through the
resistor,

400%, 75e0i

Fig. 21-38. Shunt type voltage divider system showing the curin
the
rent How
various
branches.
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Fig. 21-40. Series type voltage divider system showing the current
flow in
the various

soot/

132na

BLEEDER

DC AT OUTPUT
OF POWER
SUPPLY

branches.

R is the value of the resistance in
ohms,

E is the voltage drop across the resistor.

As a safety factor and if practicable, the
wattage rating of the resistor is doubled
over that actually calculated.
21.40

What is

a

series

voltage -

divider system?-It is as shown in Fig.
21-40. In this system of voltage division,
the resistors are connected in series

with the particular load they feed. The

resistors are calculated by means of
the simple Ohm's law (R = ElI). The
wattage is computed as described in

(a) Single capaci-

(b) Capacitors are

tor connected front

connected

hot side of line to

front
both sides of the

ground.

line to ground.

Fig. 21-45. Noise -filter capacitors connected across the primary of a power
transformer to prevent line noises and
radio signals from entering the power
supply.

Question 21.39.

Generally, when a series -resistance

primary winding of a power transformer?

used, a separate

-To provide a low -impedance path to

bleeder resistor is also used to secure
better regulation.

ground for line noises and radio signals,
thus preventing their entry into the
power supply and subsequent transmis-

voltage divider

is

21.41 Should the various sections
of a voltage -divider system be bypassed?

-Yes, each section should bave a separate bypass capacitor of 10 ;IF or more
to ground. The bypass capacitors stabilize and improve the filtering. This is
particularly true for the series type
voltage divider.
21.42 What type power supply is
the easiest to filter, a 60 Hs or a 400

sion to external equipment.
As a rule, the capacitors need not he
larger than 0.05 µF. Fig. 21-45 shows
their proper connection.
21.46 May electrolytic capacitors
be connected in series in the filter system of a power supply? --Yes; however,

400 Hz, because the higher
the frequency the easier it is to filter.

it is good practice to shunt each capacitor with a resistor to equalize the voltage drop across each capacitor. This is
necessary, because as electrolytic capac-

21.43 What is a transformerless
power supply?-This term refers to a

creases. The resistors must be of equal

11.0 -The

power supply that does not use a power
transformer. The 115 -volt ac power
line is connected directly to the rectifier

itors age, their internal resistance invalue if the capacitors are of equal

voltage rating.

type power supply is
dangerous to both operating personnel

system. This

and

to

grounded

equipment.

Also,

power supplies of tbis type will cause
hum problems that can only he solved
by the use of an isolating transformer
between the line and power supply.
21.44

What

is

the purpose of

a

static shield in a power transformer?See Question 8.12.
21.45 What is the purpose of connecting capacitors to ground across the

Fig. 21-46. Capacitors connected in se-

ries across the output of a rectifier
increase the

voltage rating.

to

100,000 -

ohm resistors are connected in parallel
with the capacitors to equalise the voltage across the capacitors.
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the input of a 700 -volt power supply,

ac component of the voltage which results across the output terminals. Dividing this ac voltage by the ac com-

with

ponent of the load current yields the

In Fig. 21-46, two 40-µF capacitors
are shown connected in series across
each capacitor shunted by a
100,000 -ohm resistor. The voltage rating

of each capacitor is 450 volts; thus, the

two in series have a voltage rating of
900 volts. The voltage drop across each
capacitor is 350 volts The total capacity
in the circuit is 20 µF.
21.17 Define the internal impedance
of a power supply and its measurements.

output impedance at a frequency of the
sine -wave load. A circuit for the measurement of the ac output impedance is
given in Fig. 21-47. A signal current I,.

is caused to flow through the output
terminals of the power supply and a
current -monitoring resistor RI in series.

The output impedauce is then:

-The internal output impedance of a
power supply is the impedance presented to the equipment receiving the
power -supply voltage. In operation of
many devices, it is necessary that the
interna: power -supply impedance be as
near to zero as possible. Since most load
devices consist of both passive and ac-

eon

where,

E.., is the superimposed sinusoidal
voltage,

I,. is the sinusoidal current,
RI is the series resistor.

tive elements, the current drawn from

Several precautions must be taken to

the supply consists of an ac component

assure the accuracy of the measure-

superimposed on the dc output of the
supply. This ac componeut is generally
of a nonsinusoidal nature. For the pur-

ments. Because the iuternal impedance

pose of explanation of how constant the

output voltage of a power supply can
remain in spite of load variations, it becomes useful to specify the output impedance in ohms over a wide range of
frequencies. Power -supply output impedance may be defined:
Z. = 1.7

where,
E.. is the sinusoidal voltage across

the power -supply terminals as a result of the sinusoidal current I..

flowing through a series loop con-

sisting of the power supply and load
equipment.

To measure the output impedance of

a power supply at any frequency, it is
necessary to draw a sinusoidal current
from the power suonlv and measure the

of the power supply at the lower frequencies is quite low, an oscillator cannot generally be connected directly to
the output terminals of the power supply, as a considerable magnitude of signal level is required. Therefore, an amplifier with a low -impedance output of
2 to 4 ohms and driven by an oscillator

is used to supply the signal voltage It
is also necessary to insert a blocking
capacitor between the output of the
amplifier and the power supply to prevent the flow of dc back through the
amplifier output transformer. Loading
resistor R,. is provided to supply proper
de loading. Since RL is of greater value
than Z., it has no effect on the measurement of Z...
Since the ac impedance of the power

supply is quite low, the output of the
amplifier may be mismatched, causing
considerable distortion of the sine -wave

(P1
PCrorER

PerwEe SUPPLY

MoPLIIrita

OSCILLOSCOPE

Fig. 21-47. Circuit usitd for measuring the internal ac output impedance of a dc
power supply.
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signal waveform. Harmonics of the distorted waveform can cause a larger
voltage drop across the power supply,

due to the higher impedance at the
higher frequencies. Therefore, a matching

resistor R2 may be required. At

the low frequencies, the output impedance of the power supply is low and the

current required to obtain a readable
voltage across the output termination
may be very large (assuming a power
supply impedance of I milhohm). To
obtain a 1 millivolt signal for the oscilloscope, 1 ampere
is required at
the output. Therefore, a power amplifier
with a low -output impedance is required to supply the sine -wave signal.
Since the ac current required to generate a sufficient signal across the output terminals is rather large, the power
supply, if not properly dc loaded, is
called upon to accept rather high values
of current from the amplifier. However,

a power supply is a unilateral device
and conducts current in only one direction. Any attempt to force current
in the reverse direction results in the
output capacitance of the power supply
heing charged to a voltage higher than
the normal output voltage. Also, if too
great a peak current is drawn from the
supply, the current -limiting circuits
may he activated. Therefore, both I...
and
must be correctly adjusted before proceeding with the measurements.
The steps for the measurement arc as
follows: The value of load resistor R,. is
so chosen that the current through it at

the dc output voltage is equal to or
greater than the peak value of the signal current I... Also, the maximum instantaneous sum of 1,. and LI, should be

less than the rating of current -limiting
device of the supply. An optimum value
is about one-half the rated load current.

RI should be noninductive over the
frequencies of interest, and its hot resistance should be accurately known.
Resistor R2 and the impedance of the
electrolytic coupling capacitor Cl is
the total impedance seen by the output

of the amplifier and

is

equal to the

nominal impedance of the amplifier out-

put. The value of CI must be large
enough so that at the lowest frequency
of interest, its impedance will be small
compared to the output impedance of
the amplifier.
It is essential that the voltage drop
across resistor RI be measured at its

terminals, so as not to include any voltage drop across its connecting leads.
This also holds true for the voltage
measured at the output terminals of the
power supply. The waveform shapes
should be monitored for the presence of
undue distortion across resistor RI and
the output of the supply unit. If a large
60 -Hz component appears across the
output terminals, it is indicative of a
ground loop, which must be corrected
before

completing

the

measurement.

The I., should be held to a peak -to peak value of less than the current rat-

ing of the supply or to twice the dc
current through resistor R1, whichever
is smaller. Having satisfied the foregoing conditions, the output impedance
may then be stated:

Z,

R1

ran

where,

is the voltage across resistor RI.,
is the voltage drop across resistor
RI. (See Question 21.112.)

E...,,
E,,

2148 Hot, do the internal impedances of a constant -voltage and constant -current power supply compare?An ideal constant -voltage power supply

would have zero impedance. A constant -current supply would have infinite impedance at all frequencies. How-

ever, these ideals are not achieved in
a practical power -supply manufacture.
The constant -voltage supply has a very
low impedance at the lower frequencies,
and the impedance rises with frequency.
The constant -current supply has a
rather high impedance at the lower frequencies and decreases at the higher
frequencies. (See Question 21.49.)
2/.49 What is the overage internal
output impedance for a regulated power
supply? - For well -designed regulated
power supplies, the internal output impedance will range from 0.001 ohm to 32

ohms for frequencies of de to 1 megahertz. The actual impedance is a function of the load and the type equipment
being fed by the supply. However, the
impedance of most high -quality supplies ranges from 0.001 ohm to 3 ohms.
Such low internal impedance holds true
for both high and low voltage, of either
constant -current

or

constant -voltage

design.

21.50 How is the percent of regulation calculated for a power supply?
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Percent regulation =

x 100
CAAL

where,

is the no-load voltage,
is the voltage under full load.

A typical regulation curve for an 80 milliampere regulated power supply is
shown in Fig. 21-50.

the tube, when the high voltage is applied to the plate clement. These tubes
were generally used in automobile vibrator supplies to reduce battery drain.
Tubes of this nature require a starting
voltage of about 300 volts per plate and
must be operated at a minimum current of 30 milliamperes. A typical tube
of this type is the OZ4A.
2 1.5 6
What ore the advantages of
using a mercury -vapor -type rectifier

tuber- The mercury tube has a lower
0

internal

therefore,

a

lower internal voltage drop which

is

resistance

and

important in high -current power -supply design. Fig. 21-56 shows how the
internal voltage drop differs for a
0

20

SO

vacuum -type rectifier and a mercury
rectifier.

Fig. 27-50. Regulation curve for an 80 milliampere regulated power supply.

Point A

no

load.

Point 8 -20 -milli-

ampere load. Point C -80 -milliampere

load (maximum). Point D-overload.
21.51

What percent of ripple volt-

isrACuAr VAPOR ASMFIFA

age is permissible for o given type of
service?

Radio receivers
0.05%
High -quality amplifiers
0.01% or less
Public-address amplifiers 0.1 to 1.0%
Cathode-ray power supls. 0.5 to 1.0%
Recording equipment
0.001 to 0.01%

How does a bleeder resistor
affect the regulation of an unregulated
21.52

power supply?-Lowering the value of
the bleeder resistance will improve the
regulation at the expense of consuming
more current. If the supply can assume
a

rather high bleeder current, better

regulation is obtained, up to a point.
21.53 What trouble is indicated if
the plates of a rectifier tube glow red?It is generally an indication of a shorted
filter capacitor at the input of the filter
system or an excessively high current

Fig. 21-56. The internal voltage drop of
mercury-vapor tube compared to a
vacuum tube.

a

The internal voltage drop for the
vacuum -tube rectifier varies almost in
direct proportion to the load, while the
internal voltage drop for a mercury
tube is practically independent of the

load current, up to the point of overload.

How can interference from
tubes be eliminated?Mercury-vapor and gas -filled rectifiers
occasionally produce a form of local interference in radio equipment through
2 1.5 7

mercury-vapor

direct radiation. This interference appears as a broadly tunable 120 -Hz buzz

drain.
21.54

RFC

What does a blue glow between the plate and cathode of a rectifier tube indicale?-lf the tube is not of
the mercury -rectifier family, it indicates
an excessive load is being drawn, or the
tube is gassy.
21.55
What is a cold -cathode recti-

fier power supply? -A power supply
using a cold -cathode -type rectifier tube.
Such tubes require no heater elements.
The cathode is caused to emit electrons

by bombardment from ions from within

21-57. Installation of capacitors
across the power transformer secondary,
and radio -frequency chokes in the plate
Circuits to eliminate interference caused
by mercury-vapor rectifier tubes.
Fig.
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(100 Hz for a 50 -Hz line). This interference is caused by the formation of a

steep wavefront at the positive half of
each cycle of the ac supply voltage.
Such interference can generally be
eliminated by shielding the tube or by
connecting a 1 -millihenry rf choke in
each plate line. The rf chokes must be
placed inside the tube shielding. The
capacitors must have a voltage rating

power factors may be readily identified.
Generally speaking, when an electrolytic capacitor reaches a power factor of
15 percent, it should be replaced. However, the manufacturer's data sheet

should be consulted before replacing
certain types of electrolytic capacitors,
as they may be designed to operate with

a relatively high power factor. Filtering
efficiency for different values of power

of approximately 1.414 times the voltage

factor can be read directly from the

appearing across the entire secondary
winding. A typical circuit is shown in

table given below.

Fig. 21-57. (See Question 7.101.)
21.58 Describe a Tungar rectifier

power supply.-Tt

is

a power supply

which uses Tungar rectifier tubes, manufactured by General Metric. The

Tungar bulb is basically a diode rectifier, consisting of two elements-a spiral
tungsten wire serving as a filament and
an anode made in the form of a carbon
button. The glass envelope is filled at
low pressure with argon gas, which is
ionized by electrons from the filameut
and becomes the current carrier during
rectification. As a result, the internal
voltage drop is on the order of 6 to 8
volts. For the 6 -ampere bulb, the filament requires 2.2 volts at 18 amperes
and an anode potential of 60 volts. The

Power
Factor
5 percent
10 percent
15 percent
20 percent
25 percent
30 percent
35 percent
40 percent
45 percent
50 percent
60 percent
70 percent
80 percent
90 percent
100 percent

Filtering
Efficiency
0.999
0.995
0.989
0.980
0.968
0.95.5

0.935
0.915
0.895
0.857
0.800

0.715
0.600
0.436
0.000

bulb is mounted on a mogul screw -type
lamp base. Such rectifiers are generally

21.60 What is a current -limiting resistor and its use?-A resistor connected

used for battery charging and power
supplies where the current drain is

in series with a rectifier element. It is
used to prevent damage by limiting the
in -rush current when the rectifier Is
first energized before the load current

small. One -half -ampere bulbs arc also
available. Such supplies have now been
replaced by solid-state devices.
2/.59 What is the effect of an electrolytic filter capacitor haying a high.
power factor?-Filtering efficiency is reduced and the internal leakage is increased. Electrolytic capacitors should

be removed when their power factor
reaches an excessive value. In an ideal

capacitor, the current would lead the
voltage by 90 degrees. However, capaci-

tors are never ideal, as a small amount
of leakage current always exists around
the dielectric. Also, a certain amount of
power is dissipated by the dielectric,
the leads, and their connections. All this
adds up to power loss. This power loss is
termed phase difference and is ex-

pressed in terms of power factor. The
smaller the power factor value, the
more effective is the capacitor. Since

most service capacitor analyzers indi-

becomes normal.
21.61 What is an interlock switch

in a power supply?-A switch connected
in the power -line leads of a power sup-

ply and actuated by the door or cover
of the enclosure for the purpose of removing the Input power when the enclosure is opened. It is required by
Underwriters' Laboratories, Inc., for the
safety of operating personnel.
21.62 Describe o high -voltage dynamic loudspeaker field -coil power supply.-A typical high -voltage dynamic

loudspeaker field -coil power supply is
shown in Fig. 21-62. In this type power
supply, no filter system is used, as the
field coil and filter capacitor constitnte
the filter. Resistor RI Is for adjusting

the current through the coil, which is
generally on the order of 100 to 150

cate these losses directly in tenns of

milliamperes. Low -voltage field -coil
supplies are constructed along the same

power

lines, except for the output voltages.

factor,

capacitors

with large
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NEL° COI

R2, also serves as a filter section. in
many instances only a single resistor,

I00/30v0C

R1, and a single 1000-µF capacitor, C2,

SPEAAER

will supply adeqnate filtering.
The heaters or filaments are con-

1001150A

nected in series across the output, with
the lowest -level stages connected at the

negative end or ground. This power
21-62. Field -coil power supply for

electrodynamic loudspeaker. Power supplies for low -voltage coils are similar ex-

supply is typical of those used in magnetic recorders to supply the heater circuits of the record and playback am-

cept for the output voltage and current

plifiers.

Fig.

demand.

Applying direct current to the heaters in the low-level stages of an ampli-

21.63 What are decoupling filter
circuits? --They are generally RC cir-

fier will result in a reduction of hum
and noise of at least 20 dB compared to
the use of ac on the heaters.
Because of the series connection of
the heater circuits, certain precautions

cuits connected in the plate supply leads

of an amplifier or oscillator circuit, to
prevent interstage coupling through the
impedance of the power -supply section.
Decoupling circuits are discussed in

must be taken to prevent damage to
the heaters, if they arc not all of the
same current rating. If certain heaters
draw less current than others in the

Question 12.136.
21.64 Describe

a low -voltage vacuum -tube heater power supply.-In Fig.

21-64

is

string, equalizing resistors must be con-

nected in shunt with these heaters to
limit the current through them to its
correct value. If this provision is not
made, the heater or filament drawing
the lowest current will be burned out
because of the greater current drawn
by the other heaters. (See Question

shown a low -voltage power

supply suitable for vacuum -tube heater
or filament operation and employing a
full -wave bridge circuit, using diode
rectifiers.
The filter system consists of a two -

section RC filter network using three
1000-oF capacitors. The first resistance,
R1, serves as both a voltage -adjusting

21.65.)

21.65 How are the shunt resistors
for a series heater circuit calculated?
Referring to the circuit in Fig. 21-65, it

resistor and as the first section of the
RC filter network. The second resistor,

V4
V3

v2

LOW-LEVEL
STAGES

Fig. 21-64. Low -voltage vocuurn-tube filament or heater supply circuit, using a full wove bridge circuit with diode rectifier.
50ev
vi

v2
0.1304

06A
E23 6V E6.3,1

V3

03A
E.6.3V

0 3A

E 6 3V

vs

034

E6 3V

0
e.---"A"--A-..-A--A---AA-vGA

E 66 2v
R.1100.114
LIRE VO.TAGE
.111vOLTS

®

-^"A.--*--

I 0 4304
E 63v
A iOnWS

0
W.

1.0 3A

E le 9v
R63 OHMS

Fig. 21-65 Series -heater operation using shunt resistors across low -current heaters
to equalize the current.
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will be noted that the five tubes are

The voltage drop across resistor R2 is

connected in series. Three tubes draw
300 milliamperes, one draws 600 milliamperes, and the other draws 150 milliamperes of current.
Because the current is not the same
for all heaters and they are in series,
shunt resistors are required around
certain heaters to carry the excessive
current. The maximum current for this
illustration is 600 milliamperes, the current required for the heater of VI.
The first step is to calculate the line
voltage dropping resistor RI. Assuming
the line voltage to be 117 volts, the voltage to be dropped across the resistor
can be calculated as follows:

the same as the drop across the tubes
it shunts, or 18.9 volts (3 x 63). The
current through R2 is the difference
between the maximum current of the
be shunted. The excess 300 milliamperes
is carried by resistor R2 around V3, V4,

and V5, while R3 shunts 450 milliamperes around V2, which requires only
150 milliamperes for its operation.

"

Resistor R2 may be calculated:
18.9
0.3

= 63 ohms.

The dissipation of resistor R2 is 5.6
watts. Resistor R3 Is calculated in a

ER = 117 -

(4 X 6 3) + 25.61
117 - 50.8

similar manner. To simplify the prob-

66.2 volts

where,
6.3

circuit (600 milliamperes for VI) and
the current required by the tubes to

is the heater voltage of V2, V3,

V4, and V5,
25.6 Ls the heater voltage of VI.

The resistance of R1 is then calculated:

R1-66.2
0.6

lem, all voltages and currents are indicated in the diagram of Fig. 21-65. The
calculations are the same for either ac
or dc operation.
21.66 Describe an electronic ripple
filter.-Power supply ripple voltage can
also be reduced by electronic means. It
is not implied that the electronic
method can replace the conventional

= 110 ohms

where,

0.6 is the maximum current required.

The wattage dissipated by RI may be
calculated:

or RC type filter. It is used to supplement conventional filter systems, in order to achieve exceptionally low values
of ripple voltage. In using an electronic

ripple filter, the ripple voltage applied
to the electronic section cannot be more
than 3 volts peak -to -peak. If this condition is met, the reduction of ripple volt-

Watts = x I
= 66.2 X 0.6
= 39.7 watts.

age obtained with an electronic filter

For maximum safety, a resistor capable

of dissipating at least 75 watts should
be used. A good rule to follow is to dou-

ble the wattage rating of the resistor
after calculating its wattage dissipation.

can be 250:1. If the ripple voltage is initially 250 mV peak -to -peak, it can be

reduced electronically to a value of 1
mV. Two circuits, developments of the
Delco Radio Corp., which are shown in
Fig. 21-66A and Fig. 21-66B, have a reDLCO 2,e75
14 .pd rroRs I
03

I

I

OUTPUT

?BMX

1.0,11 T

ISAMP

31 4 VDC ISAhlp

RPPLE vOt TS
1111

3%, P/5(9 120111

2W

Fig. 21-66a Electronic ripple filter. Ripple reduction fa io 250 1. (Courtesy, Delco
Rodin Corp.)
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DELOO 214174

12-11 PARALLEL)

0

loon

Fig. 21-66B.

4W

filter.
tUK

OUTPUT

tevoc

21's

60:1.

SARP

Electronic ripple

Ripple reduction ratio
:Courtesy, Delco Radio
Corp.)

0

duction ratio of 250:1 and 60:1, respectively.
The basic operation of an electronic

ripple filter will now be explained. Fig.
21-66C is the basic circuit, with Fig.
21-6613 showing a modified common -

collector amplifier which will he compared to the circuit of Fig. 21-66C. The
common -collector circuit is inherently
degenerative. Increasing its voltage at
the Input will cause a decrease of out-

put voltage across the load, and vice
versa. The ripple voltage is reduced by
degeneration. This circuit has at times
been erroneously referred to as a capacitance multiplier.
Assuming that the de level of the input voltage in Fig. 21-66D remains un-

OUTPUT
REDUCED

ildruT
aITH RIPPLE

RIPPLE
VOLTAGE

VOLTAGE

changed and that the battery voltage
biases the transistor to a V.. of 3 volts,
the following action takes place. As the
ripple voltage adds to the 3I -volt dc input, the voltage across load resistor RL
tries to increase. However, the polarity
of the increase is such that it causes the
base of Q1 to become less negative with
respect to the emitter, thus tending to
turn oli the transistor. When the ripple
voltage subtracts from the 31 -volt input
voltage, the opposite action takes place.
Referring to Fig. 21-66C, capacitor
C tries to maintain a nearly pure dc
voltage as the battery would do, except

it does have the ability to change the
dc level if the Input level changes. Capacitor C should be as large as is practical. Resistor R serves to forward -bias
the transistor. It may be desirable to
insert an inductance in series with resistor R to supply a purer source of dc

to the base of the transistor. The circuits in Figs. 21-66A and B are practical

circuits and employ two or more pass
Fig

21-66C. Basic circuit for electronic
filter.

transistors

-0- -

sinks. Resistors are connected in series

Q3 connected in

parallel

to avoid high collector currents. All
transistors must be mounted an heat
with the emitters to aid in sharing the
load current between transistors. The
input voltage may be decreased, if necessary. The temperature range is about

INPUT
31.45DC

minus 65' to SVC.

0.-

In designing such a circuit, pass
transistor Q3 should be biased so that

the collector to emitter voltage V.. is
Fig. 21-66D. Modified common -collector
amplifier.

equal to or greater than,

V,.

Fig.

21-66E.

Vacuum -tube

filter.

electronic

Input pk-pk2 ripple

+ 1.5 Vdc

This is done to prevent the pass transistors from going into saturation. With
the transistors at saturation, ripple reduction is greatly reduced because a
small change in V.. no longer has any
control of the collector current. Excess
V.. will increase the transistor dissipation, which means additional transistors
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must be used in the pass section of the
circuit. The transistor V. rating should
be equal to about 1.4 times the supply

output. The number of filter sections
required will depend upon this latter

voltage. This is necessary in order to
allow the peak supply voltage to initially appear across the transistors
while the filter capacitors charge

Knowing the load voltage and current, it is possible to determine the ac
voltage and current that must be delivered by the power transformer for a
given type rectifier.
Proper allowance for the internal
voltage drop of the rectifier must be
made when calculating the amount of
ac voltage to be applied to the input in

through the series resistor. Capacitor C
in Fig. 21-66C may be replaced with a
zener diode, provided the conditions for
V,. are met.
A similar circuit, using a vacuum
tube is shown in Fig. 21-66E. The total

information.

order to obtain the necessary dc voltage

current drawn from the power supply
flows through resistor RI. Tube VI is
biased to draw a steady value of plate
current. Ripple voltages appearing in
the do output of the power supply will

at the output of the rectifier for a given
load current. If good regulation is essential, the input inductance of the filter
system must exceed the critical inductance. The critical inductance for a 60 -

take the path of least resistance

Hz,

to

ground, which is through capacitor C

full -wave rectifier can be calculated by the following equation:

and resistor R.3. Since the dc component

cannot flow through capacitor C, slow
changes in the dc output voltage do not
activate the tube. However, the ripple
component and transient voltages are
readily passed through the capacitor to
the control grid and cause VI to function.

If the instantaneous polarity of the
ripple voltage is positive, this will add to
the output voltage and increase its
value The positive increase at the control grid of VI causes the plate current
to increase which, in turn, increases the
voltage drop across resistor RI. This
action cancels the rise in voltage caused
by the ripple voltage. When the polarity
of the ripple voltage changes to negative, the action is reversed: in this manner, the output voltage is held constant.
21.67 What is the procedure for de-

Euc

Lc

RL

- 1000

where,

Lc is the critical inductance in henries,

R. is the dc load resistance,
El., is the dc output voltage,
11., is the dc output current.

To prevent the peak current from being
excessive, the inductance of the first
filter choke must be not less than twice

the critical inductance. Thus, the formula is reduced to:

=

Rt.
500

The first filter choke must be equal to
or greater than this value.
Having

determined

the

minimum

nonregulated

value for the first choke LI, the value

power supply? The design of a high voltage power supply requires the same

of the second capacitor C2 can he calculated using conventional low -pass -

fundamental design considerations, regardless if it employs vacuum tubes or

filter formulas as given in Section 7.
The cutoff frequency for a full -wave,

solid-state rectifiers. Before the filter-

60 -Hz rectifier is 120 Hz. Frequencies

ing system can be designed, it is neces-

for other type rectifiers are given in

sary to know the type rectifier circuit
to be employed, the load current, and
the permissible ripple current in the

Question 21.28.

signing

a

high -voltage

Fig. 21.67. Two -section filter for example in Question 21-67.

The first filter capacitor Cl adds to
the filtering but raises the input voltage
to the input choke by a factor of 1.414.
The second filter section, consisting of
L2 and C3, is calculated the same as for
the first section. It is important that the
filter chokes maintain their inductance

values at the required value of direct
current that must be passed through
them. The first filter capacitor, Cl, may
vary in value from 1µF to 10 aF, how-
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ever, increasing this capacitor above 8
).iF increases the output voltage by a
negligible amount.
The ripple -voltage reduction for a
single section, for each frequency com-

of

ponent may be calculated:
E,

1

(2wf)' LC - 1
where,

Ei is the ac ripple voltage at the output of the section,
E1 is the ac ripple voltage at the input
of the section,
L is the inductance in henries,
C is the capacitance in microfarads,
f is the frequency of the ripple voltage in Hz.

The total reduction in ripple voltage is
approximately the product of the voltage -reduction factors of each section.
The percentage of ripple voltage across

the first capacitor Cl for a 60 -Hz full wave rectifier, may be approximated:

%Fi= C1
where,

Ea is the ripple voltage,
In, is the load current,
Cl is the capacity of the first capaciin rnicrofarads.

An approximation of the percent of
ripple may be arrived at for one or two
sections of filtering by the equation:
One Section % Es

Two Sections % Es =

2wf LI Cl
1

2irf' Cl C2 Ll 1,2

where,

L is in henries,
C is in microfarads,
f is the ripple frequency in Hz.
If a swinging choke is to be used, it is
selected on the basis of the information
given in Question 2114.

Fig. 21-68 Three egulated power supplies connected in parallel, with diodes
connected in series with the plus side to
prevent damage l horn a voltage reversal.

power supply (Fig. 21-68). Since the
diode is in the normal conducting mode,
it is capable of withstanding the shortcircuit current of its regulator. The P11/
rating of the diode must be equal to or
greater than the maximum open -circuit
potential of the highest -rated power
supply.
21.69

Can regulated power supplies

be connected in seriesl-Yes, if certain
precautions are observed. The isolation

voltage rating of the individual power
supplies must not be exceeded, and the
power supplies must be protected
against reverse potential. Diodes are
connected in the nonconducting direc-

tion, across the output of each supply
unit (Fig. 21-69). These diodes will
start to conduct the instant a reverse
potential appears, and they provide a
path around the supplies for short-circuit current, If possible, the regulating
circuit for one supply should be connected as a master, and the other as

The design of voltage -divider networks is discussed in Question 2138.
21.68 Is it permissible to connect
regulated power supplies in parallel?. -

Power supplies may be connected in
parallel, but the supplies must all have
the same maximum compliance voltage

ratings. If they do not, and if the load
circuit is opened, the terminal voltage
will rise to the maximum voltage of the
highest -rated supply. If this voltage is

greater than the rating of the other

Fig. 21-69. Three regulated power sup-

supplies, damage may result. To prevent this possibility, diodes are con-

plies

nected in the positive lead of

each

connected

in

series

with

diodes

connected across each supply to prevent
damage because of voltage reversal.
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slaves. The voltages of the supplies need
not all be the same.
21.70 Can unregulated power supplies be connected in port:Melt-Yes,

provided they are of similar design and
each is adjusted to carry its rated load.
2 1.7 1
What are the characteristics
of a selenium rectifier? -Basically, a selenium rectifier cell consists of a nickel plated aluminum base plate coated with
selenium, over which a low temperature
alloy is sprayed. The aluminum base
serves as a negative electrode, and the
alloy as the positive. Current flows from
the base plate to the alloy, but encounters high resistance in the opposite direction. The efficiency of conversion depends to some extent on the ratio of the
resistance in the conducting direction

fying surface. A minimum voltage required for conduction in the forward
direction is termed the threshold voltage. Therefore, selenium rectifiers cannot be used successfully at voltages below 1 volt. A cross-sectional view of a
typical selenium disc rectifier is shown
in Fig. 21-71.
21.72 What is a copper-oside rocti-

fier?-Another form of a disc rectifier,
similar in construction to the selenium
rectifier. The construction for both a
copper -oxide and copper -sulfide disc
rectifier is shown in Figs. 21-72A and B.
21.73

Describe

silicon

rectifiers.-

Silicon rectifiers are discussed in Section 11.
21.71

to that of the blocking direction. Conventional rectifiers generally have ra-

What is a stacked rectifier?
--A group of rectifier cells stacked as
shown In Fig. 21-74. The unit pictured
is a full -wave rectifier.

tios of 100:1, and 1000:1 for special applications.

of a rectifier?-It

Selenium rectifiers may be operated
over temperatures of minus 55 degrees
to plus 150 degrees centigrade. Rectification efficiency is high, generally on
the order of 90 percent for three-phase
bridge circuits and 70 percent for single-phase bridge circuits. As a selenium
cell ages, the forward and reverse resistance increases for approximately
one year, then it stabilizes. Aging decreases the output voltage by approximately 15 percent. Generally, different
taps are provided on the power trans-

21.75

CAD *ASHER

By nature of their construction, selenium rectifiers have considerable internal capacitance, which limits their
operating range to audio frequencies.
Approximate capacitance ranges are

is

the direction of

COPPER OBOE

COPPER

BOLT

Fig. 21-72A. C
ion of a copper oxide disc rectifier unit.

former secondary to feed the rectifier
and compensate for the loss of the output voltage. The internal impedance of
a selenium rectifier is extremely low
and exhibits a nonlinear characteristic
with respect to the applied voltage, thus
maintaining a good voltage regulation.

What is the forward direction

COPPER SuLIOE
EAO WASwER

NAGNISIUN
CONTACT METAL

BOLT

Fig.

21-726. Copper -sulfide disc rectifier unit.

0.10 to 0.15 p.F per square inch of rectiSagNINA
MON

METALLIC COAT 1NG

ALLAMiUM

eOLT

Fig. 21-74. Group of rectifier elements
Fig. 21-71. Selenium disc rectifier unit.

assembled into a complete rectifier unit.
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lowest resistance to the current flow

through the cell, from the negative to
the positive pole of the cell.
21.76 What is the forward resistance of a rectifier? --The resistance of

an individual cell measured at a specified forward voltage drop or current.
2/.77

What is the reverse resistance

of a until:erg-It is the resistance of an
individual cell measured at a specified
reverse voltage or current.

-

(a) A half -wave stack.

What is the forward voltage
rectifier?-Internal voltage
drop in an individual cell, resulting
21.78

drop

in

a

from the flow of current through the
cell in the forward direction.
21.79 What is the reverse current
of a reetifier7-The current which flows

through an individual cell in the reverse direction.
21.80

What are the minimum num-

ber of cells that con be employed for

(b) Full -wave center -top.

rectification?

Single-phase, half -wave
Three-phase, half -wave
Single-phase, full -wave bridge
Two-phase, full -wave bridge
Three-phase, full -wave bridge
Single-phase, full -wave, center tap
Three-phase, full -wave, center tap
Voltage doubler
Voltage tripler
Voltage quadrupler
21.81

1

3
4

8
6
2

6
2
3
4

---w1

a

(e) Full -wave bridge.

How con the configuration of

a rectifier stack be identified?-Crosssectional

views of rectifier stacks are

given in Fig. 21-81. With the aid of the
circuit configurations given in Fig.
21-91, the connections can easily be
identified. For voltage -doubler circuits,
the data given in Questions 21.6 to 21.8
will be helpful.
21.82 How are selenium rectifiers
rated for motor operations?-They must

(d) Voltage doubler.

be rated at least 20 percent higher than
for normal operation.

Fig. 21.81. Rectifier stack connections.

27.83 How are rectifier stages
cooled?-Either by forced air or by im-

be installer:IT-They should never be in -

mersing the stack in oil. Rectifiers to be

operated in oil require a special treatment. A suitable oil for rectifier cooling
is Transit 10-C.
If the rectifiers are to be operated in

open air, they are equipped with fins,
or heat sinks. Heat sinks and their design are discussed in Questions 21.125
and 21.126.
21.84 How should stacked rectifiers

staled one above another, but placed
alongside each other in the horizontal
plane Mounting in this manner will
prevent overheating. For power supplies dissipating considerable heat, a
small fan can be installed to provide
forced -air cooling.
21.85 Describe a pass clement in a
power supply. --It is a group of transis-

tors 0:. vacuum tubes connected in par-
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Fig.

with

ye

21-86. Series half -bridge
capacitors in the lower

legs. This circuit is often used
in vacuum -tube voltmeters to
control the low- frequency response.

allel and placed in series with the output of a regulated power supply to control the flow of the output current. Pass
elements are shown in Fig. 21-3 (tubes
V3 to V6) and in Fig. 21-121 (transistors Q3, Q5, and Q7).

Rectifiers designed for low -frequency
use generally have considerable internal capacitance. The amount depends
on the current -carrying capacity and

21.86 What is the purpose of connecting capacitors in the lower legs of a
series half -bridge circuit?-This type

rectification up to several thousand
hertz.
Rectifiers used for high -frequency
use, such as in radio receivers and
metering circuits, are especially designed for such usage. The operating

circuit is often used in the negative feedback circuit of a vacuum -tube volt-

meter to isolate the metering circuit
from the plate voltage of the meter
driving tube and to provide equalization for the metering circuit. Fig. 21-86
shows a typical circuit employing capacitors in the lower legs of the bridge,
which are returned to the cathode circuit of an early voltage -amplifier stage.

With a value of 2-µF capacitance, the
frequency response is uniform down to
about 30 Hz. Reducing the value of the
capacitors decreases the negative feedback (this subject is discussed in Question 12218), thereby increasing the frequency response at the lower frequencies. A circuit similar to that shown is
employed in the vacuum -tube voltmeter discussed in Question 22.100.
21.87 Are input capacitors permiswith solid-state rectifiers?-Yes.
Any of the standard rectifier circuits
sible

are adaptable to conventional filter -section circuits.
21.88 What is a crowbar voltage
protector?-A circuit which monitors

the output voltage of a power supply
and instantaneously throws a short circuit across the output terminals to operate a preset voltage -limiting device.
This is generally accomplished by the

the

physical design of the rectifier

However, they can be used for power

frequency range can be obtained from
the manufacturer's data sheets.
2/.90 What factors determine the
choke of a rectifier circuit?-For selenium rectifiers (when factors like regulation and ripple voltages arc not too
important), a single-phase half -wave
rectifier, using a voltage doubler or

triplcr for the higher voltages, with the
current limited to 120 milliamperes, is
quite satisfactory. For 120 milliamperes
to 100 amperes, a choice of a full -wave
circuit is desirable, using a bridge or
center -tap configuration. Below 15
volts, the center -tap circuit offers

economy, because only two arms are
necessary. However, when the voltage
limitations of a single cell have been
reached, the choice of a bridge circuit is
indicated. For currents between 100 and
1000 amperes, a three-phase wye, double-wyc, or six -phase star configuration

is recommended for voltages up to 15

volts, and a bridge circuit at higher
voltages. The graphs in Figs. 21-90A
and B will be helpful in determining
these factors.
The charts in Fig. 21-90C and D may
be used as an aid in the selection of the

rectifier

proper circuitry for selenium and sili-

(SCR) connected across the output terminals of the supply unit. (See Ques-

con rectifiers. Referring to Fig. 21-90C,
half -wave, single-phase circuits are
practical. Doublers and triplers at currents up to and including 1 ampere are
also practical. The exception is for cur-

use of a silicon controlled

tion 11-150.)
21.89

Over what frequency rang

can solid-state rectifiers br operated? -
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Fig. 21-900. Current and temperature chart for the selection of a rectifier type.
(Courtesy, Sarkes Torsion Inc.)

rents over 500 milliamperes. A bridge

circuit might be preferable when the
voltage exceeds 250 volts dc. Availability of high -voltage, single -junction rectifiers extends the practical range of the
single-phase, center -tap configuration

to 250 volts, with a similar pattern for

the selenium rectifier with wye or star
connections preferred up to 250 volts,
and bridge connections above 250 volts.

It should be understood that the above
recommendations are only general and
are subject to modification depending
on the application,
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21-90C. Chart for circuit selection, selenium rectifiers. (Courtesy, Sarkes
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Fig. 21-90D. Chart for circuit selection, silicon rectifiers. (Courtesy, Sarkes Torsion
Inc.)

2/.91 Give the formulas and configurations for single- and three-phase

ripple quoted is the ripple frequency at

rectifier circuits.-The formulas arid circuitry for designing the majority of
rectifier circuits, both single and three

benefit of

phase, are given in Fig. 21-91. By refer-

21.11.)

ring to the desired configuration, fac-

ore the peak -inverse
for single- and threephase rectifier circuits? Fall -wave con-

tors involved in the design can be read

directly from the chart. The percent

the output rectifier circuit without the
filtering. The information

given can be used for solid-state or
vacuum -tube rectifiers. (See Question
21.92

voltages

What

(111V)
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Fig. 21-91. Rectifier design data. The data given arc applicable to both solid -store
and vacuum tubes.
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ventional rectifier, 2.82 times one-half
the secondary voltage.
Full -wave bridge circuit, 1.5 times
the rms voltage of the secondary. Half wave, 2.82 times the rms secondary
voltage.
Three-phase star and bridge, 2.45

times the rms voltage per transformer
leg.

Six -phase star (three-phase diametric) and three-phase double-wye, 2.83
rms per transformer leg. (See Question
21.91.)

21.93

Are selenium rectifiers suit-

able for battery chargers?-Yes. Their
characteristics provide a reduction of
the charging current as the voltage of
the battery rises. This characteristic
prevents overcharging and raising the
temperature of the battery.
21.91 Describe the terminal symbols for a semiconductor rectifier. --For
the small tubular and top -hat -type rectifier. the polarity symbols are indicated

on the rectifier unit, as given in

Fig.

21-94. The theory of operation for the
semiconductor -type rectifier is disin Question

cussed

11.109.

It will be

quired for each tube in the circuit. This
means that for a full -wave bridge circuit, four separate heater windings are
required. For tubes using a cathode ele-

ment, only a single heater winding is
required. However, this is not true for
high-powered rectifier tubes because
most of them employ heater -type construction. This has, in some instances,

deterred the use of full -wave bridge
rectifier circuits.
The semiconductor -type rectifier, requiring no heating. may be adapted to
the full -wave bridge circuit without
inconvenience. Such rectifiers include

the copper oxidc, selenium, copper sulphide, silicon, germanium, and titanium types.

Several types of bridge circuits are
available for full -wave rectification and
are classified according to the number
of diodes or rectifier elements employed.
A full -wave bridge rectifier consists
of four rectifier elements, as shown in
Fig. 21-95. This is the most familiar circuit and is the one most commonly employed in the electronics industry. The
circuits function in the following man-

11-109
noted in the data given
that the bar representing the cathode

ner:

(negative) of the rectifier always points

positive, current flows in the direction
of the solid arrows from Terminal 1,
through the low forward resistance of
diode D2. through the load resistance

away front the source of voltage to
develop a positive potential at its output.
21.95

What is a full -wave bridge
rectifier and what ore its advantages?
-The chief advantage of the full -wave
bridge rectifier is its ability to supply
full -wave rectification without a center
tap on the transformer. However, the
bridge rectifier is not a true single ended circuit, since it has no terminal
common to both the input and output
circuits.
In the vacuum -tube -type rectifier,
the bridge rectifier circuit is more eas:ly

adapted to indirectly heated cathode type tubes than to those using a fila-

When the ac input Terminal

1

is

diode D3, and, finally, to Terminal 2
which is negative at this instant. Conduction through DI and D4 is negligible
because these diodes present their high
back resistance when Terminal I is
positive and Terminal 2 is negative.

On the next half -cycle when Terminal 2 swings positive, current flows
in the direction of the dotted arrows
from Terminal 2, through the low forward resistance of diode D4, through
the load resistance
diode DI, and,
finally, to Terminal 1 which is negative

ment -type heater. The reason for this is

this instant. Conduction through
diodes D2 and D3 is negligible because

that a separate heater winding is re-

these diodes present their high back

at

EtcOfiCAetrnist

1H10011HANO.A
NArC'CA

02

CAREW fl ow

Fly. 21-94 Symbols on a solid-state di-

ode rectifier, and the direction of current flow.

hg. 21-95.

Full-weve bridge rectilher.
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resistance when Terminal 2 is positive
and Terminal 1 is negative. It will be

rectification

efficiency

of the

three-

noted that the rectified current indi-

quarter bridge is 933 percent of that
of the full -wave hridge circuit of Fig.

cated by the solid arrows for one half -

21-95.

cycle and the dotted arrows for the

21.97 What is an opposed halfbridge?-Two diodes have been replaced with resistors in the circuit, as

other half -cycle always passes through
the load resistance Rg. in the same
direction. The top of Rt. is always posi-

shown in Fig

21-97. Using half the

tive and the bottom negative. Thus,

number of diodes employed in the full -

full -wave rectification is obtained.
With the full -wave bridge circuit,
the dc output voltage is equal to 0.9
of the rms value of the ac input voltage.

bridge, this circuit is termed a half -

21.96

What

is

a

three-quarter

bridge?-A bridge connection in which
one diode rectifier has been replaced
with a resistor R, as shown in Fig.
21-96. When the ac input voltage at
Terminal 1 is positive, the current flows
in the direction of the solid arrows

from Terminal 1 through the low forward resistance of diode D2, through
load resistance IL, resistor R., and,
finally, to Terminal 2 which is negative
at this instant. Any conduction through
diodes Dl and D3 is negligible during
this half -cycle because these diodes now

present their high back resistance and
provide effective blocking action.
On the next half -cycle, when Terminal 2 is positive, current flows in the
direction of the dotted arrows from
Terminal 2, through diode D3, load resistance

Ri., diode Dl, and, finally, to

Terminal 1 which is negative at this
instant. Any conduction through diode

is negligible, since this diode now
presents its high back resistance.
Rectified current flowing through
1)2

load resistance 12,, is shown by the solid

and dotted arrows to be in the same
direction during each half -cycle of ac
Input voltage. The top of R,., therefore,

is always positive and the bottom

is

always negative. This satisfies the con-

ditions for full -wave rectification With
the three-quarter bridge circuit, the dc
output voltage is equal to 0.84 of the
rms value of the ac input voltage. The

Fig.

21-96. Three-quarter bridge rectitier circuit.

bridge. Specifically, it is of the opposed
half -bridge type in which the equal

resistors RI and R2 arc connected in
series across the ac input.

In this circuit, when ac input Terminal 1 is positive, current flows in the
direction of the solid arrows from
Terminal 1 through diode DI, load

resistance FL, resistor R2, and, finally,
to Terminal 2 which is negative at this
instant. Conduction through diode D2
is negligible during this half -cycle,
since the diode now presents its high
back resistance

On the next half -cycle of the ac
input voltage, Terminal 2 swings positive and current flows in the direction
of the dotted arrows from Terminal 2,
through diode D2, load resistance R,.,
resistor RI, and, finally, to Terminal 1
which is negative at this instant. Conduction through diode Dl is negligible,
since this diode presents its high back
resistance during this half -cycle.
The rectified current flowing through
the load resistance R,. is shown by the

solid and dotted arrows to he in the
same direction for each half -cycle of
ac input voltage. This satisfies the conditions for full -wave rectification.
With the opposed half -bridge circuit,
the de output voltage is equal to 0.72

of the rms value of the ac input voltage The rectification efficiency of the
opposed bridge is 80 percent of that
of the full -bridge circuit in Fig. 21-95.
21.98

What is a series halt -bridge?

-It is a second type of half -bridge circuit and is illustrated in Fig. 21-98. In

Fig.

21-97. Opposed holf-bridge rectitier circuit.
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Fig. 21-98. Series half -bridge rectifier.

this arrangement, two series diode and
resistor legs are connected across the
ac supply, one diode D2 being polarized for high conduction when ac Terminal I is positive and the other diode
DI polarized for high conduction when
ac Terminal 2 is positive.
When ac terminal is positive, current flows in the direction of the solid
arrows from Terminal 1 through diode
D2, load resistor 126,, resistor R1, and,
finally, to Terminal 2 which is negative
1

at

this instant.

Conduction through

diode Dl is negligible, since this diode
presents a high back resistance during
this half -cycle.

On the next half -cycle of ac input
voltage, Terminal 2 swings positive and

current flows from Terminal 2 iu the
direction of the dotted arrows through
resistor R2, load resistance R,, diode
Dl, and, finally, to Terminal 1 which is
negative at this instant. Conduction
through diode D2 is negligible, since

this diode presents its high back resistance during this half -cycle.
The rectified current flowing through
load resistance R is shown by the solid

and dotted arrows to be in the same
direction during each half -cycle of the
input voltage. The top of R. is
always positive and the bottom negative. This satisfies the conditions for
ac

fall -wave rectification.

the series half -bridge circuit,
the dc output vs.;.:!!aste is equal to 0.44
,?Itite.
of the rrns value of the ac
The rectification efficieucy of the series
half -bridge is 48.9 percent of that of
the full -wave bridge circuit in Fig.
y!fj,

21-95.
21.99

What is a quarter-bridge?-

This unique bridge circuit is shown in
Fig. 21-99 It employs only one diode
and three resistors. Since this arrangement employs only one-fourth the num-

ber of diodes required for a full -wave
bridge rectifier, it is termed a quarter bridge.

The quarter -bridge consists of the

Fig. 21-99. Quarter -bridge

rectifier.

left (series resistance) half of the op-

posed half -bridge of Fig. 21-97 and the
right (diode resistance) half of the
series half -bridge of Fig. 21-98.

In the quarter -bridge circuit, when
ac input Terminal 1 is positive, current
flows in the direction of the solid arrows
front Terminal 1 through diode D, load
resistance R6., resistor R2, and, finally,
to Terminal 2 which is negative at this
instant.
On the next half -cycle of the ac input
voltage, Terminal 2 swings positive and

current flows in the direction of the
dotted arrows from Terminal 2, through
resistor R3, load resistance
resistor
RI, and, finally, to Terminal 1 which
is negative at this instant.
The rectified current flowing through
the load resistor is shown by the solid

and dotted arrows to be in the same
direction for each half of the ac input
voltage. The top of R,. is always positive and the bottom negative. Therefore,
the condition for full -wave rectification

satisfied. The dc output voltage is
equal to 036 of the rms value of the ac
is

input voltage. Rectification efficiency of
this circuit is 40 percent of that of
the full -bridge circuit in Fig. 21-95.
21.100 Where are series half -bridge
and quarter -bridge rectifiers employed?

-For light -duty applications such as
instrumentation and control devices to
supply a ripple frequency twice the

frequency of the applied voltage.
21-101 What precautitm; mutt be

-- -

taken when using bridge rectifier cir-

cuit,?_;;; order that both even- and
odd-numberedpasitive peaks of the dc

output voltage have the same amplitude thus insuring maximum average
current, the values of the bridge resistors must be correctly proportioned

with respect to the forward resistance
of the diode or diodes at the applied
voltage level.
21./02 How should a .hridge rectifier circuit be grounded? ThrCe meth-

ods of grounding are shown in

%'a)

to
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only one-half the total voltage. The
power capabilities of the transformer
remain the same.

Although twice the dc output voltage is available with the bridge rectifier under

these

circumstances,

the

permissible power drain will be only
one-half that allowed with full -wave,

(a) Ac grounded.

center -tapped operation.
21.104 What is a vibrator power

supplyf-A power supply employing a
mechanical vibrator operated from a
source of direct current such as a battery. The vibrator breaks the current
in the primary of a step-up transformer.

The secondary of the transformer

(b) De grounded.

is

connected to a rectifier for changing the

alternating current generated by the
vibrator in the primary to a high -voltage direct current. Such power supplies

are used in auto radios, transmitters,
and portable test and sound equipment.

Vibrator power supplies are designed
to operate both synchronous and non The

synchronous.

(c) Ac and do grounded using an (sofa non tran.sforrner.

construction

of

a

typical nonsynchronous vibrator manufactured by P. R. Mallory and Co. is
shown in Fig. 21-101. The operation and
circuit are described in Question 21.105.

(d) Isolation transformer with center

tap to ground.
Fig.

21.102. Methods of grounding

o

bridge -rectifier circuit.

(c) of Fig. 21-102. Either the input (ac

source) or output (dc load) may be
grounded, but not both simultaneously.
However, if an isolation transformer is

used between the ac source and the
input to the rectifier, as shown in (c) of
Fig. 21-102, both ac and dc sidon may
be grounded permanently. An altern

'irk
-

method of grounding is shown ni (d)
of Fig. 21-102, where the center tap of
an isloation transformer is grounded.
21./03 What precautions -should be
taken in the selection of a power transformer for bridge rectili'er circuitsT-An
advantage of the br'.dge rectifier is its
ability to utilize 'the full winding and
total voltage
a conventional center tapped trar.sformer, providing full -wave
rectificPAton, while the conventional
full- gave, center -tapped circuit utilizes

_
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Fig. 21-105 Nonsynchronous vibrator supply.
21.103 How does o nonsynchronous
vibrator supply lunctionl-The circuit

pacitor Cl in the primary circuit and
L2 and C2 on the rectifier side. The

of a nonsynchronous vibrator is shown
in Fig. 21-105. The device consists of
a mechanical vibrator, step-up transformer, rectifier, and filter system. The
vibrator is caused to operate by the
application of direct current to art energizing coil
The coil surrounds a soft -iron core
placed close to the end of the vibrator
reed R. The core of the coil attracts the
reed, causing it to close with contact 2.
This action short-circuits the energizing
coil and the reed swings in the opposite
direction to close with contact 1. Mechanical inertia makes the reed swing
back toward contact 2. This process will
be repeated as long as a source of voltage is applied to the energizing coil Er.
Each time the reed closes with one
contact or the other, a surge of current

make -and -break action of the vibrator
causes high instantaneous voltages to
be generated because of the high rate

passes through the primary of transformer TI in a given direction. In contacting first one contact and then the
other, surges of current of opposite
polarity are produced. These pulses are
repeated many times per second and
are then rectified on the secondary side

by the use of a conventional rectifier
and filter system. Two radio -frequency
filter sections are used to remove hash
or radio -frequency interference. These
orations contain rf choke LI and ca -

of change of current as the circuit is
broken. To reduce the effect of these
surges every time the primary circuit
is broken, a buffer capacitor C2 is connected across the secondary of the step-

up transformer Tl. The use of this capacitor across the secondary prevents
the vibrator contacts from being burned
and the rectifier tube from being damaged.

As a rule, the value of the buffer capacitor is about 0.01 µF, with a voltage
rating of at least 1000 volts. Since the
turns ratio of the transformer is about
100 to 1. the reflected capacitance to

the primary will be on the order of
1 µF. (See Question 8.34.) Vibrator frequencies vary between 60 and 180 Hz.
21.106 What is a synchronous vibrator power supply? -1t is similar in
construction and operation to the non synchronous vibrator described in Question 21.105, except that two additional
contacts, 3 and 4, are added to the vibrator reed. (See Fig. 21-106.)
Whets the reed is in contact with
contact

1,

contact 3 connects the top

end of the secondary of transformer T1
through the reed to ground. When the

DC

Fig. 21-106. Synchronous vibrator power supply.
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reed swings back to the opposite side,
the bottom of the transformer secondary is grounded. In this manner, the
center tap on the secondary side is always positive with respect to ground.

apply the amplified voltage to C3 in the
proper phase to add to the original

Thus, the output of the secondary is
rectified without the benefit of a rectifier tube. Only a filter is required. With
this type of operation, current flows in

other is cut off At this instant, C3 and
the primary of T2 form a parallel resonant circuit and the discharge of C3

opposite directions through each half of
the secondary winding during alternate
halves of the cycle. The battery polarity
is established in the original design of
the power supply and must he observed
for proper generation and rectification
of the secondary voltage.
21.107 What is an electronic in-

oscillations in the resonant circuit at a
frequency which is determined by the

rerter7-A circuit which converts direct
current to alternating current. Inverters
are used in applications where the primary source of power is direct current.
Because direct current cannot be transformed, it is convenient to convert di-

rect current to alternating current so
that ac output from the inverter may be
applied to a transformer to supply the
desired voltage. In Fig. 21-107 is shown

the basic circuit of such an inverter.

unbalance.

This process repeats itself until one
of the tubes reaches saturation and the

through the primary of T2 produces
value of C3 and the effective inductance
of the primary of T2. The oscillation induces an alternating voltage of the same

frequency in the secondary of T2, the
output of the inverter. The energy coupled out of the circuit by the secondary
of T2 must be supplied through VI and
V2 from the dc source.
Energy is lost in the resistance of the
transformer windings and must be supplied from the dc source. This is accomplished by coupling some of the reso-

nant circuit voltage to the grids of VI
and V2 through C1, TI, and C2.
The voltage is fed back in the proper
phase to cause VI and V2 to conduct
every half -cycle. The direct -current input is fed to the resonant circuit at just
the right moment to add to the instantaneous oscillating energy.
For example, suppose the energy in
the resonant circuit is charging the top
of C3 positive. The charging voltage is
impressed across the primary of Ti and
its secondary is connected so that the
voltage is a negative -going voltage on

the grid of VI and a positive -going
voltage on the grid of V2. VI will conFig.

21-107. Electronic inverter
converting dc to ac.

for

When the dc voltage is first applied,
the electron flow is approximately equal
through both branches of a parallel

circuit formed by tubes VI and V2 in
series with corresponding halves of the
primary of transformer T2. The voltage
across each half of the transformer will

then be equal but opposite In polarity
and no voltage will appear across C3.
However, any slight transient creates a
slight voltage across C3 as well as across
the series circuit comprising Cl, the

primary of TI, and C2. This small voltage induces a voltage across the sec-

duct less and V2 more. Therefore, the
plate of VI is made more positive and
the plate of V2 more negative. The dc
source is thus connected to C3 to aid
the charging of C3 by supplying energy
in the resonant circuit. When this energy is next discharged into the primary
of T2, it is available as output energy
at the secondary of T2.
The energy supplied by the dc source

will be largely determined by the energy drawn from the alternating -current output. The output of this type inverter is very nearly a sine wave, as a
result of the parallel resonant properties of the circuit.

ondary of TI which is applied to the
control grid of VI and V2. Tubes VI

21.108 Describe the bask operating
principles of a de -to -de converter, using
switching trans/Jeers. -Basically, a dc to -dc converter consists of a dc source

and V2 amplify the small voltage and

of potential (generally a battery) ap-
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plied to a pair of switching transistors.
The transistors convert the applied de
voltage to a high -frequency ac voltage.
The ac voltage is then transformed to a
higher voltage which is rectified to dc
again and filtered in the conventional
manner Power supplies of this nature
are often used for a source of high voltage, where the usual ac line voltage is
not available.
The circuitry for such a device appears in Fig. 21-108. The power transformer is rather special and consists of
a "Deltamax" toroidal core, with a saturation flux density of 14,000 kilogauss.
Three windings are required: a 52 -turn
primary, a 68 -turn feedback winding,
and a 550 -turn, high -voltage secondary

winding. The primary and feedback
windings are bifilar wound to obtain a
tight coupling between the two halves
of the winding on each side of the center tap. The switching frequency is generally on the order of 1000 to 2000 Hz

to reduce the size and weight of the

crease. This amounts to positive feedback. Therefore, transistor QI is turned
on and Q2 is turned off.

The current continues to increase
from the input terminal until the core
becomes saturated. The induced voltage

in the feedback winding then drops to
zero, turning off transistor QI. The collapsing field of the core induces a voltage of opposite polarity in the feedback

winding, which further turns off Q1
and turns on Q2. Current then flows
from the plus voltage to the emitter of
Q2 through the feedback winding. Saturation again takes place-this time in
the negative direction. This action provides suitable conditions for oscillation
repeated at a frequency dependent on
the circuit constants.
The voltage at the secondary is of a
square -wave nature and is rectified by
a (nil -wave bridge -rectifier circuit and
filtered iu the usnal manner. The freqnency of the described circuit is about
1600 Hz and is capable of supplying

transformer and filter chokes (if used).
Designing a device of this nature for
a frequency of 60 Hz would increase
the weight and size considerably over
that of one using a higher frequency.
The action of the switching transistors

250 Vdc at a current of 100 milliam-

is now explained. Applying a voltage
from the positive input terminal of the
battery causes a current to flow to the
emitter of QI and induces a voltage in
the feedback winding F, in such a
manner that the base of Q2 is made

power supplies.-These are power supplies employing a high -frequency oscillator, which operates at 30 to 80 kHz.
They are used in 16 -mm motion picture

positive with respect to the base of Ql.
These polarities at the bases of Ql and
Q2 cause an increase in the current

Sharp turns in the wiring must be

through Ql. At the same time, they
cause the current through Q2 to de-

peres. The discussed circuit may be, in
some manners, compared to that of the
nonsynchronous vibrator iu Question
21.105.

2 I . 109

Describe

high - frequency

projectors, television receivers, electron microscopes, and other devices.

avoided to prevent corona discharge at
the point of the bend. Corona discharge
can cause serious interfereuce in adja-

cent circuits and other equipment in
S507004 a S

Pis

+25CNDC

110764

Fig. 21-108. A dc -to -dc converter using switching transistors. Switching frequency
is approximately 1600 He, using the above circuit components.
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0

REFERENCE
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Fig. 21-111A Block diagram for a constant -voltage regulated power supply.

the general area. These supplies are discussed in Question 19.165.
21.110

amount is necessary to accomplish this.

A block diagram of this type supply
appears in Fig. 21-111A. Its impedance
characteristics are given in Fig. 21-

What is a tuning fork power

supplyl-A power supply using a precision tuning -fork oscillator to control
the output frequency. It is used in applications where constant speed of electric motors is a prime requisite, such as
in sound -recording equipment. The device consists of a two -stage RC amplifier with a 60 -Hz tuning fork in a feed-

111B. (See Question 21.47.)
21.1/2 Describe a constant -current
power supply.-It is a regulated power

supply designed to keep its output current constant, regardless of the changes
in load current line voltage, or temperature. For a change in the load resistance, the output current remains constant to a first approximation, while the

back circuit acting as the frequency determining element. Following the oscillator section is a push-pull power
amplifier capable of developing about
70 to 100 watts of power
21.711

output voltage changes by whatever
amount is necessary to accomplish this.

A block diagram of this type supply
appears in Fig. 21-112A. Its impedance
characteristics are given In Fig. 21112B. (See Question 21.47.)

Describe a constant -voltage

power supply.-It is a regulated power
supply designed to keep its output volt-

age constant, regardless of the changes
in load current, line voltage, or temperature. For a change in the load resistance, the output voltage remains constant to a first approximation, while the

21.1

73

Describe n constant -voltage,

constant -current power supply.-It

is a

power supply that acts as a constant voltage source for comparatively large
values of load resistance and as a constant -current source for comparatively

output current changes by whatever

ce

0
o

i0'

a

BOO

IOR

1001C

IWO

*NED

KRTS

Flg. 21-1118. Typical Internal impedance characteristic for o constant -voltage
power supply.
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CURRENT
REFERENCE

CURRENT
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AC NUT

RE CT IF KR

-°+
Fig. 21-112A B ock diagram for a constant -current regulated power supply.
It

Ifls

id

It

a

io

Rf

OR

Mr.

:MEG

10 MEG

.[ Ft 1Z

Fig. 21-112B. Typical internal output impedance characteristic for a constant -current power supply.

is the current -control setting gen-

connected so that when the supply is in
the constant -voltage mode, the upper
diode is forward -biased (shorted), and
the lower diode is reverse -biased
(open). Conversely, when the supply is
in the constant -current mode, the npper
diode is reversed -biased, and the lower
diode is forward -biased. Thns, the se-

front panel.

ries transistor regulator is only called

small values of load resistance. An automatic crossover (or transition) between these two modes of operation occurs at a critical or crossover value of
load resistance where R. equals E./I..
where,
E. is the voltage -control setting,
1.

erally indicated by meters on the

upon to respond to either the constant -

A block diagram of this type supply

voltage or the constant -current com-

appears in Fig. 21-113.
21.114 How is automatic crossover
accomplished in a constant -voltage, constant -current power supply? -Referring
to Fig. 21-113, the disconnect diodes are

parison amplifier, and the effectiveness

of one amplifier is not affected by the
shunt presence of the other.
21.115 What is transient recovery
time in a power supply?-Transient re-
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CONSTANT -CURRENT
COMPARISON AMPLIFIER

AI

DISCONNECT DIODE

CURRENT
REFERENCE

1

LSERIES
TRANSISTOR
REGULATOR

IOTA
CURRENT
MONITORING
RESISTOR

I-

C2

AC irVirt

RECTIFIER

CI

DISCONNECT

8
8

!NODE

CONSTANT- VOLTAGE
COMPARISON

I

-

VOLTAGE 1
!REFERENCE

AMPLIFIER

I

Fig. 21-113. Mock diagram for constant-rolta9c/eonStant-current power supply
with automatic crossover.

covcry time is defined as the time required for the output voltage to recover
within X millivolts of the normal output
voltage, where the nominal output volt-

115B). The feedback amplifier within
the power supply reduces the effective
output impedance at all frequencies
within its band of amplification. At high

age is the mean between no-load and

frequencies however, the gain of the

full -load voltage.

amplifier disappears and the output impedance of the supply increases. Under
these conditions, the power supply be-

When the output load current of a
power supply is changed at a rapid rate,

a voltage spike occurs across the output terminals. This voltage spike may
lie outside the normal static regulation
specifications for a relatively short period of time. In order to describe the

comes

performance of power supplies for
pulse -loading applications, it is necessary to define and measure the duration

supply output terminals. Special electrolytic capacitors are used for this

essentially

a

passive

device

which has an output impedance dependent mainly on the internal effective
inductance of the electrolytic capacitors
and the leads connecting to the power purpose and are located physically close

and amplitude of the unwanted output

to the output terminals to reduce the

voltage transient. The term used for

effect of lead inductance. An expanded
view of transient recovery time, showing its characteristics, is given in Fig.

this operation is transient recovery

time, or recovery time.
Fig. 21-115A shows the general nature of the output voltage transient resulting from an imposed external
square -wave load current (Fig. 21 -

21-115C.
21.116

NO LOAD

col

What

is

o remote sensing

circuit. -It is a circuit incorporated in a
regulated power supply. By means of

FELL LOAD

Fig. 21-115A. Characteristic of
square wave during the recovery period.

Fig. 21-115B. Square wave apFULL LOAD
!LOAD
PC LOAD

plied across the output terminals to measure the recovery
time.
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'L

.. LC AL))

'Loa')
NL ( NO LOAD)

FL-NL TRANSIENT -

-

TRANSIENT RECOVERY LIMIT
STATIC NL OUTPUT VOLTAGE
X +IV

- - r --NOMINAL

OUTPUT VOLTAGE

XmV

STATIC FL OUTPUT VOLTAGE
TRANSIENT RECOVERY LIMIT

NL-FL
TRANSIENT

Yss

Yys

Fig. 21-115C. Expanded view of transient recovery time for a single square wave
pulse. Suggested limits are indicated.
extra wires between the supply and
the load, this circuit permits the supply
to achieve its optimum regulation at

the load terminals, rather than at the
power -supply output terminals. lu this
manner, the circuit compensates for the
IR drop in the line from the power supply to the equipment receiving its volt-

rent through the tube must fall within
the minimum and maximum current
limits, and the supply voltage must be
equal to or be greater than the maximum breakdown voltage of the VRT.
The current through the tube may be
expressed:

age. The current through the sensing
lines is quite small; therefore, the voltage drop is negligible.
21.117 Describe the design procedure /or gaseous voltage -regulator tubes.

-The theories of gaseous voltage -regu-

lator tubes and of the zcncr diode are
discussed in Questions 11.30 and 11.148,

respectively. Therefore, only the circuitry generally employed with these
devices will be discussed.
In Fig. 21-117A is shown the basic
circuit for a gaseous voltage -regulator
tube (VRT) connected across the out-

put of a power -supply filter section.
The input voltage to the regulator tube
is designated E,, the nominal or regulated output voltage, E. Variable quantities are I, the tube current, 1, the load
current, and the load R,.. As there are
several variables to be considered in the
design, several separate calculations are
required. These calculations are based

-

- E.
RI

- I.

The current through the tube varies
directly with the input voltage and inversely with the load current. The current I, will therefore be maximum under the following conditions: when E,
RI

+0UNREGULATED
DC VOLTAGE El
I

SOURCE

0-

2

Fig. 21-117A. Basic circuit for des gning

a regulated voltage circuit
employing a gaseous
voltage -regulator
tube (YRT).
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.480
003/ VR -180

2005
TOIPIEG

DC FROM
POWER
SUPPLY

330

TE2

OC 3/ VR -105

oC !ROM
POPIER SUPPLY

4228

003/88 -15C

21-117B. Voltage -regulator tube
connected for use as a regulator and
F19.

voltage divider.
083/vR- *5

is maximum, when the load current I:
is minimum, and when the voltage El
is the minimum for this current. Thus,
the lower limit of R1 is established as:

21-1170. Four voltage -regulator
tubes connected in series to provide four
sources of regulated voltage.
Fig.

R1= ,

La wt.+ Loot.

The minimum value of the current I,

will occur under the following conditions: when input voltage E, is minimum, when the load current I. Is maximum, and the tube voltage E: is maxi-

mum for this current. The upper limit
for R1 is determined:
R1 =

has the minimum and maximum current ratings. The starting voltage applied to each tube in the string will be
determined by the individual leakage
resistances. If a resistor of 200,000 ohms
to 1 megohm is connected across one of

To assure that the tube will fire, the
following conditions must also be satisfied:

El Min X Rt.
RL

A series string of four VRT's is
shown in Fig. 21-117D. Each tube Is of
a different voltage rating, and voltage
taps are taken at each tube. This connection is satisfactory only if each tube

R1

>

.....

the tubes, the remaining tubes will fire
first, thus assuring the instant firing of
all tubes when the voltage is applied
A slight reduction in the regulation
effectiveness may be noted for the
shnnted tube.

In Fig. 21-117B is shown a VRT supplying two sources of voltage. Here, the
tube functions as both a regulator and
u voltage divider. Voltage E, is unregulated, while voltage E, is regulated. Two
VRT's connected in series are shown in
Fig. 21-117C. Both voltages E, and E,
are in this instance regulated.

* 35C )*

utiREGuistED

)e 2SOVDC
TS,,,A

SOURCE Or
OC VOLTAGE

R

OUTPUT
CONTROL

DC FROM
POWER
SUPPLY

E2
330

Fig.
-o

11-117C. Two voltage -regulator
tubes connected in series to provide two
sources of regulated voltages, E, and E,.
Fig.

21-117E.

Voltage -reference

tube

connected in the cathode circuit of a dc
amplifier for controlling the current
through the pass tubes of a regulated
voltage power supply.
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Voltage -regulator tubes may also be
connected In parallel to provide greater

current capabilities, provided a small
resistor of 10 to 100 ohms is connected

in series with each tube. However, in
doing so, the regulation is impaired;
therefore, parallel operation is not recommended.

An advantage of using VRT's and
zener diodes is their ability to decrease
the ripple voltage or small pulsations in

the output of an unregulated voltage
source. Variations in the applied voltage cause current variations through
the tube, and since the current through
the tube is maintained at a constant
value, the tube functions as a filter. A
typical circuit, using a 6627 voltage reference tube, Is given in Fig. 21-117E.

Here, the tube is used to provide a
fixed -bias voltage at the cathode of a
12BY7 tube controlling the current
through pass tube 6216 Typical VRT's
are the OD3/VRI50, 0C3/VR105, 0A3;
VR75, 6627/082, 6831, and the 6830.

An interesting aspect of the VRT is
the effect of light on the tube, since its
operation depends on ionization of gas
(helium or argon). An ion is an atom
which has lost or gained an electron
due to some physical or chemical reaction. In the VRT, the gases are under
heavy electrical stress; yet this alone is
not always sufficient to cause the gas
atom to ionize. Enclosing the VRT in a
light -tight box requires a higher value

Typical regulation characteristics arc:
percent

0A2
0A3

1.3

OB2
OD3

0.94 per cent (voltage reference)
2 6 percent

6627

0.10 percent

6.7 percent

21.118 Describe the design procedure for o eerier diode roltoge-resiulotor

circuit.-Referring to the basic design
in Fig. 21-118A, the zener diode is connected in series with the limiting resis-

tor RI and in parallel with the source
of voltage to be regulated Assume that
a 10 -volt source of regulated de voltage
is desired, at a maximum load cur-

rent of 100 milliamperes. The unregulated voltage source E. is to be 15 volts.
As a rule, the zener diode current 1. is
chosen for a value of 10 percent of the
load current It., or for this example, 10
milliamperes. The value of the series
resistance 81 can now be calculated:
R1 =E.

-

E..,

IL + Is

15 - 10
.100 + .010

The power dissipated

= 45.5 ohms

in R1

is

FR,

therefore:

P = (IL + II) X 45.5 = 035 watt.

of voltage to fire it, as compared to daylight. If shielded with an 1/1, inch of lead,
it

fires at even higher voltage, and in

some instances, not at all. To overcome
this characteristic, a trigger is required.

Fig. 21-118A. Basic circuit fo designing
a acne, voltage regulator circuit.

This trigger may be in the form of a
low -energy photon from an ordinary
incandescent lamp, or from a highenergy cosmic ray. Without this help,
the operation becomes erratic and the
tube may not fire at all. Some types of
VRT's contain a small amount of radioactive nickel placed on one element;
therefore, they fire regardless if they
are shielded or not. Voltage -reference

rr

-

liovDC

4107Y

tubes are stable and are operated in
the low -current region. Tubes not designed for reference use are operated
near their maximum current region.
This stabilizes the tube, and prevents
jumping of the interior glow with its
attendant voltage shifts. The design
procedure is the same for both type
tubes.

+ 3.99.0

Fig. 21-118B. Liner diodes connected in
series

for regulation and voltage division circuits.
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Corp., arc shown in Figs. 21-11813 to II.
Fig. 21-118B shows a string of four diodes connected in series across the output of the regulated voltage. Diodes

regulator tube can
also be connected in series where the
voltage drops are different, provided
like the gaseous

the power -handling capabilities and the
current -operating ranges are similar.

The circuit shown might be used for
Fig.

21-1 18C. Zener voltage -regulator

circuit Ise* teat).

For practical purposes, a I7 -ohm, 5 percent, 1 -watt resistor is used. The

power dissipated by the diode is equal
to:

E.... X lc

10 X .01 = 0.10 watt.

meter calibration for checking the scale
linearity. Various voltage combinations
are available by connection between the
several voltage points.
The circuit in Fig. 21-118C is a low voltage difference supply. This circuit

can be used where the delivered voltage is lower than that normally available with zener diodes. Two diodes are
used with the regulated potential dif-

The above dissipation is only for a con-

ference

dition where the load current remains

temperature drift is the same for both
diodes, the regulation is exceptionally

constant at 100 milliamperes. If the load
current is completely removed, the current through the diode increases to 110
milliamperes and the senor wattage dis-

sipation rises to 1.10 watts. In this instance, a diode capable of dissipating
2 watts would be in order. (See Question 11.148.)

Several
developed

voltage -regulating circuits
by International Rectifier

being

utilized.

Because

the

good. Any combination of diodes can be
used to achieve the desired output voltage.

Another source of well -regulated
output voltage is obtained by the circuit
shown in Fig. 21-118D. Here, the first
diode acts as a preregulator. Any combination of diodes can be employed. A

RI

10V

REGULATED

4504
4 Tv

Fig.

21-1180. Zen.r voltage -regulator
circuit (see teat).
RI

Fig. 21-118F. Zener oltage-regulator
circuit where voltages lower than acne,
voltage are desired.
Rr

44

Fig. 21-118E. Cascade shunt Reiser diode voltage -regulator circuit. Transistor

Fig.

21-118G. Zener

voltage regulator

Q2 may consist of several units in paral-

circuit for voltages greater than lent,

lel for higher current ratings.

diode voltage.
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520
6v

E,. Potentiometer P1 should be as low
as

possible,

yet compatible with the

load requirements to minimize voltage
variations, because of load current
changes. If only a small voltage drop is
required, say, 28 to 22.4 volts, the con-

28VOC

21-118H. Series connection for a
senor diode when only o small voltage
Fig.

drop

is

required.

figuration in Fig. 21-11811 might be employed. In this instance, the entire load

current plus the current through R1
must flow through the diode and it
could be easily damaged.
A current -regulator circuit is shown
in Fig.

21-1181.

Basically, the circuit

consists of a grounded -base 2N278 tran-

sistor. As it will be observed, resistor
R2 is variable. Hy changing the value
of R2, the emitter current flowing
through R.3 is changed. Resistor 11.3

21-1181. Currant -regulator circuit
diode.
using a transistor and

Fig.

cascade shunt regulator is given in Fig.
21-118E. The zener diode controls the

serves as a keep -alive current for the
zener diode. With the load 11:_, the tran-

sistor supplies a small portion of the
current drawn by R3; therefore, less
current will flow through the reference

base potential of transistor Q1, which
functions as an emitter -follower and
circuit amplifier. The voltage Vrs of Q1
determines the bias of Q2, the shunt
regulator. This circuit is used where
large current variations are encoun-

diode. Resistor R3, however, must draw

tered. Transistor Q2 may consist of several parallel -connected transistors.
Referring to Fig. 21-118G, shunt type regulators can be designed to sup-

increases to where the average voltage
is as large as the voltage
drop across
drop across R.3. The transistor must he

ply voltages lower or higher than the

mately 165 square inches.
21.119 What are the voltage -operating ranges for saner diades?-Lener di -odes, ranging from 2 volts to around 200
volts and covering a large range of current operation, can be obtained for volt-

zener diode voltage F... Disregarding
RI and R2, the output voltage is determined by the ratio of 112:11.3, therefore:

E..,
Thus,

112

I

123

R.3

if R2 and R3 are of the same

value, the output voltage will be twice
the value of E,. Resistor R4 compensates for variations in the supply to the
regulator. The exact value is found by
substituting a variable resistor for R4.
The input voltage is varied, while R4 is
adjusted for a minimum change in the
Current amplificaoutput voltage
tion causes capacitor Cl to appear as a

large value of capacitance across the
output terminals. The ripple voltage is
less than 10 millivolts when the input
de voltage E,. is supplied from a full -

enough current through the reference
diode so the voltage drop across the
diode remains at 8 volts as the current
regulator is loaded. The load current
remains essentially constant until Rt.

mounted on a heat sink of approxi-

age regulation and reference use. In
using higher -current types, the power
dissipated by the diode must be given
consideration. This latter information is
taken from the manufacturer's data
sheet.

2/.120 Describe transient suppressors and their functions.-Transient suppressors are solid-state devices used to
protect silicon rectifiers, which are sensitive to voltage and overload conditions, for short time periods. Magnetic
relays, transformers, and reactors generate transient voltage peaks far in excess of normal voltage, and can cause

wave rectifier, using 20-0.4F capacitance

rectifier failure. The use of transient

across the output of the rectifier circuit.
When voltages lower than E. are required, the circuit shown in Fig. 21118F can be used. The transistor collector -emitter voltage is regulated at

suppressors (or clippers) can increase
the life and reliability of a power
supply without affecting the circuit operation. Transient suppressors are man-

ufactured in both polarized and non-
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polarized units. Their characteristics are
discussed in Question 11.158.
Polarized suppressors arc selected by

biased

their rated dc -blocking voltage. For a
100 -volt dc circuit, the proper suppressor would be rated 108 volts dc, or 180
volts peak. After the voltage rating of
the suppressor has been determined, it
is necessary to select a unit capable of
dissipating the watt -seconds of the en-

volts, over a wide range of current.

ergy content of the inductive field. Suppressor -current ratings are therefore

expressed in terms of peak discharge
amperes. For a properly rated suppressor, the steady current through the sup-

pressor is very low and does not add
appreciably to the losses or temperature rise. Typical circuits for the application of suppressors are given in Fig.
21-120. To approximate the discharge
current, a factor of 0.08 is used where
the dc currents do not exceed 100 am pores, and a factor of 0.04 is used above
100 amperes. For a full -wave circuit of
125 volts at 30 amperes, the suppressor
would be rated 140 volts rms, 200 volts
peak, 2.5 amperes peak discharge current (PDC). Typical devices of this type

are manufactured by Sarkes Tarzian,
under the trade name of Klipvolt, and
by

International Rectifier

Corp.,

as

zener diode CR1 provides a
source of reference voltage. The voltage

drop across the diode remains at

12

If the output voltage V.., tends to
rise, the total increase in voltage is distributed across resistors R8, R9, and
RIO. By setting potentiometer R9 to its
midpoint, one-half the increase in output voltage is applied to the base of Q6.
This increased voltage is coupled to the
base of Q4 by resistor RS, the common emitter resistor for Q4 and Q6. Refer-

ence diode CR1 and its series resistor
R3 are connected in parallel with the
bleeder resistors R8, R10, and potentiometer R9. The increase in output voltage is reflected across the diode resistor
network. Since the voltage drop across
the diode remains constant, the full increase in voltage is developed across R2
and is thus applied directly to the base
of Q4. Because the increase in voltage
at the base of Q4 is higher than that of
the emitter, the collector current
through Q4 increases.
As the collector current through Q4

increases, the base voltage of Q1 decreases by the amount of the increased
drop across RI. The resultant decrease
in current through Q1 causes a decrease
in the emitter voltage of this transistor,

21.121 Describe a series -type transistor voltage regulator.-In the series -

and in the base of voltage of Q2. Similar
action by Q2 results in a negative -going

type regulator (Fig. 21-121), regulation
is accomplished by varying the current
through three 2N3055 parallel -connected transistors in series with the
load (these transistors are often referred to as pass transistors). Reverse -

voltage at the base of the three pass
transistors, Q3, Q5, and Q7.
As a result of this action, the current

through these transistors and the load
impedance in series

with them de-

creases. The decrease in load current
tends to reduce the voltage developed
across the load circuit and cancels the
original tendency for an increase in
output voltage. Similarly, if the output

voltage tends to decrease, the current
through
through

140, 4445 4 Sall sae

(a) Resistive or capacitive loads.

eroSs

is

4C Nut
31., *WS OM/ PO('

(b)

'l4Ye
? /MC

'DC

,post

Inductive loads.

Fig, 21.120. Surge or transient suppressors connected for different type load

conditions. The suppressors arc of the
nonpolarised type.

the pass transistors and
the load circuit increases;

therefore, the output voltage remains
constant.

The circuit shown is capable of regulating the load voltage within 0.5 percent for currents of zero to 10 amperes,
with a voltage output of 22 to 30 volts.
21.122

Describe a shunt -type volt-

age regulator.-A shunt -type voltage regulator circuit is not as efficient as the
series -regulator circuit of Fig. 21-121;

however, it does have advantages because of its simplicity. In the shunt regulator (Fig. 21-122), the current
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your
22/30VDC
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Fig. 21-121. Series type transistor voltage regulator. Load regulation 0.5 percent,
input
percent. The output voltage is adjustable within 22 to 30 volts. (Co rrr e r y,
Radio Corp. of America
1

through the shunt element transistors
Q1 and Q2 varies with the load current
of the input voltage. The current variations are reflected across resistor R1 in
series with the load, so that output voltage V. is maintained nearly constant.
This

regulator circuit can provide a

regulated output voltage within plus or
minus 0.5 percent at 28 Vdc, with a cur-

rent capability of 500 milliamperes, for
inputs of 45 to 55 Vdc. The zener diode
is rated at 27 volts.
With a 28 -volt output, the reverse bias connected reference diode CR] operates in the breakdown -voltage region.

In this region, the voltage drop across
the diode remains constant 127 volts)
over a wide range of reverse currents
through the diode. The output voltage

will tend to rise with an increase in
either the unregulated input voltage or
the load -circuit impedance. Under these

conditions, the current through resistor
R2 and the reference diode increases.
However, the voltage drop across the

Fig. 21-122. Shunt -type transistor voltage regulator. Regulation is 0.5 percent.
Courtesy, Radio Corp. of America 1

diode remains constant at 27 volts, and
the increase in output voltage is developed across R2 The voltage drop across
R2 is directly coupled to the base of Q2,
thereby increasing the forward bias on

QI, and the current through this transistor increases.

Since the increased current of both
transistors flows through RI in series
with the load impedance, the voltage
drop across RI becomes a larger proportion of the total applied voltage. In
this manner, any tendency for the output voltage to increase is immediately
reflected as an increased voltage drop
across RI; thus, the output voltage remains coustant.

Under a condition where the output
voltage

decreases,

the

voltage drop

across the diode still remains constant,
and the full decrease occurs across R2.
This action results in a decrease in for-

ward bias for both transistors; therefore, less current flows through RI. The
resultant decrease in the proportional
amount of the input voltage across RI
immediately cancels any tendency for
a decrease in output voltage, thus resulting in a constant output voltage.
Resistor RI is indicated as 28 ohms.
Its value Is to include the source resistance (transformer and rectifier). If 13perceut regulation is satisfactory, transistor Q1 may be omitted, and the emit-

ter of Q2 returned directly to ground.
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Resistor R2 is then changed to 50 ohms.

Other circuit components remain the
same.

CR204 and CR205 and capacitor C203.
This supply delivers the operating voltages for the pass elements, as well as

21.123 Describe the circuitry of a
tronsistor-reguloted
power
supply. Transistor -regulated power supplies are
rather complicated in their design. They

the output current. The pass elements

generally have regulation characteristics of 1 percent or less, and must function under many different conditions of
use. Fig. 21-123A shows a model PBX

the unregulated voltage from the rectifier circuit is divided between them and

supply,

the voltage drop across it is made to
change in such a manner as to main-

regulated

constant -voltage

manufactured by Kepco and rated 21
volts dc at 1 ampere, with 0.01 -percent
regulation. Six such units, rack mounted, are shown in Fig. 21-123B,

and the circuitry is shown in Fig. 21123C and D. Basically, the device con-

sists of four major sections-the main
source with pass element and driver,
error amplifier, comparison bridge, and
the auxiliary voltage supplies.
Referring to Fig. 21-123D, the main
power is derived from the lower winding of transformer TIO1 and is rectified
by a conventional full -wave center -tap
rectifier circuit consisting of diodes

(series control

transistors) Q101 and

Q102 are in parallel, and are in series

with the plus output terminal so that
the load. By changing the equivalent
resistance of the series control element,

tain a constant output voltage. The base

drive current for the pass elements to
effect this change is supplied by transistor Q203 which, in turn, is driven by
the control signal from the error amplifier.
The error signal amplifier is dc -coupled and consists of Q208, Q207, and
Q202. Its function is to amplify the sig-

nal from the comparison bridge to a
level suitable for driving Q203. The
comparison bridge is a four -arm bridge
circuit and is the regulating and control
element. It consists of a zener diode

rig. 21.123A. Interior view of Kepco Model PBX regulated power supply. The solidstate elements are all silicon.

\

11141111...
6

lb

Fig. 2I-1238. Six Kepco Inc. Model PBX power supply modules rack mounted.
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Fig

21-123C. Basic diagram for Keine 0.01 -percent regulated power supply feedback -regulating system.

CR212 (V5), resistor R224 (R.), output
voltage (E.), and the voltage control
resistance (11,,), which is applied ex-

ternally between terminals 8 and 9. As
shown in Fig. 123C, a reference voltage
(E.) in series with the reference resistance (R.) is continuously compared
with output voltage (E.,) in series with
voltage control (11.1.). At a condition of
balance, a constant current (4) flows
through the bridge, keeping the error
signal at bridge terminals (a') and (b')
at approximately zero volts. Any deviation from the preset output voltage will
tend to change (1,) in the sensing half
of the bridge, and thereby will produce
an error signal at the bridge terminals.
This dc error signal is then amplified
and acts as a control signal for the series -regulator transistor, changing the
voltage drop across it to compensate
for the change in output voltage.
The current -limiting circuit consists

Q204 in a cutoff condition. If an over current causes a rise of voltage across
11219, the base of Q205 becomes more
positive and Q205 conducts, while Q206

is driven toward cutoff. Consequently,
Q204 will start conducting and pull
Q202 and Q203 toward a direction tend-

ing to cut oft the pass elements Q101
and Q102 (In parallel), thus sharply
limiting the output current.
The amplifier power supply consists
of a full -wave, filtered dc source comprising TIO1 (topwinding), silicon rectifiers CR201 and CR202, and filter capacitor C201. A series -regulator stage,
followed by two zener diodes CR209
and CR210, provides operating voltages

for both the amplifier and comparison
bridge. Driver voltage is supplied by a
half -wave rectifier CR203 and a capaci-

tor C202, delivering the voltage to the
collector of Q203. The
supply provides the turn-off bias voltage for the

of Q205 and Q206, connected as a differ-

series

ential pair. The base of Q206 is referenced to the current -limit potentiometer R221, while the base of Q205

higher ambient temperatures. The cir-

senses the voltage across current -sensing resistor R219. As long as the voltage
drop across 11219 (due to the output
current) does not exceed the value

Specifications for this supply are: an
output voltage of 21 volts at 1 ampere,
with a regulation of 0.01 -percent output voltage change for line voltages of

selected by the setting of R221, transistor Q206 is conducting and keeping

105 to 125 volts; less than a 0.01 -percent

pass

elements,

especially

at

cuitry encompasses CR206, CR207, and
capacitor C204.

or 1 -millivolt change for no load to full
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Fig. 21-123D. Schematic diagram for Kcpco Model PBX 21- Vdc 1 -ampere power
supply having 0.01 -percent regulation.

load change at any output voltage within the specified range; ripple less than
0.10 millivolt; an output voltage change

of 0.01 percent over a period of eight
hours; recovery time of 50 microseconds; ambient temperature operating
range, minus 20 degrees to plus 65 degrees centigrade (case); and an isolation voltage, 500 volts between the
chassis and either output terminal.
21.124 Define the terms "open -loop
gain," "closed loop gain," and ''loop

gain," as associated with regulated
power supplies.-The terms "open -loop
gain," "closed -loop gain," and "loop
gain" are associated with the negative feedback circuitry used for control purposes in regulated power supplies.
Open -loop gain is a measure of the
gain without negative feedback, and is

the ratio of the voltage at the supply
terminals to the causative voltage required at the input of the null junction
of the bridge circuit. (Causative voltage

POWER SUPPLIES
is

1215

the voltage required to cause the

operational
Open -loop

amplifier
regulated

to

function.)

power

supplies

utilize voltage or current -sensing devices that automatically change the internal resistance of the power supply
in such a manner that the load voltage
or current remains constant. This may
be accomplished by the use of either a
gaseous voltage -regulator tube (VRT)
or a zener diode.
Closed -loop (or operational) gain is
the measure of the gain with negative
feedback and is ratio of the voltage
appearing at the output of the power
supply to the causative voltage required

at the input of a dc control amplifier.

Loop gain is a measure of the negative feedback in a closed -loop system
and is equal to the ratio of the open loop gain to the closed -loop gain in

decibels. The magnitude of the loop
gain determines the error attenuation
(control) and the performance of the
control amplifier in the power supply
regulating circuits.
21.125

Explain

the

basic

design

principles of a heat sink. -Heat sinks
are used to radiate heat from solidstate rectifying devices. They are generally made from extruded aluminum

or copper and are painted black, except for the areas in which the rectify-

instance, the output voltage (or current) is controlled by the error signal.

ing device is mounted. The size of heat
sinks will vary with the amount of heat
to be radiated, ambient temperature,
and the maximum average forward
current through the rectifying element.

This is the result of comparing a sample

Several different types of heat sinks

of the output voltage (or current) with

are pictured in Fig. 11-159.

a reference voltage. The reference voltage may be supplied by a zener diode

The overall effectiveness of a heat
sink is dependent to a great extent on
the intimacy of the contact between the

regulating circuits also
employ an error -sensing circuit. In this
Closed -loop

or a VRT.

COOLING FINS

CHASSIS RAUL AFING SPACER

Fig. 21-125A. Typical heat sink for mounting two trons,stors. (Courtesy, Delco
Radio Corp.)

Fig. 21-125B. Thermal charac
teristocs for the heat sink
shown in Fig. 21-125A, with
convection flow of air. (Cour.
tesy, Delco Radio Corp.)

O

MINA InSiN110. me RAM
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Fig.

21-125C. Thermal char-

acterilitiCI
shown

in

for
Fig.

the

heat

sink

21-12SA, with

forced air currents. (Courtesy,
Delco Radio Corp.)

device to be cooled and the surface of
the sink. Intimacy between these two

is a function of the degree of conformity between the two surfaces and the
amount of pressure which holds them
together. The application of a silicone
oil (see Question 21.126) to the two
surfaces will help to minimize any sur-

grade per watt to the thermal resistance
of the combination. Therefore, it is
recommended that (whenever possible)

an insulating washer be used to insulate

the entire

heat sink

from the

face unevenness. However, the use of a

chassis to which it is to be mounted.
This permits the solid-state device to
be mounted directly to the surface of
the heat sink
(without the mica

mica washer between the base of the
device to be cooled and the heat sink
will add as much as 0.5 degree centi-

washer). In this way, the thermal resistance of the mica washer is avoided. A
typical heat sink manufactured by the

TRANSISTOR

MICA INSuLAIOR

i-its SO COI TO 002 Doc
PASTA AT ING OuSHINGS

USE ONE FOR is:uNTRAG ON
MATERIAL IA' TO tSRIA" 'NOCK
USE TWO TOR MATERIAL OE
IN' OR GREATER TRICK/4E5S

COPPER OR ALualiNVIA NEAT sew
OR CHASSIS

it"

AKA INSULATOR
METAL 0ASNER
SOLDER LUG

.10-32 01C% ran

21-125D.
Transistor
mounting kits for heat -sink operation. (Courtesy, Delco Radio
Fig.

'4-40 1/2 R N SCREW ID

Corp.)

Ii

TRANSISTOR

MICA INS:AATOR

-- COPPER OR ALUMINUM NEAT
CHASSIS

NSULATING RU5..040121
LOCKWASNER

SClOIER LUG

'4-40 NUT (21

SINK
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Fig. 21-125D. However, if possible, it is
always good practice to mount the

roe DC OPERATION USE WIT IPLYNG

racroc01

solid-state device directly on the surface of the sink, then to insulate the
sink from the supporting chassis (for

g 14

reasons previously discussed).

The size of the heat sink for a given
application depends on the ambient
temperature and the maximum average

iI
I

I

forward current of the rectifier element.
io

The size must be calculated for each

!so
i40
zo Lo
CONOuCT,04 ANGLE-DEGREES

GO

loo

Fig. 21-125F Current multiplying factor
for heot-sink

chart

:Courtesy,

design.

Radio Corp. of America /

Delco Radio Corp.
21-125A.

This

shown in Fig.

is

sink

has

165

square

inches of radiating surface.
The graph in Fig. 21-12513 shows the

thermal characteristics of a heat sink
with a transistor mounted directly on
its surface. A silicone oil is used to increase the heat transfer This graph
was made with the heat -sink fins in a

vertical plane, with air flowing from
convection only. Fig. 21-125C shows the
effect of thermal resistance with forced

air blown along the length of the fin.
Transistor mounting kits designed for
type T03 and TO36 cases are shown in
40

NEAT -SINK COOLING CHART

35

1;

application. The calculation of size can
be greatly simplified by the use of two
charts7 a current -multiplying chart
shown in Fig. 21-125E and a heat -sink

cooling chart shown in Fig. 21-125F.
The first chart applies to all rectifier
types for both polyphase and de operation. The second chart differs for various types of rectifier types, and the calculation requires four steps.
From Fig. 21-125E, the current -multiplying factor is determined for the
applicable conduction angle (the fraction of the ac input cycle during which

forward current is expected to (low in
the application). For de operation of a
silicon rectifier, a multiplying factor of
0.80 is generally specified. The desired
output current (in amperes) is divided
by the number of current paths. The
actual number depends on the rectifier
configuration and is determined from
the table below.

Type of operation

it.

Number of
current paths

Single-phase, full -wave
center -tap
Single-phase, full -wave
bridge
Three-phase, wye-connected
Three-phase, double-wye
Three-phase, bridge
Six -phase, star

30

o zs
a

20
4

2

2
3

6
3
6

is

The resulting figure is the average forward current of the rectifier. The average current is then multiplied by a
current -multiplying factor from Fig.
21-125E. The resulting figure now represents the adjusted average forward
current of the rectifier.
This adjusted current is applied to

4
a

i0

0

0

SO

too

150

200

AMINENT TEMPERATVIGE C

21-125F. Typical heat- ink design
cooling chart. (Courtesy, Radio Corp. of
Fig.

America)

Fig. 21-12SF, to determine either the

maximum or minimum allowable ambient temperature. The following example
illustrates the method of calculation for
the minimum heat -sink size for a three-

THE AUDIO CYCLOPEDIA
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phase, half -wave, wye-connected circuit. The conducting angle is 120 degrees, the output current is 90 amperes,
and the ambient temperature is 90 degrees centigrade. Referring to Fig. 21125E, the current -multiplying factor
for a conduction angle of 120 degrees is
1.18. For three-phase, half -wave operation, the number of current paths is
three; the average forward current
therefore is 90/3 or 30 amperes. This

average forward current is then multi-

plied by the current factor of 1.18 to
provide an adjusted forward current of
35.4 amperes. From Fig. 21-125F, the
minimum heat -sink size is found to be
6 x 6 inches square.
21.126 What type silicone 'laid it
used for seating transistors and diodes

in heat sinks?-Sceral different types
of silicone fluids are available for this
purpose. Among them are Dow Corning Corp. Type -200, Wakefield Thermal compound, and CG Electronics 7,5
Silicone compound. The fluid is applied
between the base of the transistor and
the surface of the heat sink, or if the
sink is insulated, between the base and
the mica washers. For diodes pressed

into a heat sink, the silicone fluid

is

applied to the surface of the diode case
before pressing it into the heat sink.
The purpose of the silicone fluid is to
provide a good heat seal between the
two units. (See Question 21.125.)
21.127 What is the average ensissivity for different materials used in
heat sinks? --The thermal capacity of a

In the selection of a heat -sink material, thermal conductivity of the material must be considered. This determines the thickness required to eliminate thermal gradients and the resultant reduction in emissivity. An alumi-

num fin must be twice as thick as a
comparable copper fin, and steel must
he eight times as thick. (See Questions
21.125 and 21.126.)

2/.128 Describe a solidVOrliable low -voltage power supply.-A variable source of regulated low -voltage
dc is quite useful for experimental

work, particularly with solid-state devices A solid-state, regulated low -volt-

age power supply, Model IP-20, developed by Heathkit, is shown in Fig.
Referring to the simplified
diagram in Fig. 21-1288, it will be
21-128A.

noted that transistors Q4 and Q5 are
connected in parallel and function as a
series regulator. When a high current
is presented to the output
terminals, the regulated dc output voltage tends to decrease. As the voltage

demand

decreases, the voltage between the base
and the emitter of Q2 decreases because
the reference voltage remains constant.

(Both the reference voltage and bias voltage circuits have been shown as a
battery to simplify the explanation.)

This causes a reduction of current in
Q2, causing the base current through
Q3 to increase proportionally, because

the cnrrent from the base supply

is

constant.

cooling fin or heat sink must be large
compared to the thermal capacity of
the rectifier cell and have good thermal
conductivity across its entire area. Since
the surface conditions create differences in the emissivity, it becomes im-

portant to select or create a surface
that provides the greatest emissivity.
The average emissivity is expressed in
watts per degree centigrade, per square
inch. The average emissivity for different materials and surfaces is;
Aluminum anodized
Aluminum paint
Aluminum painted
Aluminum polished
Copper oxidized
Copper painted
Copper polished
Steel painted
Steel sheet

0.8

0.50
0.9
0.05
0.7
0.9
0.05
0.9
0.65

(black)

(black)

-

(black)
(black)

2I -128A. Heattikit Model IP-20
regulated power supply (solid-state).

Fig.
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put current. Thus, regulation is improved. When adjusting resistor R16
for a voltage of 15 volts at the output,
from no-load to full -load, all other voltage settings will remain within 15 millivolts (0.015 volt), from no-load to full -

VOLTAGE

REFERENCE =

52A -R2

load.
REGULATE
OUT PO'

523

25C
5000

LOAD

Referring to Fig. 21-1281), a fixed
voltage reference source is obtained
from a separate winding S2 on the

power transformer, rectified by diode
138, filtered, then passed through a 6 watt, 120 -volt ballast lamp (pilot light),
and applied to VI, an OB2 gaseous vol-

tage regulator tube, which supplies a
reference voltage of plus 105 Vdc The
reference voltage is then applied to Dl,
a 56 -volt zener diode, and a divider
network on the voltage range switch,
VR1. A small amount of voltage from
VI is also applied to the base of transistor Q2 through 2700 -ohm resistor
BIAS 5055E

Fig. 21-1288. Basic circuit for Heathkit
transistor regulated power supply Model
IP-20.

As the emitter current

in

Q3 in-

creases, the resultant increase in current flow appears in the base of Q4 and
Q5. This increases the load current and
restores the output voltage to its origi-

nal value, that action occurring in the
matter of a few microseconds. If the
output voltage increases, the procedure

is reversed, and the output voltage is
held at a constant value. The purpose
of diode 1)9 is to prevent transistor Q3
from being back -biased when the load
current is removed.
Positive feedback is used to assist in
the voltage regulation Referring to Fig.
21-128C, assume the output voltage

drops because of an increase in load
current. This produces a voltage drop
across resistor R16 of the polarities
shown. This voltage drop aids in further
reducing the current through transistor
Q2 which, in turn, produces more out RIr

54
ELOPER T OUT

DC REGuL AT ION

LOAD
C

2N39135,

02

Fig

21-128C. Feedback circuitry for o
transistor regulated power supply.

R9. For a fine control of the output voltage, control 1142 provides a means of
adjusting the voltage between the steps
of the voltage range switch.
Transistor Q1 is a current limiter
and normally operates in a saturated
state because of the bias current from
the current -limiter, diode, D6 (Fig. 21-

128E). As the load current increases
through the current -limiting control
resistor R2, a voltage is developed
across diode 1)6 and it starts to con-

duct. As soon as conduction starts, the

emitter to base voltage of Q1 is fixed
and limits the current to the value being delivered at the output. Capacitors
C4 and C6 (Fig. 21-12813) reduce the
internal output impedance to a value
of 0.10 ohm at 10,000 Hz, and 0.5 ohm at
frequencies above 10,000 Hz. The transient response is on the order of 25 milli-

seconds. The regulation for line voltage
changes of 105 to 125 volts is less than
0.005 percent. Ripple and noise is approximately 150 microvolts. If desired,

by proper adjustment of resistor R16,
the output voltage may he set for a no change condition, between a full -load
and no-load condition.
With a heavy load current of a transient nature, such as might be demanded
by an amplifier, the current -limiter

tube Q1 tends to clip the peak of the
current waveform being delivered to
the load terminals. This characteristic
may be reduced or eliminated by the
connection of a 100 -AF capacitor across

the load terminals. This capacitor must

THE AUDIO CYCLOPEDIA
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Fig. 21-128D. Schematic diagram for Heathlatt Model IP-20 transistor regulated
power supply.
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COT 701A

and that no voltage drop exists between
the emitter and the base of the transistor, the cnrrent is equal to:

01
21111640

L040 CURRENT
FROM

01-02

Fig. 21-1 28E Current -limiting transistor
and circuitry.

have low internal inductance and must
be located as close to the output terminals as possible in order to reduce the
inductive effect of the connecting leads.
(See Question 21.115.) If the peak current demanded by the load does not ex-

I=

1.5 volts
1500 ohms

= 1. milliampere

If a 500 -ohm load is connected to terminals 1 and 2, the total resistance will
be approximately 500 plus 1500 ohms,
not taking into consideration the emitter -to -collector resistance.
Under the above conditions, a current in the outside loop will try to
approach 6 mA. As soon as the current
increases to more than 1 mA, the IR
drop across the 1.500 -ohm resistor will

ceed the current -limiting control setting, this characteristic will not be

greater than 1.5 volts. The
emitter then becomes negative with
respect to the base, and the transistor
is turned off. By substituting a variable
resistor for the 1500 -ohm resistor, the

evident.
27.729

current in the load can be controlled
(as long as the current rating of the

Give a circuit lot constant
voltage or current regulation, using a
transistor. --Two basic circuits arc given

in Fig. 21-129. Referring to circuit A.
transistor is connected in a
grounded -collector configuration, which
the

means that the potential of the emitter
is approximately equal to the base
potential. If the emitter potential becomes more negative than the base, the

transistor will be turned off, the current
will drop, and the emitter potential then
becomes more positive than the base,
turning the transistor on. Therefore,

the emitter potential will always remain almost equal to the base potential.
This effect is taken advantage of in
the constant -current regulator in B

become

transistor
2 1.1 30

not exceeded).
Describe a transistor motor -

is

speed control unit.-The circuit shown
in Fig. 21-130 can be used to provide
motor -speed

control

and

regulation

under changing loads for both ac and
de universal motors. The motor should
have a current rating of not more than
2 amperes using a 2N3228 SCR, or up to
12.5 amperes using a 2N36119 SCR. The

motor speed will be controlled from
cutoff to its full rated speed. The circuit
provides smooth skip -free operation at
reduced speeds.

The speed of the motor is determined
by the time that the SCR conducts during each half -cycle of the ac input
signal. The time cycle is controlled by

Assuming that a no-load condition

the manual adjustment of variable resistor R2. At minimum resistance, the
rectified current from the four 1N2860
diode rectifiers charges capacitor Cl

exists between output terminals 1 and 2,

rapidly to the triggering point of the

except that a separate 1.5 -volt supply
is connected in series with a 1500 -ohm
resistor.

A

Fig. 21-129. Transistor circuits for constant -current control.
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Universal transistor motor -control circuit. This circuit is capable of
controlling load currents up to 12.5 amperes. (Courtesy, Radio Corp. of America
Fig. 2 1-1 3 O.

transistor regenerative -switch, QI and

Q2 (the circuit shown is preset for 6
volts). The switch is triggered into
conduction early in each input half cycle. When Q1 and Q2 conduct, capaci-

tor Cl discharges through the series
circuit of the transistors and the gate
electrode of the SCR. This discharge
current triggers the SCR into conduction, and the load current then flows
until the end of the input half -cycle.
This operation repeats for each succeeding half -cycle of the ac input signal, and the motor speed is maintained
at maximum. When increasing the value
of R2, capacitor Cl charges more

slowly and the SCR is triggered later
in the input half -cycle, or not at all if
the charge on Cl falls short of 6 volts.
Thus, the speed of the motor is reduced

to cut-off completely.
A feedback circuit consisting of resistors RI, R2, R6. and capacitor C2
maintains the speed of the motor essentially constant under changing load

conditions. When a load is applied to
the motor, the speed momentarily de-

creases and the current through the
motor and the SCR increases. Resistor
RI in series with the SCR develops an
increased voltage drop, and the charge
in capacitor C2 is increased. The increased charge produces a current increase through R6, and less current is

then required through R5 and the regenerative transistor switch. As a result, the SCR is triggered earlier in the
next half -cycle of the input ao voltage.

The increased conduction time results
in a corresponding increase in motor
speed. Resistor R9 performs an addi-

tional function by shunting out commutator noise and eliminates premature
triggering of the SCR.

The circuit can also be used for the
control of lighting circuits, drill motors
and other equipment, with a capability
of 240 watts using the 2N3228 SCR. and
1500 watts using the 2N3669 SCR. For
lighting -control use, resistors R3, R6,

and capacitor C2 are not required The
circuit operation is essentially the same.
The value of resistor RI is obtained by
dividing 2 volts by the load current.
The wattage is then calculated and a 50 percent safety factor is added.
27337 Describe a nonelectronic
bridge circuit for constont-voltage or
constant -current operation. - Fig. 21131A shows a simplified circuit that

may be used as a source of constant
voltage or constant current. It was devised by James Spencer of Westinghouse Electric and Manufacturing Co.
The basic circuit is the well-known
Wheatstone bridge, consisting of two
noninductive resistors RI and R2, and
several 25 -watt, 117 -volt lamps. The
internal resistance of the lamps will

vary, while the resistors RI and R2
will remain constant. The voltage at

the output of the bridge circuit will
remain constant over a range of 75 to
130 volts ac at the input, provided the
load current remains constant at the
output of the bridge.
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Fig. 21-131 A. Constant voltage- or current -regulating circuit (after Spencer).

If the load current is fairly constant,
the circuit is also a good voltage regulator and may be substituted for a con-

stant -voltage transformer. If the voltage at the output of the bridge is high,
it may be reduced by loading the output side with a heavy wattage resistor
R3, or by imposing an autotransformer

between the output and the input of
the device being regulated.
This circuit was originally developed
for the calibration of ac voltmeters and
ammeters. In the instance of ammeter
calibrating (Fig. 21-131B), a 20:1 current ratio transformer is connected at
the output, and a standard meter connected in parallel with the meter under

calibration. For voltmeter calibration,
(Fig. 21-131C), a transformer of the
proper voltage rating is used with a
standard meter in parallel with the
meter to he calibrated, and a load resistor of such value to load the trans -STANDARD
METER

former to about 20 percent of its rated
current -carrying capacity.

A second lamp bridge devised by
Kelly, is given in Fig. 21-13ID and is
designed to supply a constant output of
1 volt, with 0.25 -percent regulation for
line -voltage variations of 105 to 125
volts, over a frequency range of 25 to
800 Hz. Looking into the output terminals, an internal impedance of 60 ohms
is seen. When maximum output is required, the 500 -ohm resistance RI is
replaced by the external load. The three

lamps are No. 48, 2 -volt, 60-mA pilot
lamps.

21.132 How is leakage current between o power supply and ground measurredl--By connecting a 1000 -ohm resistor between the chassis and a good

water -pipe ground as shown in Fig.
21-132. With the ac power plugged in
and turned on, the voltage drop across
the resistor is measured using a sensitive vacuum -tube voltmeter. The cnrrent through the resistor is calculated

by simple Ohm's law, 1= E/R. This

A0

NUMBER 4B C.0mA PILOT LAMPS
I

2

3

IP 0

Fig. 21-131B External circuit for calibrating on ammeter.
5 TANOARO

METER

Fig.

Fig. 21-131C. External circuit for calibrating voltmeters.

21-131D. Small voltage lamp
for a constant 1 -volt output

bridge,

(after Kelly).
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Measurement of leakage
current between an amplifier chassis
and ground.
Fig.

21-1 3 2.

measurement must be made by measur-

ing the leakage for both directions of
the plug in the 115 -volt outlet.
Normally, the leakage current between the chassis and ground will
amount to only a few microamperes. If
the leakage current runs to several milliamperes, it is quite possible for the
under certain conditions, to
become dangerous.
2/.133 Show the schematic diagram
for a simple
m tube variable -volchassis,

tage supply. --The circuit given in Fig.
quite simple and is capable
of delivering 150 milliamperes at an
output voltage of 300 volts dc, with a
fairly low ripple voltage. The two 6L6
tubes are used as rectifiers, with the
control grids returned to a potentiometer connected across the dc output
21-133 is

terminals. To control the level of the
output voltage, the bias voltage on the
6L6 tubes is varied by potentiometer Pl.
The voltage may be varied from zero to

full output. Any type tubes similar to
the 6L6 may be used, provided that
they will pass 150 milliamperes or more

of current. This circuit is not a regulated one and is subject to the ills of
unregulated power supplies.

Fig. 21-134. Solid-state voltage regulator suitable for use with batteries.
21.134

Describe

a

solid-state vol-

tage regulator suitable for battery regu-

lation.-When a battery voltage is not
the exact value required, this difficulty
may be overcome by the use of the circuit given in Fig. 21-134 using a battery
voltage somewhat greater than that required.

The arrangement utilizes only four
components and will, as shown, deliver
12 volts from an 18 -volt battery supply.

The internal output impedance of the
circuit is comparable to a new 12 -volt
battery. To prevent damage to the
transistor when used with a resistive
load having a large value of capacitance
in parallel, a second capacitor of higher
value than the first is connected be-

tween the collector and emitter elements of the transistor. The two capacitors then charge in series, without
drawing a heavy charge current
through the transistor.
When the circuit is used with a continuous charging circuit
(trickle -

charger), a certain amount of ripple
voltage is always present. In this instance, a low value of capacitance is
connected in parallel with the zener
diode. Switching the batteries off discharges the capacitor through the base -

emitter circuit in series with the load.

6L6 014 513131

0-II7VAC

Fig. 2 1-1 3 3. Variable high -voltage supply using a bias control on the rectifier tubes.
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When the batteries are switched on, the

output voltage slowly builds up at the
same charging rate of the second capacitor.

Overload protection is afforded by
increasing the value of resistors RI and
R2. During overload, the base -emitter
current Increases the voltage drop
across RI. Thus, the base voltage drops
below zener cutoff. The circuit no

longer regulates, but prevents an excessively high L.
The circuit shown is not confined entirely to batteries or the voltages mentioned, as any voltage output can be
obtained by the selection of the proper
diode. Such a circuit can be quite useful for supplying a 9 -volt portable radio
from a 12 -volt car battery.
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Section 22

Test Equipment
The greatest advancement in test equipment has come about through the use of
semiconductor cirenitry. Many large, cumbersome instruments, heretofore limited
to laboratory operation, are now available as compact portable devices. Although

the basic circuitry of test equipment has not changed in principle, graphic recorders and computer techniques have added speed and accuracy to their operation. A wider scope of performance is available with multiple and complex operations included in one instrument, such as the multiple -trace oscilloscope with both

long- or short -persistence CRT's, and with bandwidths of 50 megahertz and
greater. Test instruments, such as random -noise (white -noise) generators, wave
analyzers, distortion -factor meters, and phase and octave -band analyzers, are
some of the items covered in this section.

The quantity of heat generated by
the heater element will be exactly the

22.1
What is a thermocouple dement and how ix it used?-A thermocouple element consists of two dissimilar metals, such as copper and constan-

same regardless of whether the source

current is alternating or direct. Waveform complexity and frequency do not

tan wire, joined together to form a
junction. The therrnojunctlon is placed
in contact with a heater wire as shown
in Fig. 22 -IA. When used, the heater
wire is connected in series with the
source of current to be measured. The
current in passing through the heater
wire generates heat (watts equal PR)
which is transmitted to the therrnojunclion. The application of heat to the
junction causes it to generate a small
de voltage which is measured by a sensitive dc measuring instrument, such as
a

enter into the measurement. This makes

the thermocouple ideal for measurements of frequencies
megahertz.

up to

several

Thermocouples may be calibrated ac-

curately by the use of dc voltages and
will hold their calibrations indefinitely.
They may be used to measure either

alternating or direct currcit. A typical

millivoltrneter. Within the limits of

the thermocouple element, the greater
the current through the heater element,
the greater the dc voltage generated by
the thermojunction. (See Fig. 22-IB.)

ro

8

NEATER
WIRES

ro

HEATER OJIIIIIENT
R miLLLIAIPENES

Fig

Fig.

22-1A. Method of connecting

thermocouple clement

to

a

dc

22-1B. Typical calibration curve of

a thermocouple element, showing the re-

lationship between heater current and
output in millivolts.

meter

movement.
1 '22 7
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Fig. 22.3. Internal construction of a hot-

wire ammeter for measuring high -frequency currents.

causes the wire to expand and contract.

Pointer B of the meter movement is
caused to move by means of a second
wire C connected to the hot wire and
22-1C. Cross-sectional view of a
typical thermocouple clement in a glass
Fig.

envelope.

wrapped around a small pulley D to
which the pointer is attached. As the
hot wire expands and contracts, the
pointer is caused to move across the
scale by the rotation of the pulley. The

thermocouple element, enclosed in a
vacuum -tube glass envelope, is shown
in Fig. 22-1C. Thermocouple elements
may be obtained having a variety of internal resistances. Typical values range
from 0.30 ohm to 1100 ohms, with the
junction side ranging from 3 to 50 ohms.
A typical example is the Western Electric thermocouple Type J, which has a
heater resistance of 600 ohms and a
couple resistance of 12 ohms. To pro-

duce an open -circuit voltage at the
couple terminals of 0.005 to 0.015 volt
requires a current through the heater
element of 0.002 to 0.005 ampere, respectively.
22.2 Why are the calibrations on a
thermocouple

meter

crowded

at

heat generated in the hot wire is proportional to the current passing through
the wire.
22.1

Are hot-wire or thermocouple
shift in a
complex waveform? -No, they are not
meters

affected by phase shift or waveform.
22.5 What is a dynamometer -type
meter movement? - A dynamometer

meter movement is based on the principle of magnetic repulsion between
two or more electromagnetic fields.
When two coils are used, one is fixed
and one is made movable. The meter
hand or pointer is attached to the
movable coil. (See Fig. 22-5.) When
PCABOTEM

one
NYASA

end? - Because thermocouple meters

COS

and hot-wire meters both respond to
the power in the circuit, although they
may be calibrated in voltage, which

Fia10

varies with the square of the power
passing through the thermocouple element.
22.3

What is a hot-wire ammeter?

-An indicating meter which depends
on its operating force being generated
by the current in the circuit under
measurement flowing through

a

wire. The internal construction of

a

hot-wire ammeter used for
measuring high -frequency currents is
typical

shown in

Fig.

22-3. The current

1040

hot

in

passing through hot wire A in the meter

Fig.

22-5.

Dynamometer -type

meter

movement used in a wattmeter. Fixed
coils carry the load current and movable
coils arc connected in parallel with the
line.
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current is passed through the coils,
magnetic fields arc created. The movable coils are repelled by the fixed coils

when the magnetic fields are of the
same polarity.
Dynamometer meter movements are

used for the measurement of ac and
dc current, voltage, and power and
are the type of movement most commonly used in the design of wattmeters. When one is used as a wattmeter, two fixed coils of high resistance
and many turns are connected in series
across the voltage source. The movable
coil is of low resistance and is connected in series with the power source.
The movable coil swings a distance

(carrying the pointer) proportional to
the combined strength of the two magnetic fields. Therefore the movement is
proportional to both the current and
voltage of the circuit. Since the power
in the circuit is proportional to the
current and the voltage, the meter can
be calibrated to read directly in watts.
22.6 What is an electrostatic volt-

rneteri-A meter movement used for
the measurement of very high voltages
which draw very little current. The
movement consists of two plates of a
variable capacitor, one of which is movable and carries a pointer.
When two plates of a capacitor are
charged electrically, a mechanical force,

called an electrostatic force, is created

between the two plates. If the charge
on the plates is opposite in sign, the
plates are attracted to each other; if of
the same sign, they are forced apart.
Advantage is taken of this force to
move the free plate arid the pointer.
The electrostatic force created by
the charge may be calculated:
Force (oz)

1 .39 XK AX
L' X

where,

K is the dielectric constant,

A is the area of the plates in centimeters,

L is the distance between the plates
in centimeters,
E is the potential between the plates
in volts.

Electrostatic voltmeters may be used
on either alternating or direct current.
22.7 Describe the construction of a
taut -band meter movement. --Since the

introduction of the original D'Arsonval
meter movement, electrical indicating
and measuring instruments have generally been restricted to the pivot -jewel
and hair -spring suspensions, with the
exception of the string galvanometer

movement. With the advent of many
new electronic devices requiring the
use of meters, the need for a more
sensitive movement as can be supplied

by the hair -spring type is required. A

ARMATURE
AND CORE

TAUT BAND
SUSPENSION

MAGNET
ANO FRAME

BAND
ANCHOR

--POINTER
TAUT BANO
SUSPENSION
TENSION
SPRING

POISE

WEIGHT

?ERO
REGIS. A TOR

Fig. 22-7. Interior view of a tout -band meter movement, and a cross-sectional view
of its construction. (Courtesy, Stork Electronic Instruments, Canada)
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movement utilizing a taunt -band or
strip principle has become practical by
the use of a new alloy in the form of a
thin metal strip supporting the move-

ment, carrying the current, and providing the restoring torque.
The suspension concept eliminates

the bearing pivot hair spring, with its
attendant reduction in sensitivity. Taut band suspension permits sensitivities of
1/2
microampere (0.0000005 amp) for
100 angular degrees of pointer deflection, with a power consumption of only
0.00000001 watt. Taut -band suspension

may be employed for the construction
of ac and do meter movements, both
iron -vane and dynamometer types.
Such movements are particularly

meter movement to permit it to be
used for the measurement of voltage.
Generally, a multiplier resistance has
value of many hunderds of times
the internal resistance of the meter

a

movement. As an example, a voltmeter
rated at 1000 ohms per volt employs a
1 -milliampere movement, with 1000
ohms connected in series with the

movement for every volt required for
its full-scale deflection. Thus, a 1000
ohms per volt meter with a full scale
of 10 volts has a 10,000 -ohm resistor
in series with the movement.
The value of the multiplier resistor
may now he calculated:

= R. (N -1)

useful where high impacts are en-

where,

countered. Damping can be controlled

R,,,

a much finer degree than hereto-

to

fore. With these movements it is possible to measure ac voltage and current
at frequencies between 0.6 and 5 Hz
through a simple damping arrangement. In Fig. 22-7 are shown two views
of the movement mounted in the meter
case, and a cross-sectional drawing of
its construction, as manufactured by
Stark Electronic Instruments (Canada).
22.8 What is a meter shunt? -A
low resistance connected in parallel

with a meter movement for the purpose of measuring current. An ammeter generally consists of a sensitive

meter movement drawing only a few
milliamperes of current. By connecting
a shunt of proper resistance in parallel
with the meter movement, large
amounts of current can be measured.
Ammeter shunts range from a few
thousandths of an ohm to several ohms
in value, the exact value depending on
internal resistance of the meter movement.

The value of a shunt may be calculated:

where,
I

is

N is the new full-scale range divided
by the original full-scale reading
of the movement.

22.10

Describe a quasi-rms respond-

ing meter.-lt is a metering circuit used
by General Radio Co. in their sound level and octave -band noise analyzers
for reading the output signal. Prior to
the development of this meter circuit,
sound -level meters employed a meter
movement driven from a full -wave
rectifier, operating in the low -density
region to approximate square -law operation. Basically, these meters were
average -reading meters. Although they

met the requirements for a two-tone
rms response, their indications were
much closer to average than rms on

most other types of tests. This meter
circuit, though not a true rms indicator,
will indicate more closely an rms value
than did the previous meter movements.

Fig. 22-10A shows the characteristics
and circuit of this meter, which combines an average -reading circuit with a
peak -reading circuit, to create what has

R. =

I.

is the internal resistance of the

meter movement,

Ft,. X Im

I-

the normal full-scale current

range of the meter,

is the new range of current,

R. is the internal resistance of the
meter movement,
R. is the value of the shunt resistance.

A typical meter shunt
Fig 22-17.
22.9 What

is

shown

in

is a meter multiplier?-

A resistance connected in series with a

been termed a "quasi-rrns indicating
circuit." Since the rms value of most
waveforms falls between the average
peak indication and the actual peak
value, adding a portion of the peak indication to the average value of a given
waveform should result in an tins iudication. However, different waveforms
require different amounts of peak indication to give tins values.
In the circuit shown, the ratio of R2
to RI determines the amount of peak
contribution, and one set of values will
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MAIO
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100

500

1000

PULSE TEST LENGTH IN MICROSECONDS 0000 NERT2 PRE)

Fig. 22-1 OA Quasi-rms meter circuit used by General Radio Co. in their sound level
meters, and octave -hand noise analyzers.

Phase Changes at

For
Two -Signal

30% Third Harmonic

Addition

0.45

+0.5

1.8

-1.0
-0.4

dB fluctuation With

1.7

For

For
Noise

-0.25

+0.1
+1.0
+0.6

-1.0
-1.0

Fig. 22-10B. Difference in meter indication and rms decibels.
give an indication of many signals close

to rms voltages. The characteristic for
the

quasi-rms meter circuit and

an

average -reading meter are given in Fig.
22-10B. The solid curves of Fig. 22-10A

show the response of the quasi-rms
meter and its predecessor to pulses of
constant height but varying length. As
will be observed, the quasi-rms meter
indicates the rms value (upper dotted
curve) within plus or minus 1 dB, until
the pulse duration becomes as short as
1/25 that of a square wave.
22./1 Describe a raft-ohmmeter.Volt-ohmmeters are service instruments designed for servicing of all
types of electronic and electrical equipment. Basically, the circuity consists of

resistance values below 10 ohms, the
shunt circuit in (b) is used.
A vacuum -tube volt -ohmmeter manufactured by Allied Radio Corp. is
shown in

Fig. 22-11B. The principal

advantage of the vacuum -tube volt ohmmeter is its high input impedance,
o-1
rnA

2770 a
UNKNOWN
RESISTANCE

(a)

25o

-T4sv

Circuit for high

resistance.

TK

a voltmeter with several ranges, generally from 1 volt to 1500 volts, for both
ac and dc. Also included are resistance -

measuring circuits. A basic circuit for

(b)

Circuit for resistances below 10

Fig.

22-11A. Basic ohmmeter circuits.

ohms.

measuring resistance above 10 ohms is

given at (a) of Fig. 22-11A, and for
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as it absorbs only a minute amount of

power from the circuit being tested.
This feature permits it to be used for
measuring vacuum -tube and transistor
circuits generally without affecting
their operation. Vacuum -tube volt ohmmeters as a rule include all the
scales of the nonelectronic volt -ohmmeter, and additional peak -to -peak ac
voltage scales. Since the instrument
illustrated employs a full -wave peak to -peak rectifier for ac measurements,
the meter actually indicates peak -to peak values. In actual practice the rms

ranges, both ac and de, is 11 megohms.
By the use of an external high -voltage

probe, the voltage range may be extended to 25,000 volts. The meter move-

ment is knife edge, with a fluorescent
coating to improve viewing. An on -off
position on the function switch provides
a short circuit across the meter move-

ment to prevent it from swinging and
possible damage during transportation.

The schematic diagram for this instrument is given In Fig. 22-11C. The
heart of the circuit is a vacuum -tube
bridge circuit, composed of a 12AU7

scales are used exclusively, and the

dual

peak -to -peak scales only when a peak to -peak measurement is necessary.

meter. With the bridge circuit properly
balanced, the voltages at the plates of
V2A and V28 are equal. Since the
meter is connected between the two
plates, it will indicate zero. Variable

Dc voltages may be read full scale
from 0.5 to 1500 volts with a full-scale
accuracy of plus or minus 3 percent,

and the ac rms voltages from

1.5

to

1500 volts, plus or minus 5 -percent fullscale accuracy. Peak -to -peak voltages
may be read from 4.2 to 4000 volts full
scale. The frequency response is plus

or minus 1 dB, 30 Hz to 3 MHz, and

plus or minus 3 dB 3 Hz to 5 MHz.
Decibels arc read on a separate scale.
By using a high -frequency probe, the

range may be extended to 250 MHz.
Ohmmeter scales in multiples of ten
from 1 to 1,000,000 ohms provide a
wide range of resistance measurement.
The input impedance for all voltage

triode

resistor

R20

and

a

200 -microampere

connected

between the

plates of V2 is a front -panel balancing
control, and is adjusted (after a short
warm-up period) for a zero indication
on the meter.
When a positive voltage is applied to
the first control grid (pin 7) of V2A,
the current through V2A increases, re-

sulting in a lower voltage at the plate
of V2A Since the current of V2A flows
through common cathode resistor R22,
the voltage drop across R22 increases.
Thus, the control grid of V2B is biased
more negatively because of the increased voltage drop across the cathode
resistor. This causes the current through
V2B to decrease arid the voltage at the

plate (pin 1) to rise.
Current
meter,

now flows
because of the

through the
difference in

potential between the plates The meter
is calibrated to indicate the magnitude

of the voltage applied to the control
grid of V2A. Different voltage ranges
are developed by switching precision
resistors in series with the grid circuit
of V2A. In practice when one is measuring ac voltage, the voltage is first

rectified by VI, a MU dual diode
functioning as a full -wave peak -to peak rectifier. Instantaneous positive
peaks of the ac voltage being measured

will cause VIA to conduct, charging
capacitor C2 to the positive value of the

peak input voltage. As the ac signal
voltage swings in a negative direction,
VIA ceases to conduct and the charge is
retained on capacitor C2. The negative
F;c1.

22-11B. Allred Rodio Corp. Model

KG 620 vacuum -tube volt -ohmmeter.

peak of the input voltage is added in
series with the charge on C2 and is
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Pig. 22.11C. Schematic diagram for the Allied Radio Corp. KG 620
volt -ohmmeter.

in tuba
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a switch which connects a 1-megohm
resistor in series with the input circuit
in the dc voltage position to act as an
isolation resistor for dc measurements.
When ac voltage is measured, the resis-

tor is switched out of the circuit.
Pictured in Fig. 22-11D is a transistor
multipurpose meter, Model 427A, manu-

factured by Hewlett-Packard Co. The
meter is capable of making dc measurements from 1 millivolt to 1000 volts, ac
measurements from 0.3 millivolt to 300
volts at frequencies of 10 Hz to 1 MHz
megacycle, and resistance measurements from 0.2 ohm to 500 megohms. A
decibel scale is also provided, per-

fig.

22-110.

Transistor

multipurpose

meter, Model 427A manufactured by
Hewlett-Packard.

applied to VIB. VIB now conducts and
charges capacitor C3 to a value equal
to the sum of the positive and negative
peaks. The charge across C3 (or a portion) is applied to the bridge circuit
and the meter calibrated in terms of
peak -to -peak and rms voltage.
For resistance measurements, a 15 volt battery is connected through a
series of precision resistors and the unknown resistor. These two resistors
form a voltage -dividing network across

the battery. The resulting voltage is
applied to the bridge circuit and the
meter, which is also calibrated to read
ohms.
The

function

switch

chooses

the

mode of operation. The range switch
required series resistance
for the various ranges of measurement.
An ac zero adjustment compensates for
contact potential developed on the eleselects the

ment of VI.

The probe circuit shown at lower
center of the diagram is provided with

mitting measurements from minus 40
dBm to plus 50 dBm. The frequency
response is shown in Fig. 22-11E.
Referring to the schematic diagram
of Fig. 22-11F, at the lower left is a dc

amplifier for regulating the battery or
external source of operating voltage. It
provides a plus 6.7 and minus 6.7 volts.
Amplifier Al is a high -impedance amplifier used to amplify dc and the resistance -measuring inputs, and also serves
as

a

preamplifier for the ac

signals.

Metering amplifier A2 amplifies the ac
signal from the preamplifier, converts
it to a dc signal (proportional to the
average ac), and feeds it to the meter.
The meter displays the rms value of the
ac signal.

In the dc mode of operation, the dc
input voltage to be measured is applied
to the de range attenuator, where it is

attenuated 10 dB for each step of the
attenuator. The output of the attenuator goes to the function switch and then
a dc filter network R6, R7, C2, and C3,
rejecting any ac superimposed noise
voltage that may be present on the dc
input voltage under measurement.
Superimposed

peak

ac

voltages,

100

+3
+2
+1

0

O

3

Ills

5tIt

10112

MN/

2MHz

31.114

461141

Fig. 22-11E. Frequency response of Hewlett-Packard Model 427A ',multipurpose
meter of Fig. 22-11D.
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times greater than full scale, effect the
reading

less than 17, for 60 Hz and

above. The dc output of the filter network goes to amplifier Al and then
to the meter Direct -current amplifier
A2 matches the high impedance of the
attenuator to the low impedance of the

meter. The dc calibrate circuits are
resistive, in series with the meter, and
are used to calibrate the meter current
on the lower ranges.
In the ohmmeter position with the
input open, resistors R16 and R17 (amplifier Al) form a voltage divider. The
voltage across R17 causes full-scale
current to flow through the meter.

Ohms calibrate circuit R37 adjusts the
meter current for an indication of infinity. When the unknown resistor being measured is equal to R17, the total
resistance from the ohms terminal to
ground will be half of RI7 resistance,
the voltage across R17 and the unknown

resistor will be halved, and the meter
indication will be half scale. The circuit
is designed so that the full range setting

will be displayed at the center of the
scale. For an example, 1 ohm on the
times 10 range is a center -scale reading.

For ac measurements, the input signal is applied to the ac range attenuator. On the I -volt range and below, the
signal is not affected by the attenuator.
However, on all the higher ranges the
signal is attenuated SO dB. Variable
capacitor C3 at the ac range attenuator
is used to adjust the frequency response

of the attenuator at 100,000 Hz on the
3 -volt range. The signal from the ac
attenuator goes through amplifier Al
and to the ac post attenuator, where it
is attenuated 10 dB for each step of the
range selector. The dc amplifier matches
the low impedance of the post atteuua-

tor to the high impedance of the range
attenuator, acting as a preamplifier. The
metering circuit contains both a feedback -stabilized

ac

amplifier and

an

averaging meter circuit. The meter circuit converts the ac signal to a dc voltage which is proportional to the average of the ac amplifier output. Resistor

R17, between the meter and ground,
adjusts the current through the meter
to read in rrns volts.
22./2 What is a hook- or clamp -on
meter? -A service electrician's test
meter that may he used to measure the
current in a conductor without physi-

cally connecting the instrument to the
circuit under measurement.
The meter consists of a sensitive
movement and a single -turn loop that
is clamped around the conductor In
which the current is to be measured.
A Model AK -5 hook -on volt -ammeter, manufactured by General Electric, is shown in Fig. 22-12A. The range
of this instrument is from 5 to 350

amperes and from 150 to 750 volts ac.

This meter may be used to measure
current surges of short duration, such
as motor -starting currents, In either
single- or multiple -phase circuits. The
proper current range is selected by
means of a small knob at the lower

portion of the handle. Test leads are
plugged into pin jacks near the knob
for voltage measurements. The circuit
of a typical clamp -on meter is shown in
Fig. 22-21B.
22./3 1l a meter is rated 2 -percent,
lull -scale accuracy, what is its accuracy
below full-scale?-Two-percent accu-

racy means that the guaranteed accuracy will only be obtained at full-scale
deflection. The accuracy below full-scale

deflection will vary, depending on the
accuracy of the calibration and tracking of the meter movement. As a rule,
in small meters the scale is printed and
the accuracy depends on the accuracy
of the meter movement or its percentage of deflection for a given voltage or
current. If the scale is hand calibrated,
full-scale accuracy may be maintained
throughout the whole deflection length
of the calibrations.
It is the practice of some instrument
manufacturers to machine -calibrate
each individual meter scale, to eliminate tracking error on mass-produced
meter movements. The system used by
Hewlett-Packard custom calibrates and
photographically prints the meter scale
to match exactly the linearity characteristics

of each meter movement. The

basic movement is the taut -band construction, which is thoroughly discussed
in Question 22.7,
22.11

What

is

the purpose

of a

mirror behind the pointer of a meter?-

To eliminate the error dne to parallax
reading the meter scale. The
most accurate reading is obtained when
when

the pointer is lined up with its reflection in the mirror. This type of scale is
quite common with precision meters
such as shown in Fig. 22-14.
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Fig. 22-11F Schematic diagram for Hewlett-
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Packard Model 427A multipurpose meter.
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ing the circuits and upsetting the voltage divisions.

22./6

How may the balance of

meter movement be checked?-By not-

ing its reading in both the vertical and
horizontal positions. The reading should
also be checked at a 45 -degree angle.
22.17 How ore current shunts for
an ammeter calibrated?-They are cal-

Fig. 22-12A. The General Electric Model
AK -5

hook -on

volt -ammeter

being

hooked on a cable.
yEkTmETER
MULTIPLIER

ibrated in amperes and millivolts drop
across the shunt. A typical example is
the shunt in Fig. 22-17 designed to have
a 50 -millivolt drop across it when 10
amperes of current are flowing through
it. The meter movement is, in reality,
a sensitive voltmeter reading only the
voltage drop across the shunt.
22./e Will a thermocouple meter
read the same as a vacuum -tube voltmeter for a complex waveform? - No.
The thermocouple meter will read

higher because it is not affected by
waveforms. Therefore, the reading is

Fig. 22-126. Circuit for a typical clamp on volt -ammeter.
22.15 What type of voltmeter is
recommended for measuring transistor
operating voltages?-A meter with at

least 10-megohms input resistance, for
either dc or ac voltages. This high input
resistance is necessary to prevent load-

Fig.

22-17. A 10 -ampere, 50 -millivolt
ammeter shunt.

Fig. 22-14. The Sensitive Research Instrument Corporation multitester. It
signed for measuring both ac and dc voltage and current.

is

de-

1239

TEST EQUIPMENT

a true indication of the current and
requires no correction for waveform.
22.19 Hoer is a logarithmic characteristic obtained in a D'Arsonral meter

movement?-By shaping the magnetic
pole pieces in the magnetic structure of
the movement. This type meter movement is employed in the Ballantine
vacuum -tube voltmeter described in
Question 22.102. A linear movement is

shown at (a) and a logarithmic one at
(b) in Fig. 22-19.
22.20 What is an instrument transformerl- A special -type transformer

(a) Linear

(b) Logarithmic.

Fig. 22-19. Linear and logarithmic meter movement obtained by shaping the
pole pieces.

used with switchboard indicating instruments to isolate them from a high voltage source. The secondary side of

the transformer is provided with taps
for different voltage or current ratios.
When it is used with an ammeter, it is
called a current transformer, and when
used with a voltmeter, it is called a

potential transformer. As a rule, the
transformer is polarized and operates
with a gronnded secondary to protect
operating personnel.
22.21 What is a Wheatstone bridge?

-An instrument used for measuring
resistance. Although the circuit used
in a Wheatstone bridge was invented
by Christie, Wheatstone received credit
for its invention because of his adaptation of the circuit for the measurement
of resistance.

A commercial model of a Wheatstone
bridge manufactured by the Leeds and
Northrup Co. is shown in Fig. 22-21.

The device pictured may be used for
measuring resistance and locating and
measuring the distance at which a

ground or short circuit on a transmission line or cable has occurred. Either
the Murray or Varley loop test may be
used. Resistance valnes arc measured
by the aid of a four -dial decade box, a
ratio dial, and a sensitive galvanometer.
22.22 What is a null indicator?The term null means a point of no vol-

tage or current. Null indicators

gen-

erally consist of headphones, an oscilloscope, or a vacuum -tube voltmeter

or sensitive dc meter connected in a
circuit to indicate the point of lowest

Fig. 22.21. the Leeds and Northrup Model 5430 -AM Wheatstone bridge.
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voltage or when a balance has been
achieved by a zero indication. The instrument used for indicating a condition of balance in a bridge circuit is

Consider now the voltages across the
individual resistors. It was stated that
the current divided into two parts, with
one part through ACB and the re-

called a null indicator.
22.23 Show the various bridge errcuds used for the measurement of resistance, capacitance, and inductance.The most widely used bridge circuits for
the measurement of resistance, capaci-

mainder through ADB. The current

tance, and inductance are shown in
Figs. 22-23 through 22-31. The basic

circuit of all bridges is the Wheatstone
(Christie) bridge illustrated in Fig.
22-23. The circuit consists of four fixed
or variable resistance arms, R,, RS. R.,
and R., a source of direct current, and
a sensitive (zero center) galvanometer
designed to swing in either direction.
The current from the battery enters

the circuit at A. At this point the current divides into two parts, one part
through ft, and R., the other through
R. and R.. Both currents combine at
point B and return to the battery. A de
galvanometer is connected from point
C to point D to indicate when a balance
or null has been reached.

The operation of the bridge circuit
may be thus explained. Assume R. to
be an unknown resistance. Resistors R.,

R., and R. are variable resistors and
are adjusted with the battery connected

until a null is indicated by the galvanometer. The circuit is now considered
to be balanced. Points C and D are now

at the same potential. If there were a
potential difference between points C
and D, a current would flow and would
be indicated by a deflection of the galvanometer.
BATTERY

through ACB will be designated 1. and
that through ADB as T,.. The voltage
drop across points AC is I. x Rr, and
across points AD it is Is x R... Points C
and D are at the same potential, since
the galvanometer indicates a null.
Therefore the voltage drop from A to C
is equal to the voltage drop across A to
D. The voltage drop across C to B must
be equal to the voltage drop across B
to D. Under the foregoing conditions:
R.,

R,

R.

The bridge may now be said to be in
balance.

In the practical Wheatstone bridge,
the arms R, and R. are ratio arms, adjustable in decades which are varied
simultaneously. R.: is a variable resistor
group which may be varied from 1 ohm
to several thousand. The unknown resistor is connected in place of R..
This bridge circuit may also be used
for the measurement of impedance, inductance, and capacitance, as will be
explained in the following questions
22.24 What is o slide -wire bridge?
-A simplified version of a Wheatstone
resistance bridge. The basic slide -wire
bridge circuit is shown in Fig. 22-24.
It consists of two fixed resistors, B. and
R,. A slide -wire resistor in the form of
a large rheostat provides the two lower
arms, R. and R.. The unknown resistor
is substituted for R., or R.,. The slide wire rheostat is adjusted for a null. The
value of the unknown resistor may be
calculated:

rN ip

C

R. _
where,

R.

(R.+

-

x

R. is a standard resistor,

R. is substituted for ft,
FOR CORO! TiON
CF

(2 3)

(24)

BALANCE

.III.

1R2

R4

0

Fig.

22-23. Basic circuit for a Wheat-

stone resistance bridge. If reactive elements are substituted for resistances,
the circuit becc nes an impedance bridge.

22.25 What is o Maxwell bridge?A form of Wheatstoue bridge used for

the measurement of inductance and ca-

pacitance. The de galvanometer is re-

placed by a pair of headphones or a
vacuum -tube voltmeter. The battery is
replaced by an alternating -current signal source.

The Maxwell bridge circuit is generally used for measuring inductance,
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The bridge is balanced in a manner
similar to that used for balancing the
dc Wheatstone bridge In Fig. 22-23,
except the null point is indicated by a
minimum signal in the headphones or
minimum indication on a vtvm. The

RATITRY

value of inductance may be calculated
from the equation given in the diagram.
22.26 What is a Hay bridge circuit?

-A bridge circuit used for the measurement of inductance with a Q of
Fig. 22-24. Slide -wire type Wheatstone
bridge circuit.
AC GENERATOR

over 10. The Hay bridge, Fig. 22-26, is
often used for measuring incremental

inductance or coils with a dc current
through them.
22.27 What is a Schering bridgelA bridge used for die measurement of
capacitance and the characteristics of
electrical cables. (See Fig. 22-27.) An
advantage of the Schering bridge is

that it may be used for the measurement of electrolytic capacitors while a
de potential is applied to the capacitor,

without the direct current circulating
LVItillzc

a
3

ax.

ftlat,r1e3i

Fig. 22-25. A Maxwell bridge circuit for
measuring inductance.
AC G(NUSATOR

throughout the bridge.
22.28 What is an Owen bridge? -The Owen bridge circuit, Fig. 22-28, is
somewhat similar to that of the Maxwell bridge and is used principally for
the measurement of inductance. Unlike
the Maxwell bridge, the Owen bridge
requires two capacitors, one in each of
the upper two arms.
22.29 What is a Wien bridge?- A
bridge circuit which permits the measurement of capacitance in terms of
frequency and resistance. It may also

be used as a frequency -selective filter.
The circuit is shown in Fig. 22-29.
The Wien bridge is the basic circuit
used in resistance -tuned °senators and
AC GENERATOR

Ex

Rz C

/ R3.412
RI R2C Iv4/2

I I

1/3 woe) 2

....aft I

Fig. 22-26. The Hay bridge circuit used
for measuring inductance.

RI

CAPACITANCE
SAUINCE

EOUIVALENT
SERIES RESISTANCE
Or

uNKNOWN

CAPACITOR Cx

it will permit an unknown induct ance to be measured, using a capacitor
as

Cx

'

CA -A3 CA
cs_

as a standard. This bridge may also be

cA

3

used to measure coils of high Q and

Fig. 22-27. The Schering bridge circuit

coils having considerable series resistance (low Q).

used

for

measuring capacitance
cable characteristics.

and
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other test equipment. The audio -frequency meter described in Question

is seldom used for the measurement of

22.36 is a Wien bridge calibrated to read

inductance.
22.31 What is a Kelvin bridge?-A

directly in frequency.

bridge circuit devised by Lord Kelvin

22.30

What is a resonant -frequency

for the measurement of resistances be-

bridge?-A bridge circuit as shown in

low 0.10 ohm, such as might be en-

Fig. 22-30. The unknown inductance, L,
is connected in series with a capacitor

countered when measuring an ammeter
shunt. Contact resistance between the
connecting leads of the bridge and the

C to form a series -resonant circuit at
a frequency of the signal applied to the
bridge. At the resonant frequency the
inductive and capacitive reactances,
being equal in magnitude and opposite
in sign, cancel. This bridge may also be
balanced if pure resistance is substi-

tuted for the reactive elements.
Because the capacitor must cover
quite a large range, this type of bridge
AC GENERATOR

unknown resistance can introduce errors up to 20 percent, using a conventional bridge circuit.
Measurements

may

made

be

of

shunts having only a few thousandths
of an ohm resistance with a high degree of accuracy using the Kelvin
bridge circuit shown in Fig. 22-31.
If ratio arms It and R, equal R. and
R the contact resistance between unknown resistance R. and R,, the standard, is eliminated. The contact resistances at points A and B have no effect,
because the current through the galvanometer is zero when the bridge is balanced.
AC GENERATOR

EQUIVALENT
SERIES
RESISTANCE

OF Lx

Lx

R2

R1 R3 C2
C2

R3

EQUIVALENT

SEWS

Fig. 22-28. The Owen bridge circuit used
for measuring inductance.

RESISTANCE

OE Lx

X

R4
OVER-ALL

e

BALANCE

L.

AC GENERATOR

as, L'il-Ra
R2

CX '

V R2

Fig.

22-30. Resonant -frequency bridge.

Fig.
used

22-31. The Kelvin bridge circuit

R -RI CS

R1 R32 8442 TvO7

22-29. The Wien bridge circuit
which permits measuring capacitance in
terms of frequency and resistance. It
may also be used for frequency rejection
and measurement.
Fig.

for measuring

resistances

0.10 ohm.

below
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Fig. 22-32. Basic circuit for

an

incremental inductance bridge.

rent indicated by ammeter M for the

is designed for the measurement of recapacitance, inductance, and
impedance. By the use of a single
switch, four separate bridge circuits
may be selected, including the Maxwell

required sensitivity. Resistor R, is small
in value, about 1 to 10 ohms.
For a condition of balance:

and Hay inductance bridges, Wheatstone resistance bridge, and a capacitance comparison bridge. An internal

Contact resistance at points C and D
is negligible compared with ratio arms
and 12,, both of which arc reasonably

high. Resistor R, is adjusted for a cur-

R.

sistance,

100{) -Hz oscillator supplies a signal for
ac measurements. The dc for resistance
measurements is taken from an internal

R.

1Tr,

What is on incremental inductance bridge? - An instrument de22.32

signed specifically for the accurate measurement of the inductance of iron core inductors, filter chokes, transformers, plate reactors, and similar devices.
The incremental inductance bridge per-

mits measurements to be made with
direct current through the inductance
under test. It is possible, therefore, to
measure the inductance at any direct
current or core saturation condition.
The inductance under test is con-

nected so as to form a parallel resonant circuit consisting of L, C, and R,

power supply, which also supplies

a

of voltage for the detector
(bridge balance) amplifier. External
source

binding posts are provided for the sample under test and for connection of an

external oscillator and detector when
required.

bridge is set for a given
the proper
bridge circuits are automatically semode

of

measurement,

lected. One main dial, called the CRL
dial, is employed to balance the bridge

for all types of measurements, except
for ac measurements. For these measurements, two additional dials are used

as shown in Fig. 22-32. The bridge circuit is supplied with an ac voltage at a
frequency of in Hz superimposed on a

in the balanacing procedure, and are

dc voltage. The magnitude of the di-

reciprocal storage factor. The equations
for these two factors are:

rect -current component is set to a desired value by adjusting the output of
the de power supply. The value of the
inductance is obtained by the adjustment of resistor R, until resonance of
the parallel circuit is indicated by a
null on the cathode-ray oscilloscope
tube. Resonance of the parallel circuit
is obtained when:

L = CR'
The value of the inductance

termed the D and Q dials. Dial D represents the dissipation factor and Q its

R

,...,

--

QI

X5,

Q-

1

D

X..
B

where,
R and Xi, are the series resistance and

reactance of an inductance or capacitor under measurement.

The dissipation factor is directly proportional to the energy dissipated per
cycle; the storage factor is directly pro-

read

portional to the energy stored per cycle.

from the resistor R which is calibrated
to read directly in henries.

The term "dissipation factor" is com-

is

Describe a bridge circuit suitable /or the measurement of resistance,
capacitance, inductance, and impedance.
22.33

-Such a circuit, developed by Heath kit, is given in Fig. 22-33A. This circuit

monly used with capacitors as it varies
with loss, while "storage factor" is used
for inductors, since it indicates the

merit (Q) of a coil.
Resistance measurements are made
with the Wheatstone bridge. As this is a
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Fig. 22-33A. Schematic diagram For Heatirkit Model 10-2A impedance bridge.
de measurement, the bridge is balanced

bridges and series and parallel capaci-

for zero indication on the zero -center
meter. When the meter indicates zero,
the bridge is in balance and the value
of the sample in ohms is that indicated

tance -comparison bridges

by the CRL dial multiplied by the range
dial. The complete instrument is shown
in Fig. 22-33B.
A laboratory -type impedance bridge,
Model 1650A, manufactured by the
General Radio Co., is shown in Fig.
22-33C. It is designed for measurement
of resistance, capacitance, inductance,
and impedance. Five bridge circuits are
used. The Hays and Maxwell inductance

provide

a

wide coverage of the D and Q ranges.
Full use of these ranges at low -Q and
high -D values is achieved by means of
an "Orthonull" balancing mechanism.
Both de and ac measurements may be
made with the bridge, as it has no internal phase balance.
The Orthonull balancing mechanism
is a mechanical device that improves
the bridge balance convergence when
low -Q inductors or high -D capacitors
are measured. Those who have tried to
balance low -Q components on the con-
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Fig. 22-338. Neothkit Model IB-24. impedance bridge.

Fig. 22-33C. General Radio Co., impedance bridge Model 1650A.
ventional bridge have experienced a
sliding balance, which is a slow balance

gangs the two adjustments nonreciprocally in such a manner as to cancel their

convergence, resulting from the interdependence between the two balance
adjustments. Thus, when a Q of less
than 2 is encountered, the balance becomes tedious, and it Is extremely difficult for values below 0.5. The Orthonull

interdependence, leaving the two adjustments independent of one another.
As a result, advantage is taken of the
ful Q range and the balance is simpli-

ties together mechanically both the CRL

is

dial and the D dial, which are one and
the same for this bridge. The Orthonull

three -stage

fied.

Contained internally within the case
a 1000 -Hz transistor oscillator and a

amplifier, which can be
made either selective with over 20 -dB

THE AUDIO CYCLOPEDIA

1246

a 6E5 electron -ray tube, sometimes referred to as a magic -eye tube. The

circuit shown permits the measurement
of electrolytic capacitors with a polar-

voltage applied. For paper, oil,
mica, or other types of dielectrics, a
polarizing voltage is not required. The
dial for potentiometer RI Is calibrated
izing

to read directly in terms of capacitance
or resistance.
Since electrolytic capacitors have an
inherent amount of internal resistance
which increases with use and age, their
power

factor increases and reduces

their efficiency. To balance out this resistance during measurement, potentiometer RI and series resistance R4 are
used to balance the bridge.
Control R4 is calibrated to indicate
from 0 to 50 percent, in terms of power

factor. Thus, the efficiency of the capacitor is readily determined during
measurement.

Fig.

22-33D. Simplified block diagram

for General Radio Co., Model 1650A
impedance bridge.

reduction of second harmonics or flat
for measurements at other frequencies.
The amplifier drives the panel meter to
give a visual indication, thus eliminating the need for headphones. Terminals
are provided for an external oscillator,
detector, dc bias for polarizing the cle-

ment under measurement, and headphones, if desired.
The resistance ranges are from 1 milliohm to 10-megohms; capacitance
ranges from 1 pf to 1000 µF; inductance
ranges from 1 pH to 1000 H, with accuracy of plus or minus 1 percent. An ele-

mentary block diagram of its internal
connections is given in Fig. M -33D.
22.31

Describe a

service -type ca-

.-Such a circuit is given
in Fig. 22-34A. For measurements of
capacitance the bridge circuit consists
of four arms, potentiometer RI, standard capacitors CI, C2, or C3, and the
pacitor

unknown capacitor under measurement.

For resistance measurements the four
arms consist of potentiometer RI, stan-

dard resistors R2 or R3, and the unknown resistance. Potentiometer RI is
considered to be two arms of a bridge
circuit, the slider being the center arm,
which Is varied to balance the bridge.
The balance or null point is indicated on

Electrolytic

capacitors

indicating a power factor of 15 percent
or greater should be replaced; however,
for certain types of electrolytic capacitors the power -factor may read higher

and the capacitor still be used. The
manufactnrer's data sheet should he
consulted before replacing. Capacitors
other than electrolytics will not indicate power factor; therefore resistor R4
is turned to its minimum position,
which trips switch 52, shorting out resistors R5 and R6. For a 50-11z power
line the power -factor reading is multiplied by 0.84; for 40 Hz, by 0.72; and for
25 Hz, by 0.46.
When electrolytic capacitors are
measured, the unknown capacitor is

connected between the capacitance terminals of the bridge. The positive ter-

minal of the capacitor must be connected to the positive terminal of the
bridge, and control R4 set to electrolytic. Switch SI is set to the desired
measurement range, and potentiometer

Rl and power -factor resistor R4 adjusted for the widest possible opening
of the 6E5 tube. When the bridge is
balanced, the value of capacitance is
read from the dial and multiplied by
the range position of Si. Power factor
is directly read from the setting of R4.
Capacitor leakage is measured by
turning SI to a voltage near the rated
dc working voltage of the capacitor and
throwing S3 (spring loaded to automatically return to normal position) to
leakage, and observing the action of the
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Fig. 22-34A. Schematic diagram for a service -type capacitor tester. The circuit
shown will measure capacitance, power factor, and leakage. Resistance may also
be measured.
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cent; leakage 25 to 450 Vdc; resistance
100 to 50,000 ohms. It should be pointed

out that this tester circuit must not be
used for the measurement of low -voltage capacitors used in trausistor equipment.

Shown in Fig. 22-34B is a Model 965

FaradOhm bridge analyzer, manufactured by EICO Electronic Instrument
Co. This instrument is designed for
measuring low -voltage transistor -type
capacitors, resistance, and inductance.
Fig. 22-34B. EICO Electronic Instrument
Co.,

Inc. Model 965 FaradOhm bridge
analyzer.

6E5 tube. The amount of leakage will
be indicated by the degree of the closing of the eye. If the eye flutters or is
intermittent, the capacitor is leaky and
arcing over internally. If it is internally
shorted, the eye will close completely.
Open -circuit capacitors will cause the
6E5 to open at the extreme ranges of
capacitance. A normal capacitor will

cause the eye to suddenly open and
then return to the normal shadow angle.
Resistance is measured by connect-

ing the unknown resistor to the resistance terminals (no polarity need be observed), S2 to the paper or mica position, and Si to the desired range. The
bridge is then balanced, using only potentiometer RI for a maximum opening
of the 6E5 tube.
The circuit shown will measure ca-

In addition it will measure the leakage
in capacitors, diode reverse current,
transistor quiescent current, and insulation leakage. The instrument incorporates a six -range dc vacuum -tube
voltmeter (vtvm) and an eleven -range
dc vacuum -tube ammeter (vtam). The
ammeter has eleven full-scale ranges,
with a low scale of 0 to 15 p.A, to a
high scale of 0 to 15 mA, with an internal voltage drop of 75 mV.
The bridge circnit normally uses only
0.45 Vac at the line frequency. For testing at higher voltages or frequencies,
an external source is used in accordance with existing EIA Standards. The
bridge detector -amplifier incorporates

an automatic gain control (agc) to hold
the bridge detector meter on scale during the balancing of the bridge circuit,
yet permits a finely defined null at the
halance point.
To balance out the equivalent resistance when capacitors are measured, a
control is provided, calibrated power -

mi.' in

factor zero to 80 percent. A plug-in

four ranges; power factor 0 to 50 per -

shield is provided for eliminating stray

pacitance from 0.00001 to 1000

VARIABLE
DC SUPPLY
SW. SAA,ELC.

POWER
SUPPLY

V4. VS

V6

POL
VOL
EXT
GEN
STANDARD
T

TEST --

FUNCTION SW.

52 A.B.C.

-N.

I

T

BRIDGE

BRIDGE

NM%
SW SI

DET /AMPL
V6

FuNCTION

SW S2D

H

METER AMPL

V2.V3

VOLTAGE
RANGE SW.

540

METER
CURRENT
RANGE

SW. 53

Fig. 22-34C. Block diagram for EICO Electronic Instrument Co Model 965 bridge
analyzer.
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Warm maim'.

1250

THE AUDIO CYCLOPEDIA

sometimes referred to as an ac ohmmeter. (See Fig. 22-35.)

At the bottom of the diagram is a
1:1 coil to isolate the bridge from the
signal source, if grounded or unbalanced. Six precision resistors (1 percent) provide the multiplier arms, while
the 1000 -ohm pot and the unknown impedance complete the bridge circuit.
Headphones or a vtvm may be used as
a cull indicator. The bridge is balanced
when a null is indicated on the meter.

gari sin 4070 4070 810 gen

The

variable

1000 -ohm

resistance

is

calibrated to read directly in ohms im-

ti

pedance.

22-35. A Z -set or ac ohmmeter
used for measuring coil and transformer
Fig.

impedance.

22.36 Describe a Wien bridge audio -frequency meter. --- Audio -frequency
bridges using Wien -bridge circuitry

consist of only resistance and capaci-

fields when small capacitors or very
large resistors are measured.

A six -range 0- to 500-Vdc power
supply operates in conjunction with the
vtvm and vtam for capacitor -leakage
analysis, diode reverse or transistor
qniescent current measurements. A
warning light indicates when there is a

voltage at the test terminals. Capacitance measurements are possible over a

range of 5 pF to 5000 µF. Resistances

can be measured from 0.5 ohms to
100.000 ohms, and variable de voltage
measurements from 0.4 to 500 volts arc

possible. A block diagram and schematic diagram are given for this instrument in Fig. 22-34C and Fig. 22-34D.
22.35

What Is a "Z" set?-A sim-

plified bridge circuit used for the measurement of impedance. This circuit is

tance and are used for the precise measurement of audio frequencies between
20 and 20,000 Hz (Fig. 22-36). They may

he used to identify frequencies of an
oscillator,

beat frequency, or other
sources in the audio band.
Such instruments are connected at
the output of the signal source, with a
null detector connected at the bridge
output terminals. When the bridge has
been balanced for the lowest indication

of the null detector, the frequency is
read directly from a calibrated dial. A
second balancing dial is provided to
sharpen the balance and increase the
accuracy of the readings. A two -gang
potentiometer assembly employing log taper windings is used to spread the

calibration on the dial over a 270 -de-

gree range. A multiplier switch pioMULT1FIT
SW1TCm

7500
LOG

TAPER

0

MGM Z
OUTPUT

841

20-200

LOW

1'4

IIE Putt
NOM

0

4

Mt

200- 2 000 tti
2000.20.0(0 Mt

CULT PLY
SW TEM
SMOWIs IM MEDIUM
ROW TRNI

Fig. 22-36. Schematic diagram for Wien bridge audio-frequeney meter.
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vides three ranges of measurement -20
to 200 Hz, 200 to 2000 Hz, and 2000 to

selected frequencies. The complete assembly of reeds is called a reed comb

20,000 Hz.

and

is supported by two flat springs

What is a resonant or tuned -

which act as armatures and are vibrated

frequency meter? -A frequency

by a magnetic field from an electro-

meter employing a group of tuned reeds

magnet with a permanent -magnet core.
The windings of the electromagnets are
connected in parallel with the line
whose frequency is to be measured.
A cross-sectional view of the tuned reed comb Is shown in Fig. 22-37B. This
assembly may also be seen in the cut-

22.37
reed

for measuring the frequency of commercial power sources. A typical resonant or tuned -reed frequency meter,
manufactured by the James G. Biddle
Co., is shown in Fig. 22-37A.

away illustration of Fig. 22-37A. The
amplitude swing of the reeds may be
adjusted by decreasing or increasing
the distance of the electromagnets to
the armatures.

When the instrument is in operation
the electromagnets arc energized by the
power -line voltage. This causes the
spring armatures to vibrate at the
SENN TNITY
A . 200
100

90

Fig. 22-37A. The James G. Biddle Co.
Model 5110 From switchboard -type resonant -reed

frequency meter.

The

00

fre-

quency range is 52.5 to 67.5 Hz in steps

of 0.5 Hz.

20

IO

22-378. Cress -sectional view of
electromagnet, armature, and tuned -reed
Fig.

assembly of the meter pictured in

Fig. 22-37C. Resonance curve of a tuned
reed used in a From frequency meter.

Fig.

22-3 7 A.

Basically the instrument consists of
a group of 31 or more steel reeds with

one end bent at a right angle to its
length. The bent end is painted white
and the other end is clamped in a brass

shoe. Each individual reed is tuned to
a given frequency within a band of

--m111110050

59

60

61

62

HERTZ

Fig. 22-37D. Appearance of tuned reeds
in a From frequency meter when actu-

ated by a frequency of 60 Hz.
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power -line

frequency,

actuating the

percent of its designated frequency,

tuned reeds, which are tuned to frequencies falling above and below the
normal power -line frequency in steps
of one-half cycle each. The motion of
the armature and the tuned reeds is
shown by the dotted lines. The dotted

which is an error at 60 hertz of less

lines at the base of the reed show how
the vibration is transmitted through the
shoe to the tuned reed.
The reeds behave at resonance somewhat like a whip. The tip swinss
through a wide arc while the lower end
is anchored by the brass shoe. A typical
response curve for a reed resonated at
60 Hz is shown in Fig. 22-37C. Although

all the reeds receive the vibrations of
the armature, only a small vibration is
visible on those not in tune with the

than 0.2 Hz.

Frequency meters of the tuned -reed
design may also be obtained to cover
twice the lowest frequency range in one

instrument. A typical scale is 20 to 40
Hz and 40 to 80 Hz. The double range
is obtained by using a soft -iron armature in the electromagnet rather than
the permanent -magnet core as previously mentioned. With the permanent magnet core

the

applied alternating

current through the coil increases and
decreases the strength of the permanent field once during each electrical
cycle. The armature follows the variation in the field strength and vibrates
the reed -comb assembly once during

actuating frequency. This Ls illustrated
in Fig. 22-371). As a rule, the frequency
range covered by the group of reeds is

each cycle.

limited to about 2 percent above and

tion as well as in strength and the arm-

below the
quency.

ature vibrates twice for each current

normal

line -voltage

fre-

If a soft -iron core is used, however,
the magnetic field alternates in direccycle. As a rule, a soft -iron core is used

A second reed mechanism called the

for frequencies below 30 Hz. Instru-

direct -drive type is shown in Fig. 22-

ments equipped for double -range oper-

37E. Here, the reeds are vibrated by the
direct action of the electromagnets.
Meters as described in the foregoing

ation employ two electromagnets, one
having a permanent -magnet core for
the higher
iron core for the lower frequency range.
The same set of reeds is used for both
ranges. The proper magnet is selected
by means of an external switch.

arc used extensively for adjusting the
frequency of the three-phase generating equipment run from batteries in
sour.d trucks employed for recording
motion pictures, where frequency is an
important consideration. These meters
Sire also used with small battery -driven

generators, snch as the one shown in
Fig. 3-22.

Frequency meters are connected in
parallel with the line, similar to a voltmeter, and may be obtained to indicate
frequencies from 30 to several hundred
hertz. Each reed is tuned to within 0.30
E CMG

trout
Al/El 'EWE

TAIEZ,E, ME :4r

22.38

What is on impedance bridge?

-An instrument used for the precise
measurement of the dc and reactive
components of electrical devices and
circuits. Such Instruments generally
measure capacitance, inductance, and

resistance. The circuit diagram of an
impedance bridge is shown and explained in Question 22 33.
22.39 What is a primary frequency
standard? -A standard frequency to
which other devices may be compared.
A primary frequency standard is maintained by the National Bureau of Standards at Washington, D. C. By means of

radio station WWV, the Bureau transmits standard frequencies for use by
manufacturers and other interested
persons on a 24 -hour basis. A schedule

ett

of transmissions and frequencies may
be obtained by writing to the Bureau.
22.40
r
Fog

22-37E. A direct-drie, tuned -reed

mechanism for a Frans frequency meter.

What

is

a

secondary stan-

dord?-lt is a highly stable device used
as a standard and previously calibrated
in terns of a primary standard. It may
consist of an inductance, resistor ca-
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frequency generator, or any
other electrical or mechanical device
used for the calibration of other instrupacitor,

ments.

to 60 kHz before it is introduced into
the divider chain. This function is accomplished in two stages. A tuned circuit is introduced into the grid circuit

Fig. 22-40A shows a schematic diagram for a secondary frequency standard, designed to generate sine -wave
frequencies ranging from 20 to 20,000
Hz. The frequency is controlled by a
master crystal -controlled oscillator, fol-

of V2A, the 12AU7 locked multivibrator

lowed by five frequency dividers

in

divider is coupled by a low -impedance

combinations. Possible frequencies are given in the table on the

voltage divider into the control grid of
the first switched divider, V3. This di-

drawing.

plied to them, all output frequencies are
held to the same degree of stability as
the 100 -kHz crystal oscillator. Each of
the output frequencies may be used as a
standard frequency signal with a short-

vider has one inductor, five frequency determining circuits, and three values
of capacitance which arc successively
placed across the single -value inductance. With the lowest values of capacitance, the divider is locked at 20 kHz.
With the intermediate value, the divider
Is locked at 15 kHz, and with the high-

term accuracy of one part per million.

est value, the multivibrator is locked

The crystal used is of the DT cut,

at 10 kHz. The schematic diagram includes a box chart which illustrates the

various

Since

the

frequency

dividers are

locked to the excitation frequency ap-

at an adjusted angle, such that the tem-

perature drift characteristics are held

to within 20 parts per million over a
temperature range from 25°C to 65°C.
The crystal is operated in a grid -screen

crystal oscillator circuit using a type
6AU6 tube. No tuned circuits are required in the oscillator with the circuit
employed. A 100 -kHz signal, with high
harmonic content, is brought out to the

front panel by capacitive coupling to
the cathode element of the oscillator

tube, to pick off the harmonic at 300
kHz This 300 -kHz signal is divided by
a factor of five to produce a 60 -kHz
signal at the output of the multivibrator.

The signal from the first frequency

operating frequencies of the successive
frequency dividers in terms of the sig-

nal output frequency of the complete
unit.

The third frequency divider V4
substantially

is

identical to the second

divider, except that there are four values of capacitance which are successively switched across the single inductor. The 5 -kHz, 3 -kHz, and 1 -kHz signals are brought to the front panel, but

tube. This circuit may be used for coupling to a radio receiver for beating of

the 2 -kHz signal is used only to provide

harmonics against

ceeding

a

received signal

from WWV, for checking calibrations.
A small variable capacitor is provided for setting the crystal oscillator
to frequency, if required.
.

Since the lowest common multiple of
the first switched frequency divider (20
kHz, 15 kHz, 10 kHz) is 60 kHz and not
100 kHz, it is necessary that the output

frequency of the crystal be converted

an integral division factor for the sucstage

when

the

more favorable L/C ratio at the two
ends of the operating range. Hence, for
an output of 400 Hz, an additional 2.5 -

100 Isis

TREOLENCT

FREQUENCY

ERCOLANCY

CRYSTAL -

DIVIDER

ONIDER

DIVIDER

10/1

brl

an

AVE rER
ANN

eurCEP

'WATER

AMP

/MP

IONTS

IMO

100 nr

CONTROLLED
OSCILLATOR

BUFFER
AMP

succeeding

divider is operating at 400 Hz.
The fourth frequency divider V5
delivers an output at 400, 300. and 100
Hz. Due to the relatively low Q obtainable in small tuned circuits at these frequencies, it was necessary to utilize a

I

looms

Fig. 22-40B. Elementary block diagram for using three frequency dividers.
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henry inductor is placed in parallel with

The crystal -oscillator circuit may be

the 7.2- to 8.0 -henry inductor on the

adjusted over a range of plus or minus

400 -Hz range only. On the 300 -Hz and

8 Hz at 100 kHz to permit its precise
adjustment to the primary standard of

100 -Hz ranges, the total value of the
inductance is used.

The last frequency divider V6 pro-

the National Bureau of Standards radio
station WWV (Also see Question

The output stage V7 consists of a single
6C4 cathode follower with a resistance

22.39.) The calibration of instruments
in conjunction with secondary standards is accomplished by the use of a

voltage divider in the cathode circuit.

cathode-ray oscilloscope and Lissajous

The power supply is a simple half -wave
selenium rectifier with an RC filter.

figures
22.41 Describe the circuitry and operation of a flutter meter. - Flutter

duces an output only at 60 and 20 Hz.

With the circuits properly aligned, the
line voltage may be varied over a range

of 70 to 135 volts without losing synchronization, and with only a small drop
in signal level.
A secondary standard of somewhat
different design is given in Fig. 22-40B.
Here the circuit also uses a crystal -con-

trolled master oscillator, but uses only
three frequency divider circuits in ratios of ten. Thus, only frequencies of
100 kHz, 10 kHz, 1 kHz, and 100 Hz are
available. Other frequencies are obtained by the use of an oscilloscope and
a second oscillator.
The fundamental divider circuit consists of a modulator -divider tube with -

a resonant circuit tuned to f/10 and a
modulator -multiplier tube with a resonant circuit of 9f/10. The operation of
the circuit can be explained by assuming a small voltage in the resonant circuit of the modulator tube. This voltage
is applied to the grid of the modulator -

multiplier tube. The two voltages mix
to supply an output frequency of 9f/10,
which is fed to the grid of the modula-

tor tube, where it is mixed with the
input control frequency f and results
in a frequency of f/10 in the modulator -

divider tuned circuit. This action is
repeated and the voltage is built up

bridges or meters are instruments used
for the measurement of irregularities in
constant -speed drive systems, such as
arc used in photographic and magnetic
recorders, telemetering, disc recording

reproduction, and other devices
for recording and reproducing.
They measure both term (drift) and
short-term (flutter) variations in the
and
used

transport system.
Flutter meters arc calibrated to read

in terms of nns flutter, as specified in
existing standards. However, in
some instances such instruments may
be calibrated to read both rms and peak
to peak and may include a small oscilloscope tube for reading peak indications and for observation of flutter
the

waveforms.

The method used for the measurement of flutter is quite simple. A stable
reference frequency is recorded on the
media. During playback of this recording any deviations from the reference
frequency will be directly proportional
to short- or long-term speed errors in
the transport system. These frequency
errors arc detected and read on a meter,

displayed on an oscilloscope, or recorded on a graph level recorder. The
present state of the art requires that

until a stabilized condition is reached.
The output of the divider unit is controlled by the input frequency.

0.20 -percent flutter or less be accurately
measured. The measurement is accum-

By cascading the 100 -kHz signal gen-

each standard tape, film, or disc speed,
as tabulated below:

erated by the temperature -controlled,
oscillating quartz crystal through three
dividers, accurate fixed frequencies of
10 kHz, 1 kHz, and 100 Hz are also made
available.

By the use of an external distorting
amplifier and mixer circuit, harmonics
may be obtained for frequency calibration to 20 MHz or higher, even though
the waveform Is sinusoidal. The accuracy of the foregoing instrument is 3 Hz
per megahertz per degree Centigrade.

ulative over a specified bandwidth for

174 ips
334 Ips
71/2 ips
30

ips
ips

60

ips

120

ips

15

0.2 to 313 Hz
0.2 to 625 Hz
0.2 to 1.25 kHz
0.5 to 2.5 kHz
0.2 to 5.0 kHz
0.2 to 10.0 kHz
0.2 to 10.0 kHz

Speed variations slower than 0.2 Hz
arc generally specified as average speed

error, and arc generally caused by fac-
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components in the transport system or
tape dynamics, which flutter tests arc
designed to indicate. Flutter signals are

meters arc availabie. a service type and
a laboratory type, and they will be discussed in that order.
Pictured in Fig. 22-41A is a portable

equivalent to fm signals of very low

service -type flutter meter, manufac-

modulation iudex (MI = 0.002); there-

tured by Sentinel, Inc. The block diagram for this instrument and its schematic diagram are shown in Figs. 2241B and C, respectively. Referring to
the block diagram, the instrument utilizes the basic principles involved in the
detection of frequency -modulated signals. This includes the use of a limiter

tors other than rotating mechanical

demodulation problems
arise in accurately recovering these sigfore,

severe

nals from the playback signal. Under
these circumstauces, a high playback
signal-to-noise level, extreme am rejection, and the separation and identification of tape dropouts are required.
These latter subjects are discussed in
Section 17. Flutter meters are calibrated
to read in accordance with the existing
NAB, DIN, SMPTE, IEEE, and USASI
(ASA) Standards. Two types of flutter

amplifier to prevent the amplitude
modulation components from producing

an indication in the output circuits. For
example, amplitude modulation may be
introduced by dropouts in magnetic

22.41A. Sentinel Inc. Model FL -3D-1 flutter and wow meter.

Fig.
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tape or film, clicks and pops in phonograph records, and light fluctuations in
photographic film recordings. A frequency discriminator demodulates the
flutter signals and presents them to an
averaging -type meter circuit, calibrated to read the rms value of a sine
wave. Suitable filters are provided to

examine wow and flutter (wow is

a

A
regulated power supply and a 3000 -Hz
internal carrier oscillator complete the
circuitry.
Referring to Fig. 22-41C, a two -seconce -around)

spectra

separately.

control may be necessary. The bandwidth of the discriminator is such that
flutter modulation of 250 Hz is attenuated no more than 3 dB from a reference frequency of 15 Hz. Sufficient response is available to identify frequencies to 350 Hz with an oscilloscope.
The demodulated flutter signal is
amplified by V3A and fed to selector
switch S3B, which permits the wow,
flutter, or overall wow, plus flutter
components to be measured. The signal

tion, high-pass RC filter connects the
input terminals with a set level control. The function of this filter is to re-

is then applied to tube V3B. The cathode of this tube is connected through
an isolating resistor to terminals El and
E2 on the rear of the instrument for the
connection of a graph level recorder or

move low -frequency components from

oscilloscope.

the incoming flutter -modulated 3000 -Hz
tone, reproduced by the machine under

The filter networks used to separate
the wow and flutter components consist of three -section RC filters. The
crossover frequency is 6 Hz in accordance with existing standards. After the
signal has passed through the filters, it
is again fed to diode averaging circuit
CR1, 2, 3, and 4. Full-scale meter sensitivities of 2 and 0.5 percent are provided in the meter scale. The selector
switch for the flutter range also
vides a position for monitoring the input signal for proper level setting and

test. The network attenuates frequencies below 1000 Hz, and the signal is
then amplified and fed to a symmetrical

double -diode limiter. This circuit provides symmetrical clipping of the signal to avoid introducing phase -modulation components in the main signal
because of changes in the zero -axis
crossings associated with nonsymmetrical limiting.
The limited signal is amplified and

to the pentode section of a 6U8,
(V4A) which acts as an amplifier for a

for connecting the meter across the dis-

discriminator. The detected flutter signal from a 6AL5 detec-

ter -frequency adjustment.
The 3000-112 internal oscillator is a
standard Hartley oscillator circuit.
Through the use of toroid coils and stabilizing techniques, a high degree of
stability is had. The output signal of the
oscillator is available on front panel

fed

Foster -Seely

tor (V7B) passes through appropriate
filters to remove the carrier signal. A
front -panel control, discriminator centering, permits the discriminator secondary tuning to be adjusted for 3000
Hz, the frequency of the internal oscil-

criminator to indicate the proper cen-

lator. When a prerecorded 3000 -Hz sig-

terminals for recording purposes. Approximately 2.0 volts are generated at

nal is used, some adjustment of this

an impedance of 200 ohms.

Fig. 22-41D. Flutter meter Model 8100-W manufactured by Micom Corp.
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ter tape disc, or film. With the function

switch set to level, the set level control is adjusted until the meter reads
midscale (0.25 on half -percent scale, or
1.0 on the 2 -percent scale). The func-

tion switch is now set to discriminator,
and the discriminator centering control
is adjusted for a zero indication on the
meter. The function switch is then
turned to either the 2 or 0.5 flutter position for reading the percent of flutter.
By the use of the bandwidth-selectiou
switch, the frequency range of the disturbance may be determined. Flutter
content is measured in terms of the rms
frequency deviation expressed as a percentage of the average signal.
A laboratory -type flutter meter,
Model 8100-W, manufactured by Micom,
is shown in Fig. 22-41. This instrument
is completely solid state and meets the
United States and European Standards

trolled by capacitive feedback and may
be switched from 0.2 Hz to 30 Hz. The
operational amplifier drives the drift

indicator and, after filtering, provides a
drift demodulated signal of 0.1 volt for
a full-scale reading of the meter.
The output of the demodulator also
goes to the flutter sensitivity switch,

and then to a flutter amplifier and an
active -filter amplifier. The sensitivity
switch attenuates the input in the 10-,
3-, and 1 -percent ranges and sets the

gain by feedback control for 03, 0.1,
0.03, and 0.01 positions. The filter -am-

plifier bas a flat bandpass from 1.5 to
200 Hz, with a fast rolloff beyond 200
Hz. The residual noise is less than 0.0005

percent rms at the output of the flutter
amplifier.
The flutter -demodulator output goes

to the demodulator position of the meter select switch, and then to a weight-

for flutter measurements. It measures
both long-term (drift) and instantaneous variations (flutter). Models 8100
(without a wave analyzer) and 8100-W

ing switch. This switch controls gain,
frequency response, and the mode of
driving the flutter meter. In the NAB
position, the meter exhibits the stan-

(with analyzer) are similar in design

dard VU characteristic response and is

except for the addition of the analyzer
section in the latter model. The major

sensitive to the average of the signal

components of a Model 8100 are shown
in the block diagram of Fig. 22-41E.
To measure drift a 3000 -Hz signal
from the device under test is applied to
the age amplifier, through a demodulator input selector switch. The amplified
signal, now at a constant level, goes to
a limiter and, after frequency doubling,
to

a

demodulator. The demodulator

converts frequency to voltage by means

of a circuit which causes a precision
capacitor to be charged to a reference
voltage and discharged completely into
a current -to -voltage amplifier once for
each zero -crossing of the input signal.
Zero output at frequencies other than
3 kHz is obtained by varying the voltage to which the capacitor is charged

with a very high resolution zero -set
potentiometer. This method of zeroing
the instrument causes the output indications to accurately reflect deviations

from the actual input frequency and
not in terms of a percent -arbitrary

rectification. The meter
is calibrated in terms of rms value of a
sinusoidal waveform having an average
output. In both DIN positions, the meter
reads plus or minus peaks with appropriate charge and discharge time constants to meet the DIN specifications

(the abbreviation DLN refers to the
German magnetic tape standard used in
Europe).
The meter -driving amplifier is an operational amplifier, with a full -wave
diode -bridge output. Feedback compensation effectively removes the non-

linear and thermal effects of the diode
bridge, resulting in a linear meter scale
at

the

lower portion

of

the

scale.

Weighted positions for both NAB and
DIN have a frequency response as
given in Fig. 17-144B. Signal monitor
lamps

indicate whenever

the

signal

voltage drops below 3.5 mV for longer
than 20 milliseconds.
A highly stable 3000 -Hz test oscilla-

tor supplies 123 volts from a 60 -ohm

3 kHz.

source. When the demodulator switch is

The filtered output from the demodulator goes to an operational feedback
amplifier, whose gain is controlled by
changing the feedback factor with the

in the test oscillator position, the test

drift sensitivity switch. The high -frequency cutoff of the amplifier is con-

oscillator is selected as the input signal.

A circuit

is

included to provide plus

and minus 0.3 -percent frequency deviations of the oscillator with a high -de-

gree of accuracy. A regulated power
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Fig. 22-42A, Allison Model 22 clinical and research audiometer.

supply provides plus 45 Vdc, plus or

22.42

Describe on audiometer?-It

is an instrument used for measuring the

minus 0.1 volt, and several lower voltage taps. The plus 45 volts is also the
reference for the frequency -to -voltage
demodulator and is derived from a
temperature -compensated zener reference diode.

acuity of hearing. Basically the device
consists of an oscillator and calibrated
attenuator, so that the ear characteristics may be plotted logarithmically. For
the smaller -type audiometers, the teat

The wave analyzer, not shown in the
diagram, is based on an active bandpass

frequencies used are 125, 250, 512, 1000,
2000, 4000, and 8000 Hz. Tests conducted

filter, in which the tuning of the filter is
proportional to two RC products. The
active portion of the circuit is stabilized
by feedback. The selectivity is approxi-

over a period of many years indicate
that the sensitivity of the human ear

mately 0.1 octave, with a frequency dial

Fig. 1-99.

calibrated to read logarithmically. The

A clinical and research laboratory type audiometer, manufactured by Allison Laboratories, Inc., is pictured in

changes with respect to frequency and
sensitivity. This is shown graphically in

output of the wave analyzer is indicated

on the flutter meter.
In
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Fig. 22-42A. This unit embodies facilities for pure tone and speech testing.
An automatic attenuator-drive system
permits patient -controlled audiograms,
alternate binaural loudness -balance

calibrated attenuator or voltage divider
which, when used with a suitable oscillator, supplies accurately known audio frequency voltages. The microvolter
converts the voltage of an oscillator

audio -

into a standard signal which may be

grams. The instrument also has facilities for special tests, such as delayed

used for making measurements of gain
or loss, frequency characteristics, overloads, and hum level on amplifiers, networks, and other audio equipment. The
combination of an oscillator arid microvolter is very useful in making injection
frequency measurements on pickups,
microphones, magnetic recording heads,
and other transducers requiring minute
voltages. (See Questions 23.51, 23.52,

tests,

and

discrete -frequency

speech, special recorded tests, binaural
hearing -aid evaluation,
white -noise,

sound field using warble tone, small increment sensitivity index, sensorineural acuity level, Rainville test, and many

others. Galvanic skin reaction equipment may also be used. A quarter -inch
tape recorder/reproducer and record

turntable are mounted in the drawers
at the right. A talkback system is also
included for communication between
the patient and technician.

and 23.53.)

Basically the microvolter consists of
constant -impedance attenuator and
an input voltmeter by which the input
to the attenuator is standardized. A
a

External equipment may be added to
provide continuously variable band-

switch controls the output voltage in

pass filters, narrow -band masking filters,

headphones,

and

decade steps, while an individually calibrated dial provides continuous control
over each decade.
A Model 546-C audio -frequency microvolter, manufactured by the General
Radio Co., is shown in Fig. 22-43A. Only

automatic

an

graph recorder for use with the automatic attenuator-drive system. Push-

button control provides a means for
the various functions. Frequencies that are available include 125,
250, 500, 750 hertz, and 1.5, 2, 3, 4, 6,

selecting

two controls are provided: the output

and 8 kilohertz. The instrument is installed in a soundproof room (called a
"quiet room") with a glass panel, similar to a recording studio. The console is

installed outside the quiet room, at a
position where the technician can see
the patient.
Typical audiograms for both bone conduction (BC) and air -conduction

(AC) are given in Fig. 22-42B. Calibrations for this instrument meet the
ISO Standards.
22.43 Describe en audio -frequency

Fig. 22-43A. General Radio Co., Model
546-C audio frequency microroitcr.

microvolter.-It is an instrument with a
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Schematic diagram for General Radio Co., Model 546-C audio hequency microvolter.

TEST EQUIPMENT

1263

dial and the output multiplier. The output dial is a continuously rotatable knob
and a dial which is calibrated in voltage
and decibels above 1 microvolt. The
voltage scale is approximately logarithmic, and the decibel scale is approxi-

mately linear. The multiplier control is
a six -position switch, with a dial calibrated in decade steps from
micro1

volt to 100 millivolts, and in 20 -dB
steps from 0 to 100 dB. The meter indicates in both decibels and voltage. The
schematic diagram appears in Fig. 224313.

The output voltage ranges from 0.5
microvolt to 1.0 volt, with 2.2 volts at
the input. Reducing the input voltage
to 1.1 volts reduces the output voltage

by half. The input and output imped-

+ R2

P

E TIFIR2

(.2 iyiRZ

E
E

-11.747
F1

Fig. 22-45A. Resistive voltage divider.
Voltage division is the same for either
ac

or dc.

ance is 600 ohms.

To operate the meter a voltage of the

desired frequency is applied to the input and the meter is set to indicate 2.2
volts (0 dB). The output and multiplier diaLs arc set so that the product of
their voltage settings equals the desired
output voltage. For an output voltage of
50 microvolts (0.0005 V) the output dial

connected in such a manner that the
potential in the circuit is reduced to a
given amount. A typical voltage divider
circuit is shown in Fig. 22-45A.
Such devices are used with vacuumtuhe voltmeters. A typical resistive -

type voltage divider, manufactured by
Ballantine Laboratories,

is

shown in

is set to 5 and the multiplier dial is set
to 10 microvolts; for 70 millivolts, the
output dial is set to 7, and the multiplier
set to 10 millivolts. Output, in terms of

Fig. 22-45B. The divider has a total

decibels above 1 microvolt is denoted by
the algebraic sum of the decibel indica-

using a capacitive -type voltage divider
over a resistive type? -The capacitive
type requires practically no current for
its operation compared with a resistive

tions on the two dials. Since the reference is 1 microvolt, almost all readings
will he positive. 'When used to supply
a GOO -ohm load, the output in dBm
equals the output in decibels above 1
microvolt, minus 123.8 dB. For the general run of measurements, the output
may be considered to be a 600 -ohm
generator, having open -circuit voltages
as indicated by the dial.
22.44 What is a decade box?-An
instrument containing resistance, inductance, or capacitance which may be

resistance of 44 megohms and a division
ratio of 10:1.
22.16 What is the advantage in

voltage divider. A typical capacitive type voltage divider is shown in Fig.
22-46. Capacitive divider circuits are
used only in ac circuits, and they are
frequency sensitive.

varied in value in decade steps. Decade

boxes may be obtained covering a resistance range from a fraction of an
ohm to several thousand ohms. Capacitive and inductive decade boxes are also
obtainable having values ranging from

a fractional amount up to several microfarads or henries.
22.45

Describe a high -voltages resit-

tive-typ voltage divider? -A circuit
consisting of a resistive, capacitive, or
inductive network, or a combination of
such elements The circuit elements are

Fig. 22-458. High -voltage, 44-megohm,
resistive voltage divider manufactured
by Ballantine Laboratories.
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A second measurement was then made
ci xcli.2sea

c2

(2

T

J

Fig. 22-46. Simple ac voltage divider

consisting

of

capacitance only.

22.47 What arc the basic requirements for on audio oscillator? - Audio
oscillators are designed to generate a
pure or nearly pure sine wave at frequencies of 20 to 20,000 Hz. However,
many audio oscillators cover a range
from 10 to 40,000 Hz, and in some in-

stances up to 1 megahertz.
Audio oscillators may be of the beat frequency type (see Question 22.51),
Wien bridge
(Question 2250), or
(Question
pa rallel- T
configuration
22.49). The Wien bridge is sometimes
referred to as a "negative -resistance
oscillator." Audio oscillators may he

designed to cover the audio spectrum
in one sweep of the dial or in several
decades. Such oscillators must have low

total harmonic distortion (THD) and
essentially constant output impedance
with a constant voltage output. The
total harmonic distortion should not exceed 1 percent and preferably 0.25 percent or less.
22.41 Why must audio oscillators
hare low harmonic distortion? - Audio
oscillator cannot be directly subtracted
many different devices, such as amplifiers, filters, equalizers, and recording
systems. As most of these components
arc sensitive to harmonic distortion, the

on the same amplifier, but using an
oscillator with 1.3- to 2.5 -percent THD.
The results of these measurements are
given in Fig. 22-48. The low -distortion
oscillator remained at 0.10 -percent THD
for all levels of measurement; however,
the high -distortion oscillator varied
from 1.5- to 2.5 -percent THD for the
different levels of measurement. It will
be noted in the second measurement
that all that was measured is the oscil-

lator distortion which changes for different settings of its gain control.
W1e...ri an oscillator with low -distortion characteristics is not available, a
bandpass filter may be connected be-

tween the output of the oscillator and
the input to the device under test. In
this manner a sine wave of low distortion may be generated, provided all impedance matches are satisfied. However, this

limits the measurement to

one frequency, unless several filters are
available.
22.49 Describe the basic principles

of a bridged -7 (RC) audio oscillator.The basic circuit of such oscillators is
the well-known RC bridged -T configuration. (See Section 5.) The amplitude of the oscillator is stabilized by a
large amount of negative and positive
feedback in conjunction with a voltage amplitude -sensitive element in the negative -feedback loop. Various combina-

tions of resistance and capacitance in
the bridged -T circuit provide a means
of generating a wide range of frequencies.

test oscillator must have low internal
harmonic distortion (THD). As an example, modern high -quality amplifier
systems often have less than 0.25 THD;
therefore, if the test oscillator has
greater distortion than the device under

sic TIC I 6-.1S%

test, an accurate measurement of the
distortion characteristics cannot he
made. Distortion contributed by an
oscillator cannot be directly substracted
from the measured distortion. Oscillator distortion, unless unusually high,
does not as a rule affect frequency response measurements.

To illustrate the effect of oscillator
distortion, a measurement was made at
400 Hz on a 10 -watt amplifier having a
THD of 0.35 percent, using art oscillator

with a maximum of 0.1 -percent THD.

4.4004
1111C1111101%

00

4

rat cvmsr

Fig. 22-48. Distortion characteristics of
a 10 -watt amplifier using two oscilla
tors. The lower plot was mode using an
oscillator having o THD of 0.10 percent.
The upper curve used on oscillator with
1.3 to 2.5 percent THD.
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increases,

more

current

is

drawn

through the lamp filament increasing
the temperature and thus increasing
the resistance. The increased resistance
decreases the amount of positive feed-

back coupled to the cathode of Vl,
thereby reducing the output. When the
output signal decreases, the temperature of the lamp Ls lowered, causing
the lamp resistance to decrease. This, in
turn, permits more positive feedback

voltage to be applied to the cathode of
VI, increasing the amplitude of oscillation. The output of VI is controlled by
the amount of resistance in the cathode
circuit (which is generally a factory
adjustment).
The frequency of oscillation is determined by the values of resistance and
capacitance in the bridged -T configuFig. 22-49A. Front panel view of Waveforms Inc. Model 40113 audio oscillotor.

ration and

consists

of

the

resistors

selected by the range switch and the
amount of capacitance of the air capaci-

tor. It will be ohserved that the variA front -panel view of a bridged T
audio oscillator, Model 401B, manu-

able capacitor consists of a four -section

factured by Waveforms, Inc., is given
in Fig. 22-49A. Referring to the sche-

to range switch Si, and four -section

parallel and connected to the opposite
end of the T -section of the bridged -T
configuration. The common connection
of all rotors is connected to the range
switch, thereby inserting resistauce in
series with the capacitance to form the
stem of the bridged -T circuit.
Position 1 of the range switch gen-

variable air capacitor Cl, attached to a
front -panel dial and calibrated from

erates frequencies of 10 to 100 Hz; position 2, 100 to 1000 Hz; position 3, 1000

10 to 100.

to 10,000 Hz; and position 4, 10,000 to
100,000 Hz. The rejection frequency for
a given value of capacitance and resistance may be calculated:

znatic in Fig. 22-4913, the oscillator section consists of a broad -band amplifier
stage employing a sharp -cutoff 6AU6

pentode VI, a bridged -T network consisting of a group of resistors connected

The oscillator circuit really consists
of two amplifier tubes, VI and cathode
follower V2A. Oscillation is caused by

unit, with two sections connected in

feeding a positive feedback voltage
(regenerative) from the cathode of

V2A through the tungsten filament of a
10 -watt, 230 -volt pilot lamp (amplitude sensitive element) to the cathode of V.1.

A large amount of negative feedback
(degenerative) is also taken from the
cathode of V2A and applied to the
bridged -T network and back to the
control grid of VI. The negative feed-

Frequency

2 ir RC

where,

C is equal to 1/C1 x C2,
R is equal to R1 =R2.

The output of the oscillator is taken
through a 0.10 -AF capacitor to the con-

trol grid of a dual triode V2A and V2B,
connected as a self -driven, single -ended,

oscillator circuit to produce frequencies
of varying amplitude is effectively con-

push-pull cathode follower, providing
a low -impedance output circuit. The
upper section is similar to a conventional cathode follower, and the lower
section is driven out of phase, serving
as a dynamic load.
A terminal for external synchronization purposes is provided on the front

trolled by the lamp in the cathode circuit of VI. As the output voltage of VI

panel. This connection provides a high impedance ac sine -wave signal of ap-

back prevents VI from oscillating at
any frequency except at the frequency
of the bridged -T network. At this one
frequency the negative feedback is at a
minimum and the phase shift Is zero.

Any tendency on the part of the
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proximately 24 volts rms, and it is independent of the output controls. This
connection must be used only with a
high -impedance

and

resistive

loads,

resistance oscillator is composed of a
tuned -bridge circuit, consisting of
capacitance and resistance, as shown in
the basic circuit of Fig. 22-50A. It is the
of the Hewlett-Packard Model
200AB oscillator, pictured in Fig. 22-

since reactive loads will affect the frequency calibration and may introduce

basis

distortion. Furthermore, the external
circuit to which it is connected must not
have an ac component.

50B, and several other models.

The output attenuator section consists of five positions, each position re-

tance -coupled amplifier consisting of

ducing the output by a factor of 10
(20 dB). The maximum output is 22

loops are employed around this amplifier-positive feedback to set up oscillation and a negative -feedback loop to
reduce distortion and hold the oscillator
amplitude constant. The positive -feedback loop contains five resistors and a
variable air capacitor so proportioned

dBm. Total harmonic distortion is 0.25
percent for 10 to 100,000 Hz. The internal noise and hum is 80 dB below the
maximum output. The internal output
impedance is 600 ohms resistive.
Although an oscillator may be rated
as 600 ohms and will operate satisfactorily with this load, the Internal output
impedance may be on the order of 35
to 50 ohms. Therefore, when an instrument of this nature is used with equipment that may be impedance sensitive,
an impedance -matching or taper pad
should be used between the oscillator
and the equipment being measured. In

Referring to Fig. 22-50A, the oscilis basically a two -section resis-

lator

two tubes, VI and V2. Two feedback

some instances a resistance equal to the

difference between the oscillator inter-

nal output impedance and the input
impedance of the device under test may
be connected in series with the oscillator output to increase the oscillator output impedance. If the device heing

tested employs a bridging input impedance, the oscillator may be terminated in 600 ohms and the device fed
from this 600 -ohm source without
difficulty.
22.50 Describe the circuitry for a
Wien -bridge or negative -resistance oscillator.- A Wien -bridge or negative

1111111,

Mir

Fig 22-50B. The Hewlett-Packard Model
200AB Wien -bridge oscillator.

POSITIVE FEEDBACK

TO

VSA

RI AAO R2 CORRESPOND TO RANGE RESISTORS Ri - RS
CI ANO C2 CORRESPOND TO C T.ARC:iGN C4

Fig. 22-50A. Basic circuits of a Wien -bridge or negative -resistance oscillator.
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that RIC1 equaLs R2C2. The oscillator
output voltage is applied to the network, and the oscillator input voltage
is derived from it.
Since both the input and output signal of the two -stage amplifier are in
phase, oscillation will occur when the
phase shift between the voltage applied
to the network and the voltage at the
control grid of VI is zero. The zero
phase -shift point is also the point of
minimum loss through the feedback
network, as indicated by the curves in
Fig. 22-50C. The frequency of oscillation
(relative to frequency) equals 1.0 and is
equal to:
1/2 Tr VR1C1R2C2 or 1/2 IT RC

where,

RI equals R2, CI equals C2. Cathode
bypass capacitors C25 and CT are

for correcting phase shift at the

higher frequencies.

The negative -feedback network in
the oscillator section minimizes changes
in oscillator amplitude with changes in
frequency. Incandescent lamp R11 is
used as a bias resistor and is also a
part of the negative -feedback voltage
divider circuit in the first stage of oscillator VI. The lamp (10 -watt, 250 -volt
pilot lamp) has a temperature characteristic such that its resistance will

circuit. As the oscillator voltage rises,
more voltage is applied to the lamp.
The increased voltage raises the temperature and resistance, which in turn
increases the negative feedback in the
oscillator circuit. Increasing the feedback tends to decrease the oscillator
output voltage to its normal operating
point, and vice versa. The thermal resistance of the lamp is such that it does
not vary with low -frequency sine -wave
oscillations.

Referring to Fig. 22-50D, an overall
schematic diagram of the HewlettPackard oscillator, the output of the
oscillator section is RC coupled to the
input of tube V3A, which in turn is
direct coupled to a phase -inverter tube,
V3B. The phase inverter drives output
tubes V4 and V5. Output transformer
T1 includes a tertiary winding, which is
carried hack to the cathode circuit of
V3A.

The cathode -bias resistor (R19) of
V3A is not bypassed, giving additional
negative

feedback.

Since

the

total

amount of negative feedback in the
amplifier section is over 30 dI3, little
distortion is introduced by this section
in the output. The power supply is conventional and requires no explanation.

The internal output impedance of the
instrument is approximately 35 to 50
ohms up to 10,000 Hz, 75 ohms at 20,000

increase in direct proportion to the

Hz, increasing to about 250 ohms at

voltage across it. Changes in resistance
of this lamp will change the percentage

40,000 Hz.

of negative feedback in the oscillator

read 20 to 200, operating in conjunction

The frequency dial is calibrated to
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Fig. 22 -Sot Simplified block diagram for Hewlett-Packard Model 651 oscillator.

with a four -position range switch. In
the first position the frequency range is
20 to 200 Hz; the second, 200 to 2000 Hz;

the third, 2000 to 20,000 Hz; and in the
fourth position the range switch is mul-

tiplied by 200 and reads 400 to 40,000
Hz. The THD is less than I percent from
20 to 20,000 Hz. Internal noise is 66 dB

below the rated output of 1 watt, or
24.5 volts into a GOO -ohm load. The out-
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put may be used with symmetrical balanced or unbalanced circuits.
A block diagram for an oscillator
with a wide frequency range (10 Hz to
10 MHz), the Model 651, also manufactured by Hewlett-Packard, is shown in

of resistors S1R1 through S1R24 to
establish the frequency -sensitive RC

Fig. 22-50E. The output signal is ad-

lationship of the oscillator output voltage. When X. equals R, the positive

justable from 10 microvolts to 3.16 volts
for either a 50- or 600 -ohm output. The
internal circuitry is all transistor and
includes an oscillator, power amplifier,

peak detector, attenuator, and output
meter circuit.
This oscillator employs a modified
Wien -bridge circuit to generate a low distortion sine -wave signal, which is
applied to a power amplifier circuit
using a complementary -symmetry circuit. (See Question 12.251.) A peak detector circuit provides a degenerative
feedback voltage to the oscillator for
stabilizing the signs; applied to the
power amplifier. The output attenuator
network provides a means of attenuating the signal in steps of 10 dB each.
The metering circuit continuously
monitors the signal level to the attenua-

tors. A regulated power supply com-

networks for the six frequency ranges.
The frequency dial varies the main frequency -tuning elements, Clic, C1B, and
C1C. The RC components maintain re-

feedback is in phase with the oscillator
output voltage and exceeds the negative -feedback voltage. At frequencies

other than X. equals R, the positive feedback voltage is neither of the right
phase nor of sufficient amplitude to
maintain oscillation.
Impedance -converter transistor A2Q1

provides high impedance in series with
the input impedance of the differential

amplifier on the first four frequency
ranges (x10 to x 10K). The high impedance added prevents the RC bridge

circuit from being loaded by the low
impedance of the differential amplifier

on the lower frequency ranges. The
impedance converter is bypassed on the

XIOOK and X1 Meg ranges due to
resistance values in the RC

lower

bridge.

pletes the sections. Because of the cur-

The difference between the feedback

rent required by the lamp in the cathode circuit of the Model 200AB (Fig.

voltages from the bridge circuit is amplified by the differential amplifier and
is applied to a complementary -symmetry circuit, A2Q5 and A2Q6, through
emitter follower A2Q4. Positive -feed-

22-50A), a lamp would be incompatible
for transistors; therefore, a peak -detector circuit is used to stabilize the
oscillator output in this model.
The oscillator of this instrument generates a sinusoidal signal at the fre-

quency selected by the range switch
and the frequeucy dial. The RC bridge
network (Fig. 22-50E) is a modified
Wien bridge and differs from the conventional Wien bridge in the design of
the resistive divider network. This difference is shown in the lower portion

back voltage from the output of the
complementary -symmetry circuit is
applied between resistors A2R8 and

A2R9 in the collector circuit of A2Q2
of the first four frequency ranges. The
application of the feedback voltage at

of the bridge circuit, where the usual

this point is used to make the effective
resistance of the collector load higher
than the input impedance of the emitter
follower, thus increasing the signal level
at the base of the emitter follower. The

resistor is replaced with an impedance,

increase

Z1.

increase in the loop gain of the emitter
follower at the higher frequencies.
The complementary -symmetry circuit provides power gain; also, its low
impedance prevents the oscillator out-

Oscillation at a selected frequency is

made possible by the use of both regenerative and degenerative feedback.
Positive feedback is provided through

a frequency -sensitive RC network to
the differential amplifier, A2Q2 and
A2Q3; negative feedback is provided to
the differential amplifier through a net-

work insensitive to frequency. Only at
the selected frequency will the positive
feedback exceed the negative feedback
voltage to sustain oscillation.
Range switch S1 selects combinations

in signal level results in an

put from

being

loaded

by

the RC

hridge. The transistors in this circuit
are in a slight state of conductance to
reduce crossover distortion. The output
of the oscillator drives the power amplifier section with a constant voltage,
which is set by the amplitude control,
R2, and held constant by the action of
the peak detector.

1272

THE AUDIO CYCLOPEDIA

The peak -detector circuit provides a
bias voltage. Peak detector A2Q7 conducts only on the positive peaks of the
oscillator signal. When the positive peak
exceeds the set level, the peak detector
conducts, breaking down reference
diode A2CR5. This causes the diode to
conduct less, increasing the dynamic
resistance and thus increasing imped-

amount of negative -feedback voltage to

the differential amplifier, which results
in a reduction of the oscillator output
signal. The reduction in signal level
compensates for the initial rise in the
oscillator output.

The metering circuit monitors the
signal level applied to the output attenuator circuit and provides a front -panel
readout of the signal in rms volts and

ance Z,. The increase of Z, increases the
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dBm. Amplifier A1Q9 serves as both an
impedance converter between the volt-

meter circuit and the power amplifier
output circuit, and as a current source
to provide full-scale meter deflections.
The output attenuator provides a means

of attenuating the signal level applied
to both the 50- and 600 -ohm outputs,
by selecting a group of delta networks
to produce the desired attenuation in

Hewlett-Packard Model 651 oscillator.

1273

steps of 10 dB. A source of constant
voltage for the oscillator and other circuits is supplied from a 30 -volt regupower supply. Similar power
supplies are discussed in Section 21.
The complete schematic diagram for
lated

this oscillator and amplifier section is
given in Fig. 22-50F and the power supply schematic is shown in Fig. 2250G.
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Fig. 22-50G. Schematic of power supply used with HewlettPackord Model 651 oscillator shown in Fig. 22-50F.
beat -frequency

quency and the other a variable fre-

audio oscillator?-It is an audio oscillator employing two radio -frequency

quency. The variable -frequency oscillator is connected to a dial on the front

oscillators, one generating a fixed fre-

panel.

22.51

What

is

a

1275
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For acoustical measurements, the in-

strument contains frequency modulation circuits (variable tone), employing a reactance tube controlled by a
saw -tooth oscillator which is switched
into the fixed oscillator circuit. Both the

amplitude and frequency of the saw tooth oscillator are adjustable from 0 to
250 Hz, plus or minus the selected fre-

quency. By means of a compressor
circuit which may be controlled from
an external source of voltage, it is
possible to keep voltage, current, or
sound pressure constant during acoustical measurements, when the oscillator
is used as the sound source. (See Question 22.52.)
Fig.

22-51A. Eitiiel and Kit)°, Model
1022 beat -frequency oscillator.

The fixed oscillator operates at a frequency of 120 kHz, and the variable oscillator operates from 120 Hz to 100 kHz.

oscillators

The plates in the variable oscillator are

operate on the heterodyne principle and

so shaped to result in a logarithmic

generate a beat frequency which falls

frequency response. In addition, several
other controls are provided, including a
variable attenuator, impedance -match-

In

operation,

the

two

in the audio -frequency band. This beat
frequency becomes the output signal of
the generator. The oscillators generally

ing transformer with outputs of 6, 60,

consist of highly stabilized LC tuned
circuits. When the dial of the variable

600 and 6000 ohms, and a vacuum -tube
voltmeter. The attenuator system is

oscillator is rotated its frequency is
changed, thereby changing the beat
frequency. A comparatively small

adjustable in steps of 10 dB, operated
in

conjunction with

a

continuously

change in the frequency of the variable
oscillator will cause a large change in

variable control. The THD varies from
0.1 to 2 percent with frequency and the
type of loading and output circuit. Hum

the beat frequency. The principal ad-

and noise are 70 dB below the maxi-

vantage of the beat -frequency oscillator
is that it may be swept across the whole
audio -frequency spectrum, 20 to 20,000
Hz, with one movement of the dial. This
makes it desirable for use with graphic

mum power output of 2.5 watts.
A beat -frequency oscillator, Model
1305, manufactured by the General
Radio Co., is shown in Fig. 22-51C. Referring to the elementary diagram in
Fig. 22-51D, at the left arc two radio frequency oscillators, one fixed and one
variable controlled by the large dial on

recorders, wave analyzers, and other
devices that must operate in synchronization with the oscillator frequency.
Pictured in Fig. 22-51A is such an
oscillator, manufactured by Briiel and
Kjaer of Copenhagen, Denmark. In this

instrument are included several features not generally found in instruments of this type. In addition to the
main frequency dial, an incremental
scale is also provided, allowing an exact
frequency selection in the range of plus

or minus 50 Hz around any given setting of the main frequency dial. This is
accomplished by the use of a coaxial
knob on the main dial. A worm -gear
attachment, by means of a flexible shaft
at the side of the cabinet, permits the
oscillator to he connected mechanically
to a graph recorder or other mechanically driven equipment.

the front panel. The fixed oscillator

tubes VIA and V1B, deliver a signal
of approximately either 190 or 210 kHz
to the mixer tuhe, V3, where the signal
is combined with the signal from variable oscillator, V2A and V2B. This latter
is variable from 170 to 190
kHz. The difference signal from the
two oscillators is fed to an amplitude
control through a low-pass filter which

oscillator

removes harmonics above 40 kHz. Leav-

ing tubes V5A and V5B, the signal is
amplified and transformer coupled to
the output circuit.
The coils in the oscillator are constructed on a ceramic form for stability.

The oscillator tubes arc twin triodes,
with the plate of the oscillator section

1276

THE AUDIO CYCLOPEDIA
;
tq

I

Is

i1.13.217
I
g

s'

8

Fig. 22-518. Schematic diagram for circuits of BrUel and Kjaer Model 1022 beat frequency oscillator.

a cathode follower isolating amplifier.

This tube is magnetically shielded to
prevent pickup from extraneous mag-

The mixer tube

netic fields.

grounded and the other section used as
operates with bias
adjustments on grids 1 and 3. This permits the adjustment of voltage and
harmonic content of the output signal.

The output stage employs a single -

ended push-pull amplifier configuration. One section of the 12AT7 twin

TEST EQUIPMENT

Fig.
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22-51C. General Radio Co., Model 13048 beat -frequency oscillator.

triode drives the other section, which is
connected as a phase -inverter to drive
the output stage in push-pull. The amplifier output is connected through a
voltage divider network to the cathode
of V5A to introduce negative feedback.

frequency oscillator and a graph level
recorder are pictured in Fig. 22-51E.
This oscillator has a THD of 0.25 percent from 100 to 10,000 Hz. Below 100
Hz, the harmonic distortion may reach
0.5 percent. Output power is 1 watt

The output contains a voltmeter for

into a 600 -ohm resistive load.
22.52 Describe a warble oscillator.

adjusting the signal amplitude and an
attenuator system. The metering system
employs an average -reading voltmeter
in conjunction with two 1N54 diode

rectifiers. The attenuator system consists of T pads, which arc switched to
provide attenuation in steps of 20 dB,
from 0 to 60 dB, thus providing a resistive internal output impedance of 600
ohms.

The instrument may be calibrated to
the power -line frequency or by using
the zero -heat method. If the power -line
frequency is controlled, standardization

at the power -line frequency is recom-

mended. The frequency drift for the
first hour of operation is less than 7 Hz.
For power -line calibration, the large
dial is set to line -frequency calibrate,
and the zero -adjust control is set for a
zero -beat indication on the output
meter. For zero -beat calibration, the
main dial and the cycles increment dials
are both set for zero. The zero -adjust
control is then adjusted for a zero -beat
indication on the output meter.
The advantage offered by a beat frequency oscillator over the Wien

bridge or bridged T is that it may he
swept over the full audio spectrum in
one full swing of the main dial. This is
very convenient when the frequency
characteristics of equalizers, filters, and
similar equipment are measured. Such
oscillators may also be used in conjunction with graph recorders, by connect-

ing the two instruments together mechanically. A General Radio Co. heat -

-Warble oscillators are used for making acoustic measurements in an enclosure. The frequency of the oscillator
is swept slowly from the lowest to the
highest frequency while being warbled

of four
per second
over a range of 10 percent plus and
minus the mean frequency.
Warbling the oscillator frequencies
when making acoustic measurements
prevents

the formation of standing
waves within an enclosure. Although it
is not necessary to warble frequencies
above 1000 Hz, it is the practice to
warble all frequencies when making

a measurement.

Warble frequency oscillators can be
mechanically driven, or the warble
frequency can be created electronically.
In the mechanical design a motor -

driven beat -frequency oscillator, with
a four-sided cam mounted on the main
dial,

produces the warble while the

oscillator dial is swept across the frequency spectrum. In the electronic de-

sign the warble is produced by electronically modulating the oscillator as
the dial is swept across the spectrum.
(See Question 22.51.)
22.53 What is an audio -frequency

sweep generator?-An audio oscillator
which automatically sweeps across the
audio -frequency

band approximately
twenty times per second.
The generator consists of a rotating
disc on which is photographed a sine
wave starting at a low frequency and

THE AUDIO CYCLOPEDIA
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Elementary diagram for General Radio Co., Model 1304B beat -frequency oscillator.

progressing up to a high frequency.
The disc is rotated by a synchronous
motor and the image of a sine wave is
projected on the target of a photo-

electric cell, amplified, and applied to

the input of the device being tested.
The frequency response is observed
visually by means of an oscilloscope
connected at the output of the device
under test. The same function can be

TEST EQUIPMENT
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Fig. 22-51E. General Radio Co. graphic level recorder and beat -frequency oscillator.

accomplished electronically by using an
audio oscillator and a reactance control

plied to the input of a device containing
clipping and squaring tubes and one in

tube.
22.54

which a sine wave is generated internally and squared. The resulting waveform is a square wave.

Describe a square -wave gen-

eratorl-Square-wave generators may
be obtained in two forms-one in which
a separate sine -wave oscillator is ap-

The schematic diagram for a transistor square -wave generator to be used
0

INPUT -Si NE wave
GENERA TOR

Fig. 22-54. Schematic diagram for transistor square -wave generator. External sine wave generator is required. (Courtesy, Waveforms Inc.)
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22.56

with an external audio oscillator is

given in Fig. 22-54. Basically the circuit
is a modified bistable multivibrator

consisting of two regenerative direct coupled stages and a switching circuit.
It is designed to be connected at the
output of a sine -wave oscillator, with
the output of the square -wave generator going to the device under test.
The circuit functions as follows. The
sine wave is applied to the base of

Describe a random- or white -

noise generator.-A random -noise gen-

erator is a device that produces a large
amplitude of electrical noise at its out-

put. This type of

noise is useful in

making the following tests: acoustical,
speaker,

microphone, psychoacoustic,
filter, crosstalk, modulation of signal

generators, and the comparison of effective bandwidths. Such a generator,
Model

1390-B, manufactured by the

transistor Ql through a coupling ca-

General Radio Co., is shown in Fig. 22-

pacitor and steering diode Dl. The first
stage of Q1 is collector loaded and dc

56A.

coupled to the base of transistor Q2.
Regenerative

coupling

from

Q2

is

through the emitter circuit. The output
signal is developed by the collector of
Q2 and passed through switching transistors Q3 and Q4, to a voltage divider
network with a floating ground.
The power supply is designed to provide both negative and positive voltages
and is of conventional design. If an attenuator network is used at the output
of the generator, it must be capable of
passing a wide band of frequencies
since a square wave is theoretically of
infinite bandwidth.
22.55 What is a neon oscillatedAn oscillator consisting of a small neon
light, a resistance, and a capacitor connected as shown in Fig. 22-55. The capacitor is charged and discharged by
the neon light.
The values of the resistance R and
capacitance C determine the rate of
discharge and the frequency of oscillation. The waveform is of the sawtooth
variety and rich in harmonics. The
characteristics of neon tubes are given
in Questions 25.99 and 25.100.

Referring to the simplified block diagram of Fig. 22-56B, the generator portion consists of half of a GD4 gas discharge tube placed in a transverse mag-

netic field which is supplied by a permanent magnet. The magnet eliminates
oscillations

usually

associated

with

such tubes and increases the noise level

the higher frequencies. The noise
output from the gas discharge tube is
at

amplified by a two -stage amplifier, V3
and V4. The noise spectrum is shaped
in one of three different ways between

the first and second stage, depending
on the setting of the range switch.
In the 20 -kHz position of the range
switch, a low-pass filter with a gradual
rolloff above 30 kHz is inserted. The

audio range is uniform to 20 kHz. In
the 500 -kHz position a low-pass filter
with a rolloff above 500 kHz is used.
In the 5 -MHz position a peaking network compensates for the drop in noise

output from the 6D4 tube at the high
frequencies, and thus a reasonably good
spectrum to 5 MHz is ohtained. Leaving

tube V4, the signal passes through an
output control to an attenuator system.
A rectifier -type averaging meter indicates the output voltage.
The maximum open -circuit output
voltage in the 20 -kHz band is about 3

(a) Circuit.

(b) Waveform.
22-55. Neon -tube oscillator. Frequency of oscillation is controlled by the
value of R and C.
Fig.

Fig. 22-56A. General Radio Co. Model
1390.8 random -noise generator.
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Fig. 2 2-5 6 8. Simplified block diagram for General Radio Co., Model 1 3 90-8 ran-

dom -none generator.

volts; in the 500 -kHz 'pond, it is 2 volts;
[or the 5 -MHz band, it is 1 volt. These
voltages represent relatively high noise

levels, since the output impedance of
the generator is 900 ohms. The noise
level may be expressed in terms of the
resistance noise corresponding to 900

ohms at room temperature. The rms
voltage in a one -cycle band, due to

thermal agitation in a 900 -ohm resistor
at room temperature, is 3.8 x 10-' volt.

The level from this generator is about
5 millivolts for a one -cycle band when
there is a total output voltage of I volt
in the 20 -kHz band. This level is then
about 1,300,000 times the corresponding

voltage for resistance noise, or about
122 dR above resistance noise at the
same impedance level.

In random noise no regular pattern
appears in the output waveform; it is
characterized

by

randomness

rather

than by regularity. Noise is therefore
described by statistical means, and it

is

characterized by its distribution of instantaneous amplitudes and by its frequency spectrum. Random noise is
often defined as noise that has a normal

or Gaussian distribution of amplitudes.
White noise is discussed in Questions
1.140 and 1.141.

Oseillographs of three different sam-

ples of the output voltage, taken from
the output of a noise generator are pic-

tured in Fig. 22-56C. A typical spectrum -level characteristic for the described

random -noise

generator

is

shown in Fig. 22-56D.
Fig. 22-56E is a schematic diagram
for a random -noise generator, using a

Solitron Sounvistor. The heart of the
Fig. 2 2-5 6C. Oscillographs of three different samples of output voltage taken

generator is the deep, double -diffused
silicon diode. These special diodes be-

from

come noise generators by applying a

the

1 3 9 0-b

General Radio Co. Model
random -noise generator.

suitable

de

reverse

voltage across

a
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Fig. 22-56D Frequency characteristics of General Radio Co, Model 1390-8 random.
noise generator, for its three bands of operation.
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Fig. 22-56E. Random -noise generator using a Solitron Sounvistor. The noise -produc-

ing diode may be one of several different types. ;Courtesy, Solitron Devices Inc.)
combination of a series feed -resistor in
series with the Sounvistor. The random
noise voltages are recovered from the
diode by means of a conventional transistor amplifier. The noise is amplified
to the desired level and bandwidth.
Two basic diodes which differ in
noise frequency and also in fundamen-

tal operating characteristics are used.
The most useful type is the type SD -1,
a high -impedance generator that will
generate frequencies from I Hz to about

100,000 Hz. This diode will develop a
200,000 -Hz bandwidth of 500 to 3000
microvolts rms across a load resistance
of 100,000 ohms or more. Each diode is

studied at an ambient temperature of
25 degrees centigrade to determine its
distribution of noise voltage and is
then classified for a given service.
When listening to white noise over a
wideband speaker system of fairly uniform

frequency

characteristics,

the

sound should be one of an unmusical
tone swish, similar to that heard when
tuning

between
Question 7.114.)

fm

channels.

(See.

22.57 What is a phase -shift ascii.
laterT-An oscillator employing a single
vacuum tube with a phase -shifting network rather than the conventional LC
circuit. A typical phase -shift oscillator
is shown in Fig. 22-57A.
Basically the circuit consists of a
tube and a three -stage, phase -shifting
network consisting of three capacitors,
Cl, C2, and C3, and three resistors, RI,
R2, and R3, connected between the
plate and grid circuits of the oscillator

tube. The phase shift in the network
is proportional to the current through
the network. The circuit element values
shown are for an oscillator of 1000 Hz.
Each phase -shifting network has a
phase shift of 60 degrees. The total

phase shift for the three networks is
180 degrees. The circuit functioning may

be explained as follows.
When an alternating voltage is applied to the first section of the network,
Cl and RI, a current is caused, the
magnitude being determined by the
total impedance of the network. Since
the impedance is capacitive, the current

TEST EQUIPMENT
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Fig.

22-57A. Phase -shift oscillator circuit.

will lead the voltage, which for one
section of this network (CI and RI) is

The output waveform of

60 degrees. The voltage drop across RI

is in phase with the current through it;
therefore, the voltage drop across RI
leads the
degrees.

impressed

voltage

by

a

phase -

shift oscillator is almost sinusoidal, if
the bias is adjusted to a value where
oscillation can just be sustained. The
tube then operates on the linear portion of its characteristic. Decreasing the
resistance or capacitance in the net-

60

work will increase the frequency of

The output voltage of the first section is applied to a second section, C2
and R2, which shifts the impressed voltage another 60 degrees for a total of

oscillation and vice versa. The angle
of phase shift is dependent on the ratio

120 degrees. The third network, C3 and

of the capacitive reactance to the resistance in any one section of the

R3, shifts the voltage another 60 de-

network:

grees. making a total phase shift of 180
degrees. This brings the signal from the

-

plate into phase with the control grid.

X,
R

- 2 w fC/R

which is 180 degrees out of phase with
the plate.
Oscillation is started when a small
disturbance occurs in the plate circuit,

where,

such as turning on the power and the

From a practical standpoint. the tube

starting of plate current. Any slight

should have a transconductance above
5000 micromhos, preferably between
800 and 10,000 micromhos, to overcome

X. is the capacitive reactance,
R is the resistance for a single section of the phase -shifting network.

change from a static condition causes
the disturbance to be amplified, in-

the network and sustain

verted 150 degrees by the phase -shifting

the loss of

network, and applied to the control grid
and again amplified. This build-up continues until a state of steady oscillation

oscillation. It has been shown by Ginzton and Hollingsworth that a circuit
gain of 29 or more is required to maintain oscillation. The value of R must be

is reached.
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Fig. 22-5711. Transistor phase -shift oscillator with constant -amplitude control circuit.
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several times the value of plate load
Ft; ir. parallel with grid resistor R. and

variations are then applied to the base
of Q4, which in turn varies the bias of

coupling capacitor C, A second stage is
essential to isolate the oscillator section

Ql, thus compensating for the varia-

from the external circuit.
The frequency of oscillation for a
given set of values may be approximated:

f

1

2 ir RC lie

where,

R and C are the values of a single
network.

The frequency of oscillation may be
adjusted to an exact value over a very

limited range by varying the value of
any one resistor in the network. A
variable -frequency oscillator may be
constructed by varying the values of
C and R. This may be done by ganging

and adjusting their values simultaneously. Typical values for several frequencies, using a plate load resistance
of 50,000 ohms, are given below:
Freq. (Hz)
SO

100

500
1000

5000
10,000

RI, R2, R3
1.25 meg
1.00 meg

tions in amplitude.
It is claimed for this oscillator circuit that the stability is to within a few
parts in 10'. The circuit shown has an
operating frequency of 33 Hr.
22.58 What is a resistance -stabilised oscillator? Basically the oscillator
may be a Hartley or a tuned -plate type
circuit except for a feedback resistance
and capacitance connected between the

plate and the tuned circuit. The resistance and capacitance are shown as Cfb
in the schematic diagram of
Fig. 22-58.

and

The tube operates as a class -A amplifier stage with a self -biasing resistor

in the cathode circuit. This resistor is
adjusted for the lowest possible harmonic distortion. The value of the feedback resistor R.. is selected for a value

that will just permit the tube to oscillate, with stability.
Resistance -stabilized oscillators

Cl, C2, C3

are

often used where a high degree of sta-

0 001

510K
650K

0.0006
0.00025
0 0001

/IF
AF

100K

0.00011

uF

510K

00000125

j.,.F

ALF

The actual phase angle for a single
section using the values given in the
foregoing will vary between 66 and 77
degrees, which is satisfactory. Thus
standard values of resistance and capacitance may be used.
Fig. 22-57B shows the circuitry for a
transistor phase -shift oscillator employing field-effect transistors (FET's) in
combination with conventional transistors. This circuit, developed by %four lam, also includes a stabilizing feedback

loop. This circuit is particularly adaptable to frequencies below 100 Hz. The
required 180 -degree phase shift is obtained by the use of an unbalanced T
network, consisting of resistors RI, R2,
and R3, capacitors Cl, C2, and C3, and
potentiometer Pl, which provides a
small amount of frequency adjustment.
The output from transistor Q1 is fed
to buffer FET Q2, rectified, and used to
charge capacitor C5 proportional to the
amplitude of the oscillation as compared to a reference voltage supplied
by a 1.35 -volt mercury cell in the
emitter of Q3. The resulting amplitude

bility and low distortion are required.
Capacitor C, across the tuned circuit is
changed for each desired frequency.
The feedback resistor, R.., is readjusted
for each frequency, for the lowest distortion consistent with stable operation.
22.59 Describe Inultivib rrrrr oscil-

lator .-There are two types of multivibrators: the astable and the bistable.
The first to be discussed will be a transistor version of the astable type. The
astable multivibrator (or free -running
multivibrator as It is sometimes called)
develops a square -wave output that has

a peak value equal to the dc voltage
(W) and a minimum value equal to
the collector saturation voltage of the
transistor. The circuit is basically a
c,,

Fig. 22-58. Resistance -stabilised oscillator. Value of capacitor Cr is set for each
frequency and resistor R. is set for lowest distortion.
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Fig.

Fig. 22-59A. Astable multi...16,ot°,
cillator circuit.

22-59C. Astable multivibrator circuit using vacuum tubes.

os-

usage

in

computer

applications

and

two -stage

nonsinusoidal oscillator in
which one stage conducts at saturation,

electronic switches. The circuit is in a
stable state when either transistor is

while the other is cut off until a point

conducting and the other is cut off. The

is reached at which the stages reverse

state of the transistors is switched by
the application of a properly applied

their conditions. The circuit shown in
Fig. 22-59A employs two 2N1481 transistors, operated in identical common emitter amplifier stages, with regenerative feedback resistance -capacitance
coupled from the collector of each transistor to the base of the other. The frequency of oscillation for the circuit
shown is controlled by the value of the

trigger pulse. The 1N126 steering diodes

ensure that the 2N404 pnp transistors

are triggered to alternate states only
when positive pulses are applied to the
input.

The output voltage, which may be
taken between collector and ground of
either transistor (or both), Is a unit
step voltage, changing when the trigger
is applied. A square -wave output is
obtained by a continuous periodic

resistors and the capacitors and may
be calculated:

f=

pulsing of the input. For the circuit

1

(0.7C1R2) (0.7C2R2)

shown, the frequency division between
input and output is 2:1.

The frequency of the circuit shown is

The circuit given in Fig. 22-59C is
an astable or free -running multivibrator employing vacuum tubes. Although
the astable multivibrator is free -running, it may be triggered by pulses of a

approximately 7000 Hz.

A bistable multivibrator, commonly
called a flip-flop oscillator, is shown in
Fig. 22-59B. This circuit finds wide
i6V

6.1

OUTPUT

6

ovPuT

6

Fig. 22-396. listable multioibrator or Flip -flap oscillator circuit.
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given amplitude and frequency to provide a frequency -stabilized output.
22.60 What is on LC -lifter type of
distortion unsay:oil-An LC -filter type
of distortion analyzer is an instrument
employing a group of LC type band elimination filters, designed for measuring the total harmonic distortion

scope for indicating the amplitude of

(THD) of amplifiers. This type of instrument does not contain any elec-

test and a sensitive indicating instrument is connected to the output terminals of the distortion analyzer. Switch

the fundamental frequency or the harmonics of the fundamental.
To operate the instrument, an oscillator of low harmonic distortion is connected to the input of the device to be
tested. The distortion analyzer is connected to the output of the device under

tronic equipment internally, but re-

quires an external null detector, such
as a vacuum -tube voltmeter or oscillo-

S2 is set to the desired filter and switch

scope.

selected filter into the circuit. The oscil-

The instrument shown employs five
with fundamental frequencies of 50 Hz, 100 Hz,

lator is set to the filter frequency and
slowly rocked above and below the
filter frequency while balance control
PI on the analyzer is adjusted for a
minimum deflection of the indicating
instrument. At the point of minimum
deflection or null, the fundamental fre-

SI

band -elimination filters

400 Hz, 1 kHz, S kHz, and 7.5 kHz,
which are selected by means of a switch

at the lower left of the panel. A block
diagram of this instrument appears in

to position A, which connects the

quency has been completely balanced

Fig. 22-60A.
Fundamentally the device consists of
60 dB of loss in steps of 10 dB, the other

out, leaving only the harmonics. The
balance control (P1) varies the Q of
the filter circuit, permitting an exact

a total of 10 dB loss in steps of 1 dB,

balance.

two variable attenuators, one having
making a total of 70 dB of loss variable
in steps of 1 dB. Following the attenuators is a group of six band -elimination
filters, any one of which may be selected
by switch S2. Connected externally to
the output of the distortion analyzer is
a vacuum -tube voltmeter or oscillo-

20.000,s
IttPuT

110d8

When a minimum deflection has been

attained, switch Si is thrown to position 13, substituting the two variable
attenuators for the filter network. The
loss of the attenuators is adjusted for
the same amplitude reading on the indicating meter as previously obtained

IWO
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*TIEN
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10-1413
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Fig. 72-60A. Block diagram of LC -filter type distortion analyzer.
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Fill. 22-60B. Attenuotor loss versus percent harmonic distortion (T1111).

with the filter in the circuit. When the

percent they are GO dB below the fun-

two indications are the same, switch SI
may be thrown from position A to position B with only a fractional change in
level on the meter (this is generally
less than
dB).
When a condition of balance has
been attained, the loss of the attenua-

damental

1

is totaled and the percent harmonic distortion read from the graph

tors

given in Fig. 22-60B. As an example, if
the loss of the attenuators totals 40 dB,
the harmonic distortion is 1.0 percent.
The attenuators loss is also an indication that the harmonics are 40 dB below
the amplitude of the fundamental frequency. It will be noted from the graph

frequency.

The

schematic

diagram of a single filter section is
shown in Fig. 22-60C. The procedure
for use of the foregoing instrument is
similar to that of other distortion meters
and analyzers described in Section 23.
22.6/ Describe a distortion meter
using a single 400 -HE high-pass
-In the early design of distortion factor meters (distortion analyzer) the
harmonic distortion was measured only
at 400 Hz and not over a wide hand of
frequencies as is today's practice These
early analyzers employed a single 400 -

Hz high-pass filter with a steep cutoff
characteristic, as shown in Fig. 22-61A.

that when the harmonic distortion is
10 percent, the harmonics arc only 20

For the null detector, an amplifier and

dB below the fundamental, and for 0.10

were used. The schematic diagram for
such a meter is shover. in Fig. 22-61B.

thermocouple

current -squared

meter

With the filter in the circuit, the fun-

L

damental frequency of 400 Hz is suppressed about 75 dB, and all harmonies
Ci

Ci

-II

IH
st

IN

CUT

@ALSACE

C.010710.

up to the fifteenth are passed without
attenuation. For historical interest, a
picture of such an instrument, manufactured by the General Radio Co. In
1930, is shown in Fig. 22-61C.

Referring to the schematic diagram
in Fig. 22-61B, included with the filter
are three resistors, RI, R2, and R3, and
potentiometer PI for comparing the

voltage at the output of the filter with
respect to the voltage at the input of the
22-60C. Schematic diagram of o
single section of a multiple LC filtertzlze distortion analyzer.
Fag.

filter. A dial calibrated 0 to 3 and 0 to
3U percent is mounted on the shaft of
the potentiometer Pl.
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Fig. 22-61A. Frequency characteristic of 400 -Ha high -pan
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Fig. 22.618. Schematic diagram for distortion factor meter.

400 -HE high-pass filter type distortion factor
Fig. 22-61C. For historical in t e
meter, amplifier, and current -squared thermocouple meter, manufactured by Gen,

eral Radio Co., in 1930.

When a measurement is made, the
distortion -factor meter is connected
across the load resistance of the amplifier under test. A 400 -Hz signal is applied to the amplifier input, and output
switch SI is set to fundamental. S2 is
set to 30 percent and a reference read-

ing taken on the indicating meter. Si is
then put in the harmonic position and
the potentiometer balanced for a null
reading of the meter. S2 is set for the
desired range, rebalanced, and the percent distortion factor read from the dial.

Series resistances RI and R2 forni an
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L -type network ahead of the filter, thus
preventing the calibration of the
analyzer from being affected by the impedance of the device being tested. Distortion factors as low as 0.2 percent may
be read. As this device (and others of
similar design) read percent distortion

as the total rms voltage of the harmonics, no indication of the individual
harmonic amplitudes is given.
In subsequent models of distortion
meters, the amplifier and meter were
combined into one complete unit. Modem distortion -measuring equipment
generally uses a parallel -T resistive

network which is continuously variable,
(see Question 22.63.)
22.62 Describe the circuitry of a
distortion -factor nutter IDFMI-A dis-

tortion -factor meter (DFM) is an instrument designed for measuring the
total harmonic

(THD) of

distortion

0
A.-.
- ---.
___,---

i

amplifiers and similar devices. This is
accomplished by applying the distorted

signal to the input of the instrument,
nulling -out the fundamental frequency
by a highly selective RC network and
then measuring the remaining harmonics in percent of the fundamental
frequency, including the harmonics. It
will be noted that the measurement is
made of the total remaining harmonics;
therefore, unless other means are used,
the individual harmonic amplitude cannot be determined from the instrument
reading. However, the distortion products can be observed with art oscilloscope or their individual amplitudes
measured by the use of a wave analyzer, as discussed in Question 22.65.
The discussion to follow will apply generally to any type DFM employing an
RC null network of the Wien -bridge or
parallel -T configuration. The variable

....---2.":

.......'"

..... .., .
''...-.'."' " :: ::::

Fig. 22-62A. Marconi Instruments Ltd. (England) Model TF 2331 distortion factor
meter. lCourtasy, Canadian Marconi Co.)
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Fig. 22-628. High -Pass filter network for aft

ng power -line frequencies.
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Fig. 22-62C. Weighting network used for noise measurements.
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Fig. 22-62E. Frequency characteristics of Marconi DIM meter null network, with
high-pass filter for reducing hum frequencies.

components for nulling out the fundamental frequency may be resistive or
capacitive.
Fig. 22-62A shows a completely transistorized
distortion -factor
meter,

bandwidth of either 20 kHz or 100 kHz
may be selected and in addition, a highpass filter having a characteristic as
given in Fig. 22-62B. may be switched
in to eliminate power -line frequencies

Model TF 2331, manufactured by Marconi Instruments, Ltd., of England. This
instrument measures total harmonic

from the measurement. Noise can be
measured using the same two band-

distortion (THD) in the fundamental

or via a weighting network with a

range from 20 to 20,000 Hz. A distortion

characteristic as shown in Fig. 22-62C.

widths as for distortion measurements,
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Fig. 22-62F. Conversion graph for indicated distortion and true distortion.
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Fig. 22-62G. A 1000 -Hz signal with second- and third -harmonic distortion.
This response was originally defined by
the CIFF as standardized by the British
Standards Institution.
The cUstortion-measuring rejection
network consists of a selective amplifier

tuned to reject the fundamental frequency component, and a wideband
voltmeter to measure noise and distortion content. Terminals are provided in
the metering circuit for connection of
an external oscilloscope. The character-

istic of the rejection network, tuned to
reject 1000 Hz (lowest null point of the
meter), is given in Fig. 22-62D. The
network has a rejection (when properly

circuit is an average -reading meter and

subject to error, as set forth in Question 22.103.

Distortion -factor meters measure
distortion relative to the total signal
(fundamental plus harmonics) rather

than to the fundamental alone. Below
10 -percent distortion, the discrepancy
between

the

fundamental

frequency

alone and the fundamental plus the
harmonics is negligible, but it can be-

tuned) of at least 60 dB, with a second -

come quite large above 10 -percent distortion. If a conversion from the indicated distortion to the true value of distortion is important, it can be made by
the use of the chart in Fig. 22-62F and

harmonic attenuation of less than 0.5

will hold true for any type of meter of

dB at 1000 Hz, 1 dB up to 6000 Hz, and

those under discussion. The distortion
as read on the instrument is shown at
the bottom of the graph, with the correction shown at the left vertical margin. As will be noted, no correction is

2 dB up to 20,000 Hz. With the highpass filter (low -frequency cutoff) in
the circuit, the rejection characteristic
is that shown in Fig. 22-62E. The meter
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Fig. 22-62H. Distortion measuring section of Marconi Instruments Ltd. Model
TF2331 distortion -factor meter.
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Fig. 22-621. Voltmeter section of Marconi Instruments Ltd. Model TF2331 distortion -factor meter.
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Fig. 22-62J. Power -supply section for Marconi Instruments Ltd. Model TF 2331 distortion -factor meter.

Fig. 22-62K. General Radio Co., Model I 932A distortion and noise meter.

required below 10 percent; however, at
30 -percent distortion, the true distortion is 31 percent, and at 50 percent
true distortion is 57 percent. It is true
that such distortion values are not normally found in conventional equipment.
However, in certain types of equip-

ment the distortion may be intentionally high; therefore this factor must be
taken into consideration when this type

of DFM is used. The spectrum for a
1000 -Hz

signal

having

second-

and

third -harmonic distortion is shown in
Fig. 22-62G, including hum and noise
frequencies.

ance at

the base of transistor Q1

is

quite low. Resistors RV1 and RS in series with the input signal determine the
input level for the 1- to 10 -volt range.
At maximum sensitivity, corresponding
to an input voltage of 0.6 volt, the impedance is at its minimum (6200 ohms)
and rises to 100,000 ohms at 10 volts.
When the DFM input range switch is
set to the 10- to 30 -volt range, attenu-

ators R2 arid R3 are introduced. The
latter prevent large variations in input
sensitivity from affecting the impedit remains at a nominal
100,000 ohms from 10 to 30 volts. Tran-

ance, and

Referring to the schematic diagram
of Fig. 22-62H, two input impedances
are available-a GOO -ohm impedance
and a high impedance that varies from

sistor Q1 is a phase splitter and pro-

6200 to 100,000 ohms, depending on the

fundamental -frequency rejection net-

amplitude of the incoming signal. Because of negative feedback, the imped-

work. Overall negative feedback taken
to the base of Q1 through R17 and C18

vides two outputs of opposite phase and
amplitude (2:1) to drive a Wien -bridge

type of network. This network is the

TEST EQUIPMENT
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Elementary diagram for General Radio Co., Model 1 93 2A distortion
and noise meter.

from Q4 serves to flatten the skirts of
the network response and to prevent a
sharper null response to the selective
amplifier.
Transistor Q1 is critical with respect
to noise and distortion and its operating
conditions provide a compromise between the two. The emitter load resistor

vided by the network. Variable resis-

is 750 ohms, with a collector load adjust-

passed by the capacitor C20 to maintain
the high -frequency response. Output

able at a nominal value of 1500 ohms,
by the phase -balance control. Resistor
RV6 in the collector circuit is a 10 -turn
precision potentiometer adjustment. The
collector load feeds the series RC

tors RV2 and RV5 are ganged together

to form the Main Tune control, and
RV3 and RV4 (also ganged together)
form the Frequency Balance control.
Buffer transistor Q2 is a silicon emitter follower, with amplifier Q3 providing the gain. The emitter of Q3 is by-

stage Q4 is also an emitter follower. The

branch of the rejection network, and
the emitter load of the parallel RC

100,000 -Hz bandwidth is determined by
C30, and the 20,000 -Hz range is determined by C23 and C30 in parallel. The
output signal may be passed through a
weighting network which simulates the

branch. At least R0 -dB rejection is pro-

human ear characteristic (Fig. 22-62C).
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Referring to Fig. 22-621, input transistors Q5 to Q7 combine to form the
equivalent of a cathode follower with
an overall gain of approximately unity.
Transistor Q5 operates at a collector
current of 10 µA. It produces a current
gain sufficient to drown the noise of Q6,
but produces very little noise within itself, thus resulting In low noise plus a
high input impedance.
Emitter follower Q7 has a 2000 -ohm
load resistor in its collector circuit to
feed the following attenuator, which is
controlled

by

the voltmeter range -

selector switch. Since the attenuator itself presents a 2000 -ohm load, the resultant ac collector load is 100 ohms.
Fine -adjustment attenuator (R52 to
R61) is a simple potentiometer with
four 10 -dB steps, providing 10-, 20-,
30-, and 40 -dB losses for the 10-, 3-, land 0.3 -volt ranges respectively. When

the voltmeter range is set for 0.1 volt
and the fine attenuator switch out, the
input is attenuated 50 dB by R40, R41,
and RVIO (frequency compensated by

C40 and C41). When the voltmeter
range is lowered, the four 10 -dB steps
are again switched in.
Transistor Q13 is the first transistor
of the main voltmeter amplifier and has

a gain on the order of 3. The base of
buffer emitter -follower Q14 is biased by

dc feedback from the output stage. Resistor R78 provides preliminary bias to
protect Q15 from saturation when the
instrument is turned on. Amplifier stage
Q15 is a pnp-type transistor. Its gain is

adjusted by the ac -coupled Calibrate

distortion products, or a wave analyzer
for measuring the amplitude of the individual harmonics.
The metering circuit consists of two
diodes connected in a full -wave bridge
rectifier circuit. It will be noted the
rectifier circuit is not returned to
ground through the feedback loop, as is
done in many wide -range sensitive
voltmeter circuits. Total harmonic distortion may be measured from 0.10 percent full-scale to 50 percent, and noise
level to 80 dB below a reference level
of 1 milliwatt.
The schematic diagram for the power
supply section is given in Fig. 22-623
and may be either battery operated or
from the ac mains. As such power supplies have been discussed elsewhere, it
will not be discussed here, except to call
attention to diode MR6 in series with
the negative terminal of the battery, to
provide protection against accidental

reversal of the battery polarities.

A second distortion -factor meter,
Model 1932A, manufactured by General
Radio Co., is shown in Fig. 22-62K. This
instrument is completely vacuum -tube
operated. An elementary diagram of its
circuitry appears in Fig. 22-62L. The
principal components are a high -gain
amplifier system, with an RC interstage
coupling unit that is balanced to a sharp
null using a variable air capacitor (in
contrast to the Marconi instrument
using resistance) in a parallel -T network. This system is followed by a vacuum -tube voltmeter of high sensitivity.
Degeneration is used to maintain a high

preset potentiometer on the front panel.
The collector circuit is composed of
3000 -ohm resistor R84 and 1000 -ohm

degree of stability and ensure a wide

R85 in series, the latter resistor being
decoupled with 10-µF capacitor C61 to
flatten out the low -frequency response.
Driver transistor Q16 has its dc conditions set by RV14, so that the output
transistors have a centralized dc output

switched out of the circuit for making
noise measurements of the equipment
under test. When the network is balanced, the fundamental frequency is reduced 80 dB or more, leaving only the
harmonics. These harmonics are measured as a whole and are indicated on
the meter as total harmonic distortion

to prevent limiting or low gain. The
output stage consists of Q17 and Q18
connected in push-pull. Their bases arc
clamped 6 volts apart by diode MR11.
Each emitter circuit has a 220 -ohm resistor in series with an 820 -ohm resistor
bypassed by a 500-µF capacitor to stabilize the ac gain and dc operating con-

ditions. Output terminals taken from
the emitter of Q18 appear on the front
panel for the connection of an oscilloscope to observe the waveform of the

frequency response. The null frequency
is continuously variable and can be

(THD).

Two input circuits arc provided, 600
obms
(internal impedance:
10,000
ohms) for balanced and unbalanced -

line operation, and a direct connection
into

a
100,000 -ohm
potentiometer
grounded on one side. Fundamental
frequencies of 50 to 18,000 Hz and har-

monics up to 55,000 Hz may be measured. Full-scale readings of 0.3, 1.0, 3,
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10, and 30 percent are provided, with a
100 -percent scale for setting the initial

jecting the fundamental frequency, operating with two control loops for auto-

input level. The meter is calibrated to

matically tuning the two legs of the

indicate both percent distortion and decibels, and it will indicate noise levels
80 dB below a reference calibration

bridge circuit which rejects the fundamental frequency. Distortion is read di-

level, or 80 dB below zero dflm. The

percent distortion and decibels. The
meter may also be used to measure the

ballistics of the meter arc similar to the
standard VU and volume indicator
meters. Terminals are provided at the
rear for rack mounting. Push buttons
ore used for selecting the meter sensi-

tivity and the frequency range of the
null network.
To operate either of the previously
described instruments, the procedure is
the same except for slight differences in
the terminology used with the controls.
The proper input impedance is selected
for the device from which the signal is
to be obtained. Set the controls to Calibrate. Adjust the variable calibrate
control for a 100 -percent deflection of
the meter. Set the controls to Distortion
with the main dial set to the fundamental frequency of the signal under measurement. Select the proper frequency

range for the null network. Tune the
main dial and trimmers for a minimum
(null) reading of the meter. Continue
this procedure,

increasing the meter
until a range is reached

rectly on a meter calibrated to read
internal noise of the device under test.
Instruments designed for use in the
broadcasting industry may include an
rf detector for measuring percent distortion of the modulated carrier. Such
an instrument, the Model 334A, manufactured by the Hewlett-Packard Co., is
pictured in Fig. 22-63A. The instrument
to be discussed is completely solid state.
Referring to the block diagram in
Fig. 32-63/3, at the upper left is an a -m

detector which is used to detect the
modulating signal from an rf carrier.
The rf components are filtered from the
modulating signal, which is then applied to an impedance converter circuit.
For distortion measurements the impedance converter provides a low -noise
input circuit, with a high impedance independent of the source impedance at
the terminals. it also provides unity gain

between the input of the instrument
and the input of the rejection ampli-

sensitivity
where the sensitivity cannot be further

fier. The input signal is applied to the

increased. Read the distortion, taking

switch SI and a 1-megohm attenuator
S3 The attenuator network provides 50
dB of attenuation in 10 -dB steps The
desired attenuation level is selected by
sensitivity switch S2. The rejection amplifier consists of a preamplifier, a Wien
bridge, and a bridge amplifier. A sensi-

into consideration

the

meter

range.

Thus, if a minimum balance is on a 1 percent scale and the meter reads 3, the
THD is 0.3 percent. The distortion mea-

sured is that of the remaining harmonics, which may be identified by displaying the waveform on an oscilloscope.
22.63 Describe an automatic -nulling

distortion meter.-An automatic -nulling
distortion analyzer consists fundamen-

tally of a Wien -bridge circuit for re -

impedance converter through function -

tivity vernier control, ftl. at the input
of the preamplifier provides a set -level
signal to obtain a full-scale reading on

the meter for any voltage level at the
input of the instrument.

Fig. 22-63A. Hewlett-Packard Model 334A automatic null distortion analyser.
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Fig. 22-63B. Block diagram for Howlett -Packard Model 334A automatic null distortion analyzer.
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With function switch Si in the set level position, a ground is applied to
the Wien -bridge circuit to allow a signal reference level to be set on the
meter. With the function switch in the
distortion position, the Wien bridge is
used as an interstage coupling network
between the preamplifier and bridge
amplifier. The Wien bridge is tuned
and balanced to reject the fundamental
frequency of the applied signal. Two
automatic loops consisting of two phase
detectors, lamp drivers, lamps, and photocells provide fine tuning and balance
the automatic mode. The remaining fre-

quency components are applied to the
bridge amplifier and are measured as
distortion by the metering circuit.
Negative feedback from the bridge
amplifier to the preamplifier narrows

the normal rejection response of the
Wien bridge, similar to that shown in
Fig. 22-62D. The output from the rejection amplifier is applied to the metering circuit through a post attenuator. This attenuator limits the input
signal applied to the metering circuit to
1 millivolt for full-scale deflection. Out-

put terminals in the metering circuit
permit the connection of an oscilloscope

for observing the character of the distortion components.

tors Cl and C2. The bridge is further
balanced by fine balance control R2. In

the automatic mode, fine tuning and
balancing are accomplished by photocells PC1, PC2, and PC3 connected in

the resistive and reactive legs of the
bridge circuit. Error signals for driving
the photocells are derived by detecting
the bridge output, using the input signal as a reference.
When the Wien bridge is not tuned
exactly to the frequency to be nulled, a
portion of the fundamental frequency
will appear at the output of the bridge.
The phase of the signal will depend on
which leg of the bridge is not tuned or
on the relative error in tuning, if
neither is set correctly. The magnitude
of the signal is proportional to the mag-

nitude of the tuning error of either or
both legs of the bridge. The control
loops derive their information from a
common source and develop two independent control signals for nulling the

two legs of the bridge. These control
voltages are used to vary the brilliancy
of lamps LI and L2, which in turn
cause a resistance change in the photocells which are a part of the bridge cir-

cuit. With the bridge in tune and balance, the voltage and phase of the fundamental frequency appearing at the

In the voltmeter mode of operation,
the input signal is applied to the impedance converter through a 1:1 and
1000:1 attenuator. The 1:1 ratio is used
in the 0.0003- to 0.3 -volt position of
meter range switch 53, and the 1000:1
ratio is used in the 1- to 300 -volt range

junction of the series reactive and shunt
reactive legs is the same as at the mid-

position. With the function switch in the
voltmeter position, the output of the

bridge offers various degrees of attenuation and phase shift, which cause a

Impedance converter bypasses the rejection amplifier and is applied to the
metering circuit through the post-attenuator network.
The rejection circuit consists of the

voltage at the output points of the

bridge. This voltage is amplified by the
bridge circuit and applied to the metering circuit.

preamplifier, Wien -bridge resistive leg,
the automatic control loop and its asso-

of the bridge amplifier is applied to the

ciated

lamp and photocell,

and the

bridge amplifier. In the distortion position, the Wien -bridge circuit is used as
a rejection filter for the fundamental
frequency of the input signal. The

bridge circuit is connected as a inter stage coupling network between the

preamplifier and the bridge amplifier.
The bridge is tuned to the fundamental
frequency of the incoming signal by
setting frequency range switch S4 to
the applicable range and tuning capaci-

point of the resistive leg. When these
two voltages are equal and in phase,
the fundamental frequency is balanced
out.

For frequencies other than the

fundamental the reactive leg of the

Negative feedback from the output
preamplifier to narrow the frequency
rejection characteristic of the bridge.
However, the normal rejection characteristic of a Wien bridge is not constant.
Typically, the second harmonic is atten-

uated several dB more than the third,
and the third more than the fourth. The
use of negative feedback sharpens the
rejection characteristic considerably, as
shown in Fig. 22-62D. When the fundamental frequency is 1 kHz or higher, a
T -filter section may be switched in the

output of the bridge amplifier, which
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sures the distortion factor by suppressing the fundamental frequency by the
use of a second signal which is of the
same frequency and amplitude, but
180 degrees out of phase with reference
to the signal being applied to the input

attenuates 50- or GO -Hz components 40

dB (100:1), but offers no attenuation
to frequencies over 1 kHz (Fig. 22-62E).

The metering circuit consists of

a

bridge -type circuit with a diode in
each upper branch and a de milliameter

connected across the midpoints of the
bridge. Capacitors are also used in the
lower legs of the bridge and are an essential part of the feedback loop. The
mechanical inertia of the meter movement prevents the movement from responding to individual current pulses;

of the device under test. A block dia-

therefore the meter pointer reading
corresponds to the average value of

tal

gram of a typical phase -shift of distor-

tion -factor meter (DFM) with its ex
ternal

connection

given

Is

in

Fig.

22-64A.

The meter indicates the distortion
factor, which is the ratio of the rrns to-

distortion to the amplitude of the

fundamental frequency, including harmonics. This is accomplished by sup-

current pulses rather than to the peak
value. The meter is calibrated to read

pressing the fundamental frequency and
measuring the ems total of the remaining harmonics. Phase shift is achieved
by the use of a group of adjustable RC
phase -shifting networks operated from

the tins value of a sine wave. The power
supply is series regulated and has a
positive -negative 25-Vdc output.
The general characteristics of the
instrument are: input impedance, 1

the front panel.
Referring to the external connections
in Fig. 22-64A, the signal from the oscillator is split into two branches. The
first branch connects to a variable attenuator or gain set, to the iput of the
amplifier under test, and from the amplifier output to the DFM. The second
branch connects from oscillator to the
DFM through a 20-d13 pad in the cancellation signal loop. The cancellation

megohm shunted by less than 60 pF;
distortion measurement range, any frequency between 5 Hz and 600 kHz; distortion levels, 0.1 to 100 percent fullscale in seven ranges; elimination
characterstic fundamental rejection 80

dB; input sensitivity 0.3 volt tins for
100 percent.
22.64 What is a phase -shifter can-

cellation -type distortion -factor mcter?A distortion -factor meter which men -

signal

INPUT
VARIABLE
AT TENuA TOP

applied to

is

AMPLIFER

osc

TEST

phase -shifting

BRIDGING

LOAD

TERMINATION

AUDIO

a
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CANCELL A T ION

2009
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Fig. 22-64A Block diagram of external connections for a cancellation -type distortion meter.
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Fig. 22-640 Method of measuring total harmonic distortion with a bridge that is
frequency insensitive.
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network in the DFM. The meter is ad-

filter, so that any component of a com-

justed in the calibrate position for a
100 -percent deflection. The phasing

plex waveform can be extracted and

controls are then adjusted for a minimum reading on the DFM, by increasing the sensitivity of the metering circuit. When a minimum rending has been
obtained, the remaining indication is the

total harmonic distortion (THD) in percent of the fundamental
(See Question 22.62.)

frequency.

The distortion factor measured by
this meter may be evaluated;
D _ ,/ F' -4E

used to drive a graphic recorder or frequency counter. Such instruments operate on the superheterodyne principle,
much like a superheterodyne radio receiver, only in this instance the frequency band is generally confined to a
range of 20 Hz to 60 kHz.
The instrument consists of a local
variable oscillator, a highly selective
amplifier, and a wide -range metering

circuit The local oscillator modulates
the incoming frequency to produce a
constant difference frequency. This lat-

E., E., and E, equal the voltages of

ter frequency is applied to a narrow band intermediate -frequency (i-f) amplifier whose output voltage is propor-

E is the voltage of the fundamental
frequency, including the harmonic

tional to the magnitude of the incoming
voltage. The analyzer may also be con-

where,

the individual harmonic voltages,
voltages.

A second type of phase -shift distortion -factor meter is given in Fig. 2264B. This circuit is termed a "frequency insensitive bridge." The same results are
obtained as for the previous circuit, ex-

sidered to be a highly selective voltmeter.

The term "heterodyne" Is defined as
being a method of combining two frequencies in such a manner as to pro-

duce a third frequency which is

the

cept in a slightly different manner. In
this instance, after the amplifier output
level has been established, the circuit is
balanced by throwing phase switch Si
to one of two positions. S2 is placed in
the calibrate position and potentiometer
PI is adjusted for a reference full-scale
reading on the meter. Switch S2 is then
thrown to the distortion position and
the phase -shifting network is adjusted

sir

for a minimum reading on the meter.
Under a condition where E, equals Er,
the fundamental frequency of the input
signal is nulled out, leaving only the

harmonics and noise. Phase switch Sl
may have to be switched from zero to
the 180 -degree position to obtain the

lowest reading. The ratio of the volt-

Fig. 22-65A. Frequency characteristic of
typical quartz crystal intermediate frequency amplifier.

a

meter reading in the calibrate and distortion positions (null) is the total har-

monic distortion (THD) in percent of

to

the fundamental frequency.
22.65 Describe the basic principles
of a harmonic wave analyzer. A wave
analyzer is an instrument designed for
measuring the amplitudes of the individual components of a complex waveform such as might be encountered in
making harmonic or intermodulation
Harmonic
distortion
measurements.
analysis of both acoustical and mechanical motion can be analyzed by the use
of a proper transducer. Wave analyzers

Fig. 22-650. Selectivity curve for on 1-1
amplifier using positive and negative

can also serve as a tunable narrow -band

feedback.
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result of beating the first two frequencies together. The beat frequency

may be either the sum or difference of
the two frequencies and is the basic
principle used in wave analyzers.
The local oscillator of the wave analyzer is caused to beat with the frequency under observation, and the resulting beat frequency is applied to the
selective amplifier. The amplitude of the
beat frequency is measured at the am-

plifier output with a calibrated vacuum -tube voltmeter.

The selective or i-f amplifier may be
one of two designs: quartz crystal or
positive and negative feedback. In the
older crystal designs the bandwidth of

The local oscillator must be of stable
design, and it may be either an RC or
LC type. In both designs the shaft of
the tuning capacitor is connected to a
dial on the front panel. The dial is calibrated in terms of frequency, from 20
to 60,000 Hz, although the actual frequency range of the local oscillator is
100 to 160 kHz. The frequency of the
local oscillator depends on the frequency of the signal under observation.
The local -oscillator frequency is either

the sum or difference of the i-f amplifier frequency and the input signal frequency. As an example, assume the analyzer uses a tuned amplifier of 50,000
Hz and the signal under measurement is

the i-f amplifier was generally about
4 Hz, while those using the feedback
principle could be adjusted by the op-

400 Hz. The local oscillator must be

erator from a few hertz up to about 200
Hz. Typical selectivity response curves
for a quartz crystal and negative feedback -type analyzers are given in Figs.
22-65A and B respectively. Modern
wave analyzers are of transistor design,
using i-f bandwidth amplifiers, variable
in fixed steps ranging from 3 to 50 Hz.
The advantage of the variable selectivity analyzer over the fixed selectivity

beat frequency between the incoming
signal and the local oscillator of 50,000

type is that if a harmonic analysis is
being made of a device which has mechanical motion such as a disc, tape, or
film recorder, a certain amount of flutter is encountered. If the selectivity of
the intermediate amplifier is too great,
the signal passes

in and out of the

selective amplifier passband, making the

measurement of low amplitudes difficult. A selective amplifier with variable
bandwidth may be adjusted for a bandwidth suitable for a given measurement.
If the signal source is steady, such as

would he obtained from an oscillator,
either type of analyzer is satisfactory.

tuned to a frequency of 49,600 Hz (49.6

kHz). This frequency will produce a
Hz (400 plus 49,600). Another example is

if the incoming frequency is 16,000 Hz,
the local oscillator must be set to a frequency of 34,000 Hz. The beat frequency
will also be 50,000 (16,000 plus 34,000).

The scale of the indicating meter is
calibrated in volts; however, it may be
read directly in percentage, if desired.
The dial of the local oscillator is calibrated in audio frequencies so that the
amplifier output is proportional to the

amplitude of the frequency to which
the local oscillator is

set. An inter-

nal means of calibration

is provided
whereby a signal of known amplitude is

applied for adjusting the gain of the
intermediate amplifier for a standard
output. Once this adjustment is made,

the meter is reading directly in volts.
Wave

analyzers

employing

negative

feedback in the intermediate amplifier
are quite similar in their operation to
the quartz -crystal type; therefore, it is
unnecessary to go into the details of
their design.
Wave analyzers are used to measure

the distortion of a complex waveform
by measuring the amplitude of the individual harmonic voltages. The total
harmonic distortion may be computed:
% Dist. =

%f.'

where,

f, and f, equal the amplitude of

Fig. 22-65C. Marconi Instruments Ltd
(England) Model TF23 3 0 Ware Analyzer.

the individual harmonic voltages in
percent of the fundamental frequency.

A model TF2330 wave analyzer manufactured by Marconi Instruments, Ltd.,
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Fig. 22-65D Simplified block diagram. for Marconi Instruments Ltd. Model TF2330
wave analyzer.

of England, is shown in Fig. 22-65C.
This instrument operates on the superheterodyne principle and covers a frequency range of 20 Hz to 50 kHz, using
an intermediate frequency of 100 kHz.
Referring to the block diagram in Fig.
22-65D, the incoming signal is fed via
an input attenuator to an input amplifier. The signal then passes through a
low-pass filter to a ring -bridge modulator. The low-pass filter ahead of the

modulator prevents any 100 -kHz component in the input signal from reach-

ing the intermediate amplifier stages.
Also fed to the ring -bridge modulator is the output of a variable -frequency local oscillator, ranging from
100 to 150 kHz. The resulting difference

signal from the ring -bridge modulator
is fed to the first part of a crystal filter.
having a 7 -Hz passband. This 100 -kHz

difference signal is then amplified and
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Fig. 22-65E. Simplified block diagram for General Radio Co. Model 1900-A ware
analyzer.

passed to the i-f attenuator, a ladder
network having six steps of 10 dB each.

From the attenuator the signal goes
to the second part of the crystal filter
and another amplifier stage. The latter

is followed by the i-f amplifier which
has adjustable gain set by the calibration control. The i-f output signal is fed
to the meter amplifier and a rectifier
circuit. A linear meter scale is obtained
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with an output voltage of 15 volts. The

instrument may be operated from the
ac line or external batteries. The device is completely transistorized, with
the components mounted on printed circuit boards. The local oscillator is
tuned by an iron -dust tuning core actuated by a precision lead screw of 10

turns per inch. The required tuning
range of 100 to 150 kHz is achieved by
a movement of 0.85 inch, or 8.5 turns of
the dial. The appropriate portion of the
Fig. 22.65F. General Radio Co., Model
1900-A wave analyzer.

by having the rectifier circuit in a negative feedback loop of the amplifier. A
separate output from the meter amplifier is used for automatic frequency
control (afc) purposes, and when mixed
with the local oscillator output provides
the restored frequency output.
Permeability tuning is used in the
local -oscillator circuit with padder and
trimmer inductances in the tuned circuit to enable the frequency to be adjusted for

a

precalibrated frequency

the afc signal which

applied to a
voltage -variable capacitor included in
the tuned circuit. A restored frequency
output is derived by combining the i-f
signal with the local -oscillator output
in another ring -bridge modulator. The
difference frequency, being that of the
is

scale is indicated by a colored marker
behind the dial.
A simple mechanical computer is
used to combine the functions of the
two attenuators. A dial mounted in the
voltmeter

range -switch

spindle,

but

driven by the maximum input switch,
is printed with full-scale values. The
dial is viewed through a window on
the front panel arranged so that only
seven ranges are visible at one time,
this being the coverage of the meter
range switch.
Fig. 22-65E is a simplified block dia-

gram for a General Radio Co. Model
1900-A wave analyzer. The incoming
signal to be analyzed is applied to a calibrated attenuator, then passed through

a phase splitter and into a balanced

filtered and

modulator circuit, where it is then heterodyned by a local oscillator. The frequency of this local oscillator is adjusted so that the difference frequency
between it and the desired component
(harmonic) is 100 kHz, the frequency

amplified before being fed to the output terminals via the Output Level

of the intermediate amplifier. The i-f
amplifier is highly selective, but it can

control.

be adjusted for a bandwidth of 3, 10, or
50 Hz by means of a front -panel control. The 100 -kHz signal from the filter
is amplified and adjusted by means of
a second attenuator. The signal is then

original input signal,

is

A beat -frequency oscillator (BFO)
output is similarly derived by combining the output from a separate 100 -kHz
crystal oscillator with the local oscillator output. A signal taken from the output amplifier via a detector comparator
provides an error signal which is added
to the feedback of the 100 -kHz oscillator to control its amplitude. This results
in a signal of stable output level, which
is utilized by also making it the calibration reference used when the gain of
the voltmeter section is set up. A relay
switches the reference signal to the input amplifier. The same 11200 -kHz crystal

is used for both the discriminator and
the oscillator, since the two circuits are
not used simultaneously.
Power for the instrument is derived
from a series stabilized power supply,

indicated on a meter. In one mode of
operation

the signal

is

heterodyned

back to the original frequency and is
indicated on the front panel as Filtered
Input Component (Fig. 22-65F). In the
second mode the local oscillator is
caused to beat with a 100 -kHz quartz
crystal oscillator and the combination
functions as a beat -frequency oscillator. This output is also available at the
front panel and is indicated as Tracking

Analyzer.

The frequency of the local oscillator

is made adjustable over a frequency
range of 100 to 150 kHz by means of
two large coaxial frequency knobs. The
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difference between the actual oscillator
frequency and the 100 -kHz intermediate freqnency is indicated on a counter dial combination. A capacitor in the oscillator circuit, with its dial on the panel

ferred to as phase generators. A Model
PG -3 phase generator, manufactured
by Theta Instrument Corp., is pictured
in Fig. 22-68A. The internal circuitry of
such a device is given in Fig. 22-68B.

indicating Of (delta f), can be used to
change the indicated frequency plus or
minus 100 Hz of any indicated setting

It consists of four coils attached to a

the frequency controls. A front panel adjustment provides a three speed response for the meter movement,
of

slow, medium and

fast.

The slower

speeds are recommended for noise mea-

surements. The analyzer pictured may
be mechanically coupled to a graph
level recorder.

dial calibrated 0 to 360 degrees, with a
vernier scale for reading fractional
parts of a degree.
To determine the phase shift of a device, the phase generator is connected
as shown in Fig. 22-68C. Initial calibration is made by first bypassing the device with the unknown phase shift

(shown by dotted line), and applying
the test signal to the X and Y axis of

22.66 What is a cross -modulation
oscillator? --A special type of modulated
oscillator used when recording variable area sound tracks on photographic film
for motion pictures. The cross -modulation oscillator permits the determination
of the correct negative and print densities. Such oscillators are discussed in

the oscilloscope to determine the internal phase shift of the oscilloscope amplifiers. The phase -generator dial is
rotated until a vertical straight line
appears on the scope. The dial of the
phase generator is then set to read zero

Questions 18.230, 18.235, and 23.185

the

What is o cross -modulation
readout pencil-A filter panel used for
22.67

measuring the distortion components of

a cross -modulation test for the determination of negative and print densities
when recording on motion picture film
using a variable -area recording system.
This equipment is discussed in detail in
Question 18.234. (See Question 22.66.)
22.68 What is a secondary phasestandard?-It is a device for shifting the

phase of an electrical circuit a given

and locked. The device with the unknown phase shift is then returned to
circuit, and the phase -generator
dial is again rotated for a straight vertical line. The reading of the phase generator dial is the phase shift in electrical degrees of the device under test.

If a considerable amount of distortion
is present in the signal, the line will be
looped and may be difficult to determine accurately.
A more accurate measurement may

be made using the circuit of Fig. 2268D. Here, the device of unknown phase
and the phase generator are connected

mining the unknown phase shift of a

to a transformer T1, a bandpass filter,
and a sensitive voltmeter. The filter has

device. Generally, such devices are re-

a passband suitable for the frequency of

number of electrical degrees, or deter-

the test signal. The dial of the phase
generator is rotated until the voltmeter
indicates a null. At this point the device of unknown phase and the phase
generator are in phase.
RI

Fig.
PG -3,

22-68A. Phase generator Model
manufactured by Theta Instrument Corp.

Fig.

R3

22-688. Internal connections of
typical phase generator.

a
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V

AC DEVICE OF
UNKNOWN PHASE

0

PHASE
GENERATOR

Fig. 22-68C. Phase generator connected for determining the phase shift of an unknown device.
VOLTMETER

AC DEVICE OF
UNKNOWN
PHASE

Fig. 22-68D. Phase generator connected to indicate the phase -shift of an unknown
device using a transformer, bondposs filter, and sensitive voltmeter.
22.69 Describe the function and
basic components of a cathode-roy oscilSoscope.-A cathode-ray oscilloscope is

components. Cathode -ray -tube display

an electronic instrument for displaying
a visual curve of an electrical quantity

they may be 8 inches or larger. The

function of a second electrical
quantity or time. An oscilloscope is not
a device within itself for accomplishing
a purpose or for performing a designed
as

a

operation on an electrical signal, but

rather an instrument which will dis-

screens are generally 3 or 5 inches in
diameter; however, in some instances
phosphor coating of the screen can be
of long, medium, or short persistence,
depending on the display required. Provision is generally made for mounting
a camera over the graticule for photographing the display. The graticule may
be mounted external to the tube face,

play the electrical characteristics of the
circuit to which the oscilloscope is

or etched on the interior side of the

connected.

22.113.)

Many different types and designs of
oscilloscopes are available. Oscilloscopes

may be obtained with the horizontal
and vertical amplifiers as an integral
part of the instrument, or in plug-in
forms which supply the circuitry for
single-, dual-, or multiple -trace displays or other functions. The circuitry
may be solid state or vacuum tube. In
many models the instruments are of
the hybrid type, utilizing the best features of vacuum tubes and solid-state

display area. (See Questions 22.88 and

A basic block diagram of the components and controls for a typical oscilloscope is given in Fig. 22-69A The components consist of a vertical -amplifier
input attenuator A, vertical amplifier B,
cathode-ray tube C, sync -amplifier attenuator D, sync circuit E, sweep generator F, horizontal -amplifier input attenuator G, and horizontal amplifier H.
Two switches, SI (a sync -drive selector switch) and S2 (a horizontal -amplifier input switch), along with the power
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Fig, 22-69A. Simplified block diagram for a cathode-ray oscilloscope. The amplifiers
and associated components may be either solid-state or vacuum tubes.

'

Fig. 22-698. Basic principle of drawing out waveforms on a cathode-ray tube using
a sawtooth oscillator.
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supply J complete the major components.

When a waveform is to be observed,

the signal voltage is applied to the input of the vertical amplifier, shown at
the upper left in the block diagram.
The vertical amplifier applies the signal
to the vertical deflecting plates of the
cathode-ray tube which causes the
beam to be deflected in a vertical plane.
In the meantime a sweep (or sawtooth)

oscillator, working through the horizontal amplifier, deflects the beam in
the cathode-ray tube from left to right
in a horizontal plane.
U the linearity of the sweep oscillator is uniform and its frequency is

eqnal to, or a multiple of, the waveform under observation, a stationary
pattern or image will appear on the
cathode-ray tube screen. The resulting
image is the vertical voltage plotted
against time in a horizontal plane. The

ratio of the frequency of the vertical
voltage to the frequency of the sweep
voltage will determine the number of
cycles that will be displayed on the

oscillator which also contains a large
number of harmonics
The waveform of the sweep generator is a ramp or sawtooth voltage and,
when applied to the horizontal deflection plates of the cathode-ray tube,

causes the beam to move from left to
right at a constant rate of speed, and
then rapidly return to the left to start
over again.

While the sweep oscillator is moving
the beam in a horizontal plane, the signal voltage applied to the vertical plates

of the cathode-ray tube moves in a
vertical plane. These two forces, one
horizontal and the other vertical, trace
out the shape of the waveform under
observation on the fluorescent screen
in multiples of the applied frequency,
or as a single trace depending on the
frequency of the horizontal oscillator.
A sawtooth voltage as applied to the
horizontal plates of an oscilloscope is
shown in the upper portion of Fig. 2269B. It will be noted the voltage rises

from point A to point B at an even
rate of speed, pulling the beam in the

To have a wide range of use, the

cathode-ray tube across the screen from
left to right. This rise is called the

amplifiers in a cathode-ray oscilloscope
must have broad frequency response.
low distortion, and negligible phase

linear time rise. At the end of the cycle
the voltage returns to the ease line at
point A,, which is the same as point A.

shift. A properly

In the short time interval indicated at
C, the beam returns to the left to start
over again. The change from right to
left is extremely fast and blanked out
by a blanking pulse which cuts off the
beam, to ensure that no return trace
will be seen. The drawing in the lower
portion of Fig. 22-69B shows how the
sawtooth voltage and the vertical sig-

screen.

designed

cathode-

ray oscilloscope will display sawtooth,
sine -wave,
triggered
pulses, and complex waveforms without
distortion.

square -wave,

Complex waveforms contain many
which must be amplified
proportionally to appear on the cathode-ray tube in the same phase relaharmonics

tionship as when applied to the input of
the vertical amplifier.
Theoretically, a square wave is composed of a fundamental frequency and
an

infinite number of odd harmonic

frequencies all in phase. If a square
wave is passed through an amplifier
with a poor frequency characteristic,
the waveform will be distorted and the
flat portions will no longer he flat but
irregular and slanted. Therefore it is
highly important that the amplifiers in

an oscilloscope have a wide -frequency

bandwidth (to 1 MHz) and be capable
of passing all frequencies that go to
make up a square wave. The horizontal

amplifier must also have a good frequency response because it must pass

the sawtooth waveform of the sweep

nal trace out the waveform pattern un-

der observation on the screen of the
cathode-ray tube.

The simplest method of obtaining a
gradual rise time followed by a rapid
discharge time is by charging and discharging n capacitor in a relaxation os-

cillator or multivibrator. To obtain a
stationary image on the screen, the pe-

riod of the sweep oscillator must be
exactly equal to, or a multiple of, the
period of the waveform being displayed.
For perfect synchronization of the
sweep oscillator, a small portion of the

input signal voltage is applied to the
sweep oscillator circuit. This control
voltage, called the sync voltage, triggers
the sweep oscillator at exactly the correct interval of time. Synchronizing
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pulses may also be obtained from an
external source. (See Question 22.59.)

To display the waveform patterns
properly, two positioning controls are
provided which apply a do voltage to
the horizontal and vertical deflection
plates.

Adjustment of these controls

permits the image to be moved either
in a vertical or horizontal direction, to
center the image on the screen. The
movement of the image in no way affects the display.

To accelerate the electron beam in
the cathode-ray tube to a high velocity,
a potential of several thousand volts is
required between the cathode and the
accelerating anode. As the elements re-

quire only a few milliamperes of current for their operation, the power sup-

ply may be made quite simple. The
amplifiers and associated equipment re-

quire a source of well filtered dc. This
is obtained from a full -wave regulated
power supply with a heavily shielded
power transformer. The cathode-ray
tube employs a voltage of several thou-

sand volts, supplied from a half -wave
rectifier. A magnetic shield is placed
around the cathode-ray tube to protect
it from stray magnetic fields. Cathoderay tubes are discussed in Question
11.91.

22.70

Describe an oscilloscope using

a plug-in preamplifier.-A basic oscilloscope made by Marconi Instruments,
Ltd., and shown in Fig. 22-70A, is de -

signed for plug-in preamplifier operation. Basically the instrument (without
the plug-in preamplifier) consists of a
cathode-ray tube, power supplies, horizontal amplifier, time base, and trigger

circuits. At the lower left of the main
frame is an opening for inserting a
vertical preamplifier unit. The plug-in
unit pictured is a dual -trace preamplifier. By loosening a knurled nut at the
lower edge, the unit may be interchanged with a single -trace preamplifier or one with other characteristics.
An interesting feature of this instru-

ment is that in addition to the use of
the graticule for time and voltage measurements, an alternate system of measurements is provided which is inde-

pendent of the amplifier gain settings
and gives greater accuracy for both
axis. This sytem uses the shift method,
in which the trace is first positioned
with respect to a convenient reference
point on the graticule, and then repositioned by a second shift control to bring
another point on the trace against the
reference. The second shift control is a
potentiometer which is supplied with
a stabilized dc voltage, and introduces
known voltages into the deflection amplifiers. Its scale is graduated in terms
of the vertical (Y axis) input voltage
or in terms of the time base according
to the axis.

The right-hand portion of the instrument is occupied by two time -base
generators and the function and trigger
circuits. Direct access to the CRT deflection plates for certain measurements
is made possible by removing a portion
of the outer case.

A block diagram of the basic unit
with the connections for a plug-in am-

plifier unit (upper left of diagram) is
given in Fig. 22-70B. The bandwidth
and sensitivity arc dictated by the particular preamplifier in use. For a single trace unit it is dc to 40 megahertz, and
for a dual -trace unit it is dc to 35 megahertz at a sensitivity of 50 millivolts
per centimeter.

Fig. 22-70A. Marconi Instruments Ltd.
(England) Model TF-2200 cathode-ray
oscilloscope designed for plug-in preamplifier operation. The preamplifier is
plugged -in

at the lower left. (Courtesy,

Canadian Marconi Instruments Ltd.)

Controls arc provided on the dual trace plug-in unit for operating either
of the two inputs separately or simultaneously, or they may be selected to
provide the following displays:

Dual trace, alternate sweep input A
and B
Single trace, channel A only
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Fig. 22-70B. Block diagram for Marconi Instruments Ltd., !England) Model TF-2200
cathode-ray oscilloscope, designed for plug-in preamplifier operation.

Single trace, algebraic sum of A and
B

Single trace, channel B only
Dual trace, chopped between A and
B

Each input may be reversed separately and coupled for ac or dc operation. Isolation between inputs is 60 dB.

Interior views of this instrument are
given in Figs. 22-70C and D.

A Model 32 dual -trace plug-in pre-

amplifier with test probes, manufactured by Tektronix, Inc., is pictured in
Fig. 22-70E. A Model 564 oscilloscope
using plug-in preamplifiers and time base appears in Fig. 22-70F. This instrument is of the storage type in
which waveforms may be superimposed
on the screen and held up to 1 hour,
permitting, comparison of several waveforms without resorting to photography.
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Fig. 22-70C. Left side interior view of Marconi Instruments Ltd. (England) Model
TF-2200 oscilloscope. (Courtesy, Canadian Marconi Instrument Ltd.)

Fig. 22-70D. Right side interior view of Marconi Instruments Ltd. (England) Model
TF-2200 oscilloscope. (Courtesy, Canadian Marconi Instrument Ltd.)
The display may be erased in 0.25 sec-

ond. The instrument shown is using a
differential amplifier and time base of
given characteristics
waveforms generated
machine.

for
by

observing
impact

an

22.7 7
Describe the circuitry for a 5 inch cathode-ray oscilloscope.-A front panel view of a Model KG -2000 Allied
Radio Corp. 5 -inch cathode-ray laboratory oscilloscope is given in Fig. 22-

71A.
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12 DUAL RAU ITIUG IN UNIT

22-70E. Tektronix Inc. Model 82 dual -truce plug-in preamplifier and test
probes. With this unit both the input and output waveforms of a device under test
Fig.

may be displayed simultaneously.

Fig. 22-70F. Tektronix Inc. Model 564 storage oscilloscope, using plug-in differential amplifier and time base.
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Below the graticule arc two positioning controls used for centering

the

cathode-ray tube (CRT) beam spot on
the vertical and horizontal graticule
reference lines. Below the vertical positioning control is a compensated vertical amplifier input attenuator, calibrated in volts per centimeter. This
control is of coaxial construction (as
are the others) with a variable gain
control in the center. At the right,
under the horizontal positioning control, is

a

time -per -centimeter sweep

control, calibrated in milliseconds and
microseconds per centimeter. The small

knob of this assembly is A multiplier
for the large knob. Below this control
is a variable control operating in conjunction with the sweep control.
At the right of the panel are five
coaxial -type controls. Starting at the
top, the first control adjusLs the beam
of the CRT for astigmatism and turns
on and off the power to the instrument.
The second knob assembly adjusts the
intensity and focus of the CRT beam.
Below this is a trigger slope and preset
control. The fourth assembly is a trigger
input selector switch and trigger sensi-

tivity control. The fifth and bottom
knob assembly selects the horizontal
input and provides gain control for an
external signal.

Along the bottom edge of the panel
is a male -type BNC coaxial fitting for
applying the input signal to the vertical amplifier. To the right of the coax
fitting is a switch for selecting either a

dc or ac input circuit for the vertical
amplifier. A terminal post supplies an
external source of 0.10 volt pk-pk, 60
Hz for test purposes. The next three
terminals arc for the connection of an
external capacitor in the sweep circuit
for very slow sweep times, and an ex-

ternal signal input for the horizontal
amplifier. The second coaxial fitting is
for an external trigger input circuit.
Before starting a detailed description
of the instrument, the general characteristics should be discussed. The
wide frequency response to 5 MHz per-

mits the display of pulses of fast rise
time. Trigger and amplifier circuits are
dc coupled throughout for application
of very low frequencies or where dc
levels must be displayed. Vertical displacement indicators above the CRT
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22-71A. Allied Rod°, Corp. Model KG -2000 oscilloscope.

1315

TEST EQUIPMENT

-

2

0
Sids

ssi
11;
tog

1;0

via

Fig. 22-718. Block diagram for Allied Radio Corp. Model KG -2000 oscilloscope.
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provide a quick check if the beam has
been deflected off the scale. The horizontal displacement design is such that
the image is never off scale to the left
or right side of the graticule.
Preset lock -in of the vertical signal
eliminates the need for synchronizing
the sweep with input signals of varying
amplitudes or frequencies. The preset
feature may be disabled when required.
A separate control permits locking -in
of any portion of a signal, with a choice
of either a positive or negative slope.
The circuitry is that of a trigger -driven
sweep. Only signal levels large enough
to deflect the CRT beam Si centimeter
will permit triggering. The sweep speed
is adjustable from 1 microsecond per
centimeter to 50 milliseconds per centimeter, and can be increased beyond

to 0.05 volt/cm positions of S2. In the

100 milliseconds by the connection of an
external capacitor greater than 0.10 µF.

novel gain control. This continuously

three most sensitive positions of S2, V2
acts as a grounded -grid cathode -drive

amplifier. The output is RC coupled
from the plate of V2 to the grid of V3.
The use of a grounded -grid preamplifier
stage prevents an undesirable phase inversion, when switching from 0.05- to
0.02-volt/cm sensitivity. To prevent
accidental overload by a dc level, in the

high -sensitivity position an input coupling capacitor is automatically switched

into the circuit to override the ac, do
input switch Si.
Tubes V3 and V4 function as voltage
amplifiers and phase inverters for driving the push-pull stages which follow.
These tubes arc cathode coupled, with
V4 being operated as a grounded -grid
stage. The cathode circuit employs a

provided at the graticule

variable control is the volts/cm variable
control (RI68) on the front panel. The
gain of V3 and V4 depends on the signal
amplitude developed across their cathode resistors. With control R168 set to

for mounting a standard oscilloscope

its minimum resistance, the calibrate

camera.

position, the cathodes are connected

An expanding or magnifying circuit
spreads the image five times to permit
viewing minute portions of the display.
Studs

are

To facilitate the description of this
instrument, the front -panel view,
schematic and block diagram are keyed

with the same symbols. As the block
(Fig. 22-71B) is traced, the
schematic diagrams should be referred
to for clarification
Referring to Fig. 22-71B, at the upper
left the vertical amplifier system is
direct coupled throughout for all vertical deflection sensitivities down to 0.05
volt/cm. The addition of an RC -coupled
preamplifier stage further increases the
sensitivity down to 0.005 volt per centimeter. The attenuator divides this sen-

diagram

sitivity down in eight steps to 20 volts
per centimeter. Preamplifier V2 adds a
gain of 10 and three additional high gain positions to the attenuator. Input
attenuator S2 consists of four independent precision voltage dividers connected in various combinations to provide 12 steps of attenuation. A constant
input impedance of 1 megohm shunted

by 40 pF is maintained in all switch
positions. This permits the use of a low capacitance probe without sacrificing

accuracy of calibration.
Tube VI, a 6DK6 pentode, functions
as an input cathode follower. The low impedance output of this stage is coupled directly to the grid of V3 in the 20

directly together. This is the condition
of maximum gain since all of the common cathode resistor signal it, being
applied to V4. RI9 and R21 are in
parallel and arc simply adding to the
value of R20. However, as the effective
resistance of R168 is increased, R19 and

R21 start to function as independent
cathode resistors. This induces negative

into their respective stages.
With resistor R22, the balance adjustment control properly set, the variable
control will not shift the trace. The
oppositely phased signals appearing at
feedback

the

plates of V3 and V4 are direct

coupled to V6A and V5A respectively.
Shunt peaking is used to preserve the
wide bandpass characteristic. Positioning is provided by dual control R30.
Tubes V6A and V5A functioning as

cathode followers are directly coupled
to the grids of the deflection amplifiers.
Deflection

amplifiers V5B and V6B

employ low -resistance plate loads and
shnnl and series peaking, to extend the
response well beyond 5 MHz.
Neon tubes 11 and 12, the vertical
position indicators above the graticule,
are connected across deflection -amplifier plate -load resistors R39 and R45.
V21, the sync amplifier, functions as a
differential amplifier. Signals from VGA
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and VSA, applied to the two control
grids, yield an output at the plate of

This has the effect of extending the
linear portion of the voltage -vs -time

V21 only when they are out of phase.

curve of the RC network. The charging

Common -mode signals such as hum or

voltage is supplied by the cathode of

noise from the power supply are not
amplified by V21. As a result, false

V1213,

triggering

of the sweep current is
eliminated. This stage is also direct

whose voltage rises with the
sweep to maintain a constant voltage
across the charging resistor, thereby
supplying constant current to the tim-

coupled and adjustable for dc balance
by R48. The output of this stage oper-

ing capacitor.

ates the trigger circuit in the internal

timing resistor and capacitor are
selected by sections of S6. Provisions
for the connection of an external capacitor greater than 0.1 kiF make sweep
speeds lower than 100 ms/cm possible.
Resistors R89A and R139B (a two -gang
variable control) provide sweep speeds

ac and internal dc trigger modes. Neon

lamps El and E2 are used as voltage
translators to couple changes in voltage
from one dc voltage level to another.
The horizontal amplifier (Fig. 2271D) consists of two dual-purpose
tubes, V13 and V14. Switch S7, the horizontal -input amplifier switch, selects
the desired input to the amplifier. In the

XI position, 20 percent of the sweep
circuit sawtooth voltage is tapped off by
a precision resistor voltage divider and
applied to the amplifier input. With S7

in the internal X5 position, all of the
sawtooth amplitude is applied to the
amplifier. Since this expands the entire
sweep five times, the part seen on the

screen appears to be magnified. Any
portion of the sweep can be brought
into the screen with the horizontal positioning control 889.
When S7 is placed in the external
signal position, a signal is applied to
coaxial fitting J4 and fed to the amplifier In the line position a 60-11z sinusoidal voltage from a heater winding is
applied to the amplifier. In the external
signal or line positions, the signal can

be continuously attenuated by RI01,
the external line gain control. The horizontal amplifier is direct coupled
throughout. Tube V13A is an input

cathode follower and provides a high
input impedance. Tube V14A amplifies
the output of V13A and apples it to
deflection amplifiers V14B and V13B.
The deflection amplifiers also serve as a
cathode -coupled phase inverter to pro-

vide the necessary phase reversal at
the plate of V138, with respect to the
plate of V1413, to operate the CRT deflection plates push-pull.
The sweep circuits (Fig. 22-71D)
provide accurately calibrated, linear,
sweep voltages for the generation of a
linear time base. Linear sawtooth generation is obtained by adding an incremental voltage to the charging voltage
applied to the sweep -timing capacitor.

For each sweep range the correct

other than those available at the step
positions of the time/cm switch.
The sweep is controlled by a gate
voltage generated by V9, a bistable
cathode -coupled multivibrator. Negative pulses from the trigger multivibrator, V8, are applied to the grid of

V9A. A negative pnlse cuts off V9A
while turning on V9B to apply a gate
of negative voltage to the grids of V11A
(unblanking amplifier)
and
VII B

(sweep gate tube). VI1A and VI1B
cut off simultaneously so that the sweep

begins at the same instant that a step

of positive voltage from the plate of
VI1A unblanks the CRT.
Two neon -tube voltage translators
E3 and E4 couple the multivibrator
gate to VIM. The gate adjust control
R80 sets the gate signal with reference

to ground, but has little effect on the
height of the gate. Resistor R80 is
adjusted for proper gate operation,
complete cutoff alternated with full
saturation of Vii. When V11B is cut
off, the tinting capacitor begins to
charge. The charging current flows
through V12A back to the power

supply. V12A is driven by V12B, which

in turn is driven by the sawtooth voltage developing at the plate of V1113.
This completes the bootstrap feedback
loop. Sweep voltage to drive the horizontal amplifier is taken off the cathode
of V1213.

Potentiometer R96, the sweep calibrate control, varies the slope of the
sweep sawtooth voltage by setting the
charging voltage. Two neon tubes ES
and E6 provide a constant de voltage,
tapped by It96, to supply the desired
charging voltage. Sweep start control
R93 sets the dc level at which the sweep
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begins, fixing the undeflected spot at
the left of the screen.
Part of the sweep sawtooth voltage
is applied to V10B, the charging cathode

follower. C25 and R163 form a fixed,
parallel RC circuit in the cathode of this
tube. The sawtooth voltage developed

at VIOB is coupled to the grid of the
hold -off cathode follower, VIDA. The
voltage at the cathode of this tube is
coupled to the grid of V9A. When this
positive voltage reaches sufficient amplitude, V9 flips back to Its original
stable state with V9A conducting. The

voltage at the plate of V9B instantly
rises to B+ potential, saturating VI1A
and VI1B. This blanks the CRT and
causes the beam to almost instantly
retrace. The timing capacitor quickly

de positions and through capacitor C17
In the two ac and line positions of S3.
V7 is a cathode -coupled amplifier and
phase inverter which provides a choice

of trigger slope. In the plus (+) position of the trigger slope switch, the
output is selected from the plate of
V7A while the V7B plate is grounded
through C19. Since only a negative going output signal can trigger the next

stage, V8, the sweep will start on the
positive -going portion of the incoming
signal. There is a 180 -degree shift in
the V7A. In V7B, however, there is no
phase inversion because this stage is
cathode driven. Therefore, in the minus

(-) position of the trigger slope control with the output taken from V7B,
the sweep starts on the negative slope

discharges through V11B. If it were not

of the incoming signal. Trigger level

for the action of the hold -off circuit,
another sweep would be initiated by

control R58 sets the de operating levels

the negative trigger pulses at the grid
of V9A before the timing capacitor was
completely discharged.
The hold -off circuit, VIDA and VIOB,
prevents Immediate decay of the positive voltage being applied to the grid of

V9A at the end of the sweep. Instead,
a parabolic decay shape is introduced

at the end of the sawtooth by an RC
network in the cathode of V1OB. This
gives sufficient time for complete discharge to the timing capacitor before
the V9A grid voltage falls to the level
below which a negative trigger pulse
will flip the gate multivibrator back to
its other stable state
Potentiometers R159 and R74, the
stability and stability range adjust-

ments, set the operating levels of V9
for stable synchronization. If the stability control is advanced too far clockwise, V9 becomes astable and a free running unsynchronized sweep occurs.
A synchronizing source for the sweep
circuits is selected by switch S3. the

trigger input switch. In the internal ac
and internal dc positions a portion of
the signal under study is used as a
trigger source. This sync output is taken
from sync amplifier V21 (Fig. 22-71C).
In the external ac arid external dc positions, the triggering source is intro-

duced at external trigger coaxial jack
J4. In the line position the line frequency feeding the instrument is used
to trigger the sweep circuits.
The

trigger

signal

is

introduced

directly at the grid of V7A in the two

of V7, thereby controlling the gain of
this circuit.
Since the output of V7 is direct
coupled to the trigger multivibrator
tube V8, trigger level control R58

determines the exact point of the displayed waveform at which the sweep
triggers.

In

the

preset

position,

the

trigger level has no effect, because
switch S5 (on switch S4) closes, connecting the control grid of V7B directly
to ground. Any signal above a minimum

level will trigger the sweep when the
trigger level control is in preset position.

The trigger multivibrator, V8, is a
Schmitt trigger which employs a penfor the input section for fast
switching. This circuit produces square
waves at the frequency of the incoming
tode

signal. The square wave is differentiated by C22 and R70, producing short duration negative pulses
(positive
pulses are suppressed by diode CR1)

for the purpose of triggering the gate
multivibrator.
In the quiescent state, tube V8A is
held in conduction by a positive control -grid bias, while V8B is cut off.
When a negative signal is applied to

the grid of V8A this section irnmediately cuts off and the output section
conducts heavily, generating a negative
step. V8A remains cut off until the grid

of this tube is driven positive again by
the incoming signal The circuit immediately switches back to its original
state, awaiting the next negative -going
trigger signal.
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The power supply (Fig. 22-71E) provides four basic potentials--mmus 150
volts, plus

160

volts,

plus 365 volts,

minus 1900 volts. All of these potentials
are regulated. The minus 150 -volt

supply is extra well regulated and is
used as a reference voltage for the
other three supplies. Heater power is
supplied by two windings on power
transformer T1. One winding is center tapped and grounded, while the other

winding is biased at plus 135 volts to
prevent

heater -to -cathode

excessive

potentials on the tubes.
An accurate 0.1 -volt peak -to -peak
reference voltage is also supplied at the

front panel. A half -bridge circuit employing a selected No. 1490 bulb and a

precision resistor voltage divider provides good regulation of this reference
voltage.

The minus 150 -volt supply consists of
a full -wave silicon -diode rectifier circuit

and a series regulator plus a pentode
amplifier circuit. Series regulation takes
place between the positive side of the

parasitic -suppressor

resistor,

to

the

grid of the series regulator V17B. To
increase

the current capacity of the

supply, R130 is in parallel with V17B
from cathode to plate.
The plus 365 -volt supply consists of

a full -wave bridge rectifier circuit and
a series regulator with a cascade amplifier. Two of the silicon diodes in the
bridge circuit, CR2 and CR4, arc shared

with the plus 160 -volt supply. Operation of this regulator is the same as in
the 160 -volt circuit. Resistor B139 reduces the regulator -tube current requirements by shunting current around
V18B.

As in most oscilloscopes, the high
voltage required to operate the CRT is

negative with respect to ground, because the vertical and horizontal deflection plates are 200 volts above gronnd.
This is the result of the direct eonpling
employed. This negative potential is

regulated against both load and line
voltage changes. Unregulated de vol-

supply and ground. Tube VI6A, the

tage is developed by a half -wave rectifier V20 and an RC filter network. The

power

regulator

bottom of ground end of the trans-

driven by a "starved -current" pentode
V15. Reference voltage for this error
amplifier is created by two neon lamps
E8 and FS. A portion of this constant

former winding that supplies the high voltage ac is connected to the plate of

triode,

is

a

series

voltage is tapped off by 11146, the minus
150 -volt adjust control. The amplifier is
cathode driven through a constant -

voltage -dropping neon lamp El. Thus
any tendency for the minus 150 -volt
potential to change is coupled through
E7, without attenuation, to the cathode

of V15. Since the grid of this tube is
held constant, the change in cathode
voltage constitutes an input voltage.
This change is amplified and applied to

the grid of V16A, which in turn increases or decreases the conduction of
the tube to return the potential to minus
150 volts.

V19B. The cathode of V19B is connected
to the minus 150 -volt reference voltage.
A voltage divider composed of R148,
R149, unblanking adjustment control

R150, and 8151 feeds an error voltage

to the grid of V19B. Thus, regulation
takes place by moving the whole high voltage winding of T1 up or down, with
respect to ground.
Focus and CRT grid -to -cathode bias
voltage is obtained from a second high -

voltage divider. This divider is made
up of RI53A (the intensity control),
R153B (the focus control), and R158.
With the proper setting of intensity
control R153A, the CRT beam is just
cut off during the absence of sweep.

The plus 160 -volt supply consists of
a full -wave silicon -diode rectifier circuit and a series regulator with a cascade error -amplifier circuit. The cascade amplifier V16B and V19A provides gain and stability. Reference voltage from the minus 150 -volt line is
applied to the grid of V1613 through

When sweep occurs, a positive voltage
taken from the plate of unblanking am-

RI26 and R172. Error voltage is applied
to the grid of V17A from R127 and R128,

attenuation. Thus V22 functions like the
neon lamps used elsewhere, to translate

a precision voltage divider. The amplified error voltage appearing at the plate
of V17A is coupled through R129, a

a voltage change at one voltage level
to the same voltage change at another
voltage level.

plifier (VI1A) is applied to the grid of
the CRT through V22. Tube V22, a
1750 -volt corona regulator, couples the

change in voltage at the plate of VI1A
(at about 160 volts) to the grid of the
CRT (at about 1600 volts) without
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22.72 Give the circuit for a highgoin differential plug-in oscilloscope
amplifier. - The primary purpose in

using a differential amplifier with an
oscilloscope is to eliminate undesirable
common -mode signals. The term "common -mode signal" is defined as that
signal which is common to both inputs
of the differential amplifier. Usually,

but not necessarily, one signal is an
unwanted hum voltage. This mode of
operation can be used, for example, to
observe the signal across one circuit
element while effectively eliminating
the remainder of the circuit from the
This is accomplished by
connecting one signal to input A of the
differential amplifier and the second
signal to input B. Differential or common -mode rejection ratio is a function
of frequency in practical amplifiers. Depending on the design of the amplifier.
observation

band, decreasing as the frequency increases.

As an example, consider two signals,
one of 10,000 Hz and one of 60 Hz, are
intermixed, as shown by the upper
trace of Fig. 22-74A. It can be seen
that such a signal becomes quite con-

fusing when displayed. A differential
amplifier may be used to an advantage
to reject the unwanted 60 -Hz signal
and permit a satisfactory display of the
10,000 -Hz signal, as evidenced by the

lower trace of Fig. 22-72A. Using the
amplifier to be described, this is accomplished by the use of an external
filter trap to block the desired signal
from one input while the mixed signal
is fed to the other input (Fig. 22-728).
Since the unwanted 60 liz is common
to both inputs, it is greatly attenuated
by the difference amplifier, while the
10,000 -Hz signal is relatively unaffected

as 20,000:1 for dc common -mode signals, and it will remain near these

is fed to one channel only. If
probes are being used, they must be
matched quite closely; if their internal

values throughout the audio -frequency

resistance is not the same, the common -

this ratio may be 5000:1 or even as great

since it

Fig. 22-72A Top trace shows the appearance of

a 10,000-tis signal intermixed
with 60 -Ha hum. The lower trace shows the 10,000 -Ha signal after passing through
a

differential ornplIbcr.
DESIRED SIGNAL
PLUS UNWANTED SIGNAL

MIXED SIGNAL
PLUS UNWANTED
SIGNAL

FILTER
TRAP

NI -0

UNWANTED

SIGNAL

-0 INPUT

TUNED TO
FREQUENCY
OF DESIRED

SIGNAL

Fig. 22-72B. Tuned -filter trap in the external circuitry of a differential amplifier to
block the desired signal from being received by one input while the mixed signal is
fed to the other input.
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rejection ratio will suffer be-

cause of the greater attenuation of one
signal over the other.

The circuitry for a high -gain differential plug-in preamplifier is given in
Fig. 22-72C. This amplifier is designed

be used with a basic oscilloscope
designed for plug-in amplifier use. The
gain of the circuit is adjustable over a
range of 1 millivolt to 300 volts in 15
to

provide high -frequency compensation.
Similarly, in the x1000 position, the
signal is attenuated by R53, R50, R49,
and R52, and compensated by CEI, C9.
and C28

Channel 13 input is applied to V2, a
12AUT with its two halves connected in

cascode to provide high gain with low
internal noise. Input signals at the grid

of V2A appear at the plate of V2A,

fixed steps, operating in conjunction

amplified and 180 degrees out of phase

with a continuously variable gain control. Two modes of operation are avail-

with the input. Since theV2A plate is
tied to the cathode of V2B, the signal
is further amplified in V2B. However,
no phase change takes place in V2B

able, either straight single -channel am-

plification or as a differential amplifier
with a two -channel input and a single channel differential output. A six -posi-

tion selector switch provides ac or dc
input coupling, input A or input B
separately, or both inputs, for differential output.
positions are:

The

selector

switch

Dc coupling
Dc coupling

input A only
input B only
Dc coupling differential mode
Ac coupling
input A only
Ac coupling
input B only
Ac coupling differential mode.
coupling is used between all
stages of the amplifier, with a choice of
Dc

ac or dc coupling at the inputs. In the
nc positions of the input selector switch
SI, Cl and C2 hlock the dc components
of any signal at inputs A and B. In the
dc position of Si, these capacitors are
shorted out, allowing dc information
and very low -frequency signals to pass
to

input tube Vl. When input A

is

selected (either ac or dc), input B is
grounded, and vice versa. In the differ-

ential positions both inputs are open
and signals at input A and input B are
fed into the amplifier.
Since channels A and B arc identical
in

operation, only channel B will he

described. As shown in the schematic
diagram, when input selector switch Si
is in the B -dc position, input A is
grounded by switch SIA grounding the

which

functions

as

a

grounded -grid

amplifier (grid at ac ground) Therefore, at the plate of V2B the signal is
180 degrees out of phase with the input
of V2A.
Tube Vi, another 12AU7, is operated
in a manner similar to V2, but the grid

of VIA is grounded because SI, the
input selector, Is in the B -dc position.
A signal is introduced to the cathode

of VIA from the cathode of V2A, in
phase with the input to V2A. No phase

inversion takes place in VIA or VIB,
since both function as grounded -grid
amplifiers. Consequently, the output at
the plate of V1B is in phase with the
input signal, whereas the output as the
plate of V2B is out of phase with the
input signal. The gain of VI and V2 is
balanced within a few percent because
of the relatively high value of the
common cathode resistor, R4.
Tubes VI and V2 are direct coupled
to V3 (12DK6) and V4 (12DK6) pushpull amplifiers. Since the output of the

amplifier must he at a dc level of plus
100 volts to supply the correct bias for

the input tubes of the main vertical
amplifier, V3 and V4 outputs are
dropped across frequency -compensated
attenuators R2I, R22, C21, R34. R35,
and C22 and applied to the control grids

of the output stage. Output stage V5
(12AU7) is a dual triode connected as
cathode followers to deliver the signal

grid of VIA. A signal introduced at

to the vertical amplifiers in the main

input B is brought directly through SIB

frame. V6, another 12AU7, functions as
a voltage control to supply the 50 volts

to S2, the millivolt/multiplier switch.
In

the xi position,

the

signal goes

through to 1(31 and to the grid of V2A,
a 12AU7 connected as a cascode amplifier. In the x 100 position, before the

signal is applied to the grid of V2A, it
is first attenuated by a voltage divider,
R51, R47, R46. Capacitors C7 and C10

required to bias the grids of VIB and
V2B. and the 200 volts for the V3 and
V4 plates.

The mV/cm switch, S3B, provides a
choice of six precision resistors which
change the plate -to -plate feedback and
consequently the gain of V113 and V2B.
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S3B when used together with S2 provides 15 different calibrated sensitivities.

Since the balance of the two channels

extremely important, especially for
function, controls are

is

the differential

provided to balance each stage. Resistor
R46 balances the attenuation in the 100

position of mV/mutt; in the 1000 position R49 provides the balance. Resistor
R8, the front -panel differential balance

control, equalizes the gain of VI and
V2 by controlling the de grid voltage
of V113 and V2B. Tubes VI and V2 are
also balanced by adjusting balance controls R.58 (coarse) and R56 (fine.) These
controls set the dc voltage for their
respective tubes.
Front -panel calibrate control R15
and gain adjust control R14 are in
series between the cathodes of V3 and
V4, and vary the gain of this stage because the two cathodes are out of phase
and coupling between then is degenera-

tive. The gain adjust control sets the
proper range for the calibration control.

In the fully clockwise position of this
calibration control, the calibrated sensitivities are accurate. Rotating the cali-

bration control counterclockwise provides continuously variable sensitivities
between the calibrated values. If the

cathodes of the V3 and V4 are not in
exact de balance, the trace will shift
vertically when the calibration control is turned. To prevent this effect
R16. the attenuation balance control is
used to vary the relative screen voltages of V3 and V4, thus controlling
the dc currents through these tubes to
bring the cathode voltages into balance.
Since there is no dc drop across R14
or R15 the trace will not shift when the
calibration control is used.

Vertical position control R24 (front
panel) and vertical range R27, a screw-

driver control, vary the de output voltage at V5A and V5B to produce a ver-

tical shift trace. Resistor R27 sets the
range of R24 to permit vertical centering when R24 Is in the center of its
rotation.

In the differential mode position of
the

input selector switch, the signal

from input A is applied to the control
grid of VIA, while the signal from
input B is applied to the control grid of
V2A. Since the cathodes of these two
tubes are tied together, the signals from
Inputs A and B appear at both cathodes.

Therefore, VIA and V2A act as difference amplifiers, amplifying the difference between the grid and cathode,
which in this instance is the difference

between A and B input signals. In
practice, since there is a slight difference in amplitude between the signal
applied to the control grid of one tube
arid the cathode of the other tube, a
small amount of the common signal will
get through to the second stage.
Tubes V3 and V4 act as a push-pull
amplifier for the desired difference sig-

nal. This provides further elimivation
of any common signal present because
the common signal is applied to both
grids in phase and therefore it cancels

out in push-pull operation. The pushpull amplifiers In the main frame pro-

vide further elimination of the common signal.

Plug PI at the extreme right of the
diagram is attached to the rear of the
plug-in amplifier chassis and mates
with a female receptacle for supplying
power and picking up the output circuits in the main frame. Although the
amplifiers discussed may not apply to
all oscilloscope main frames, the basic
principles of operation are the same.
22.73 Describe the circuitry for
dual -trace plug-in oscilloscope amplifier.

-Dual -trace oscilloscope preamplifiers
permit the simultaneous observation
and

display of two waveforms. The

waveforms may be the input and output
of a device under test or two separate
displays of waveforms in a system. The
waveforms may be viewed separately
or superimposed for comparison. Multiple -trace preamplifiers are not limited

entirely to the viewing of two waveforms, but may be obtained to display

up to four (or more) separate waveforms simultaneously.
The dual -trace unit to be discussed
has a bandwidth of do to 10 MHz (down
3 dB at 10 MHz. The input impedance
is 1 megohm shunted by 40 pF and is
constant; the rise time is 40 nanoseconds. The voltage range is 0.05 volt
to 20 volts per centimeter in nine steps
and operated in conjunction with a con-

tinuously variable gain control.
Referring to the schematic diagram
of Fig. 22-73, a signal connected to input

A is coupled to attenuator switch Si,
the polarity switch. The position of
this switch determines whether the
signal is ac or dc coupled to the input
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Fig. 22-73. Schematic diagram for a dual -trace plug-in oscilloscope amplifier.
:Courtesy, Allied Radio Corp.)
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attenuator network. In the ac position
the signal is passed through a 0.10 -AF
capacitor to hlock any dc component
in the input signal. Switch Si is also
used to attenuate the input signal.
From the attenuator switch the signal passes to the grid of the first amplifier stage, V1, connected as a cathode
follower to take advantage of the low
input capacitances inherent with low gain amplifier stages.

Tubes V2 and V3 form a cathodeconpled paraphase amplifier. The signal
from VI is impressed across the grid of

V2 and the cathode of V3. At V2 the
signal is amplified in the conventional
manner,

accompanied

by

the usual

phase shift. Tube V3, however, being a
grounded -grid amplifier, does not introduce a phase shift in the amplified sig-

nal. Consequently, the outputs of V2
and V3 are 180 degrees out of phase.
or in push-pull. From here the signal is
fed to the grids of V4A and V4B. Tube

V4 is a dual triode, with cathode follower outputs to polarity switch S2.

From this point the signal travels to
the main vertical amplifier in the oscilloscope main frame, through connector
P1.

The dual -trace feature is accomplished by the combined action of V9
and VlO. With the mode switch in the
alternate position, VID acts as a bistable
plate -coupled multivibrator. Due to the
inherent imbalance in multisection
tubes, one half of VIO will start to
draw current (V1OA for example),

causing its plate voltage to drop. This
lower plate voltage is reflected at the
grid of V9A as an increase in negative
bias, causing V9A to conduct less. Because of the reduced voltage at the
cathode of V9A, the plate voltage of
V2 and V3 is decreased to the point
where these tubes will not pass the
signal from channel A.
The negative -going cathode of V9A
also causes an increase of negative bias
at the grid of V1013, causing this section

to conduct less and thus increasing its
plate voltage. As the plate of V1OB becomes more positive, it reduces the bias
at the grid of V9B, causing this section
to conduct more with a consequent increase of cathode voltage.
As the cathode voltage of V9B increases, the plate voltage at V6 and VT

channel B. The positive -going cathode
of V9B reduces the negative bias at the
grid of VIOA, causing VIOA to conduct

more. This action tends to reinforce
itself and remains in a stable condition
until a positive pulse from the sweep
gate of the scope reverses the action.
The positive pulse from the sweep
gate (main frame) arrives at the cathodes of V1OA and V1OB through diode
CR1. The additional positive charge

on the cathode of VIOA is reflected as
an increase in negative bias on the grid
of this section, causing it to become
less conductive, with a consequent increase in plate voltage. This increase in
plate voltage reduces the negative bias
on V9A, causing it to condnct, which
raises the plate voltage of V2 and V3.
These tubes then pass the signal from
channel A.

The positive -going cathode of V9A
reduces the bias of V1OB, causing this
section to conduct. As the plate voltage
at V1OB is reduced, the negative bias at
V9B is increased, causing V9B to conduct less. Because of the reduced cathode voltage at V9B, V6 and V7 will not

pass the signal from channel B. The
multivibrator will remain in this second
state of stability until another pulse

from the sweep gate upsets the condition, causing the switching cycle to
repeat itself. The rate at which the
multivibrator switches from one channel

to the other is governed by the

sweep rate of the scope. With the mode
switch in the chopped position, V9 and
VlO form a free -running multivibrator
with a switching frequency of 100 kHz.
The switching frequency is determined

by the time constant of RC combinations C31 -R69 and C30 -R70.
Because grid -return resistors

R73

and R74 have been switched ont of the
circuit, the RC combinations become
active. Capacitors C30 and C31 alternately charge and discharge at their
respective sections of VIO, alternating
the voltages at the different tnbe sections in a manner identical to that explained for the alternate position. With
the mode switch S3 in the alternate

position, the two waveforms are displayed simultaneously from both chan-

nels and at a high sweep rate. In the
chopped position the waveforms are
also presented simultaneously, except

will be increased proportionally, causing

at a lower sweep rate By setting the

these tubes

switch to the A or B positions, only the

to pass

the signal from
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waveform from the indicated position is
presented. Position controls R2 and R53
separate the waveforms or superimpose
them for comparison. Their positions on

screen. In theory, a square wave is com-

the CRT screen may also be inter-

harmonics nor infinite bandwidth

changed vertically by these controls.

achieved. As a result, there is always
some rounding of the so-called square

The polarity of either the ac or dc inputs may be reversed 180 degrees by

posed of an infinite number of harmonics and is of infinite bandwidth. In
practice, neither an infinite number of
is

corners of the waveform. To display the

switches S2 or S.4. The necessary oper-

true waveform of a square wave gen-

ating voltages and output circuits are

erator, the bandwidth of the oscilloscope
used for the measurement must be con-

transferred through plug Pl, which
mates with the similar plug in the oscilloscope main frame. The input circuits
may be directly connected to the device

under test, or by use of the probes. A
dual -trace plug-in amplifier and oscil-

siderably greater than the bandwidth
of the generator and the circuit under
test; otherwise, only the bandwidth of
the oscilloscope is indicated. A perfect

loscope appears in Fig. 22-70E and 22-

square wave and one with rounded
corners (dashed lines) are shown in

70F.

Fig. 22-74A, with Fig.22-74B showing

Although the preceding dual -trace

amplifier may not be suitable for
oscilloscope

main

frames,

all

the basic

principles of operation are the same.
22.74 What is the rise time of on
oscilloscopoil-It is the time it takes for
a square -wave impulse to rise from 10
percent to 90 percent of its final ampli-

tude, as displayed on an oscilloscope

To measure rise time, the sweep
timing controls on the oscilloscope are
set for 0.5-as/cm division, with the
image spread 5 centimeters vertically.
After the image Is stabilized, a line is

drawn upward from the 10 -percent
point, and another drawn downward
from the 90 -percent point. The rise time

in microseconds is then the difference
between these two lines. The example

ROUNDED CORNERS

Sr

1

how rise time is measured.

shown indicates a rise time of 0.03 microseconds, or 30 nanoseconds.

Both the bandwidth of an oscilloscope and

Fig. 22-74A. Perfect square wave with
the rounded corners of a practical square
wave as shown.

its high -frequency cutoff

point have a direct bearing on the rise
time. It is standard practice to rate the
bandwidth of an oscilloscope at a point
where the frequency response is down
6
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Fie. 22-74B. Typical rise -time measurement.
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Recording galvanometers used in the
original RCA variable -area sound -on film motion -picture recording systems
(1928) used the principle of the Dudell

string oscillograph with certain modifications (Fig. 22-75B). Here, the mirror

is mounted directly on a pair of wires
in the form of a hairpin. The assembly
was placed in a magnetic field and a
light projected onto the surface of the
mirror and reflected back through an

POLE PIECE

Fig. 22-74C. Square waveform with over-

shoot, ringing, and droop, and the terminology used in measuring rise time.

3 dB with respect to a reference frequency, or about 30 percent. If a square wave generator is not available, the rise

time may be approximated fairly easy,
rise time is the reciprocal of frequency, or lit. Therefore, if an oscilloscope is rated 3 dB down at 5 MHz, the
rise time is approximately
as

t =

1

5 000 000

SL/SPENsioN

aNcHca

_ 0.00000002 second,

or 020 as
0.20

0.065 As = 65 ns

3

Many times a square wave, after passing
through a piece of equipment, will indicate ringing, overshooting, or rounding.
The terminology associated with wave-

forms of this nature is given in Fig.
22-74C. The waveform appearance of
the square wave should be monitored
each time the frequency is changed.
(See Question
22.75

Fig.

22.75A. Galvanometer movements
used en an oscillograph.

25.106.)

What is an escillogropht-It

is an electromechanical transducer employing a small mirror (0.10 -inch
square) mounted in a loop of wire. This
assembly is placed in a strong, permanent magnetic field (Fig. 22-75A). The
signal current flowing through the wires

causes them to react in the magnetic
field, resulting in a

rotating motion

proportional to the current through the
wires. A pinpoint of light is projected

on the surfaces of the mirror and reflected to
paper.

a

scale or

photosensitive

Fig. 22-75B Basic principles of an early
model

recording

galvanometer.
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optical system to the surface of a moving film. These devices had a frequency
response out to about 5500 Hz, but with

strong peak at that frequency. To
provide damping and reduce the peak
somewhat, the whole assembly was immersed in an oil bath.
Modern galvanometers permit the
user to select units with a limited frequency range, or one of several thousand hertz. Similar galvanometers are
available for use with direct current for
balancing bridge circuits. Light is projected un the mirror surfaces and reflected to a scale several feet in length
and mounted at a distance from the
galvanometer, thus expanding the rea

flection of the movement for precise
measurements. Galvanometers employ-

ing a small mirror are also called light reflecting galvanometers and are used

for scientific research and in graphic
recorders using light-sensitive paper.
22.76 Describe on ex
I oscilloscope calibrator and its use.-Many of

the older oscilloscopes did not employ
an internal voltage calibrator as do
most of the later designs. Voltage calibration was accomplished by applying
a known voltage from an external calibrating unit which developed a square
wave, then passed to a voltage divider
network calibrated in terms of peak -to peak voltage. A typical circuit for such

an external calibrator unit is given in
Fig. 22-76A.
The circuitry consists of 6A.I..5 diodes,

an internal calibrating resistor, and a
precision output attenuator. The power
supply furnishes both positive and
negative bias voltage to the diodes at a

voltage level of 75 volts. A sine -wave
voltage of approximately 300 volts is
taken

from one side of

the

power

transformer and applied to the clipper
diodes. Both sides of the sine wave are
clipped to form a square wave, which
is applied to a series calibrating resistor
111,

and also to

precision voltage

a

divider.

ITERNAL
CALIBRATE

475

PANEL
PrP MOLTS
XI
OUTPUT

rSOK

PI

Oily

x01

117VK

x001
MULTIPLIER

C

TEST *ANAL

CALIBRATOR
SIGNAL OUT

Fig. 22-76A. Schematic diagram for oscilloscope external voltage collbrator.
NT ERN&
CALIBRATE
COPPED PEAK

Fig. 22-768. Oscilloscope voltage calibrator using two sener diodes.
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at the top of the voltage dividing net-

the storage oscilloscope (Fig. 22-70F),
the long -persistence tube is not used to
any great extent, as it requires the CRT
regularly used to be removed physically

work. The divider network has five

from the oscilloscope and replaced by

positions: 0.001, 0.01. 0.1, 1.0, and an off

the long -persistence tube.

position. In this latter position, the signal under measurement bypasses the
internal circuitry of the calibrator unit,
permitting it to be applied directly to
the input of the oscilloscope.
To measure the amplitude of a signal
displayed on an oscilloscope, the signal
under measurement is first referenced

Another interesting and useful oscilloscope Is the split-screen type, which

When initially calibrated, series calibrating resistor R1 is adjusted for exactly 100 volts peak -to -peak (707 rms)

on the graticule, and the signal from
the calibrator unit applied to the input.
Potentiometer P1 and the multiplier of
the calibrator are adjusted for an equal
deflection on the CRT. When the two
signals are equal, the voltage is read
from the calibrator potentiometer and
multiplied by the multiplier dial.
A somewhat simplified calibrator is
shown in Fig. 22-76B. Here two zener
diodes connected back to back develop
a square wave by clipping the peaks of
the sine wave. The signal is then fed to
a voltage divider. As the voltage divider
in Fig. 22-76A and this unit operate at
60 Hz, no compensation Is required
aross the resistors.

It should be kept in mind that an

is capable of displaying a moving image
on one half the screen, while storing an

image on the other half: or, the entire
screen may be used in the conventional

manner. Independent control of both
halves of the screen permits an image
to be stored for reference on one half
the other half for displaying waveforms
for comparison. Either half of the screen
may be erased or the storage facilities
reversed.
22.78

What is Z.asis or intensity
modulation of a cothoderay tube?- It is
a circuit for varying the intensity of the

cathode -ray -tube beam, by applying an
external signal between the cathode and
ground. This modulation method is used
for precise measurements of time.

Either a pulse or square wave may he
used. The application of a positive pulse
increases the intensity of the beam,
causing a series of dots, while a negative

pulse blanks out the beam, causing a
series of dashed lines (Fig. 22-78).

The calibrator may read in terms of

22.79 Why ore electrostatic deflection circuits used almost exclusively in

peak -to -peak or rrris voltage; this must

oscilloscope deflection

be taken into consideration when the

cause

is calibrated. As a rule,
calibrating devices arc designed to read
peak -to -peak voltage. The line voltage

circuit requires no appreciable current
for its operation while magnetic deflection circuits require a considerable
amount of current. Also, magnetic deflection circuits induce a frequency
characteristic which is undesirable in
a measuring device as it may induce

oscilloscope is a peak -reading device.

oscilloscope

for either type must be fairly well regulated to maintain the accuracy of calibration.

Oscilloscopes with built-in calibrators generally employ a multivibrator
circuit, followed by a cathode follower
tube, with a precision voltage divider
in the cathode circuit. A square wave

an

circuits? - Be-

electrostatic -type deflection

provides a flat -top signal, which is much
easier and more accurately adjusted to
a reference line than the peak of a sine wave signal.
22.77 What is the purpose of
long -persistence screen in a cathoderay
tube?-To better observe low -frequency
waveforms at low repetition rates; also,

(a) A blanking

to preserve the image over a period of
seconds or minutes for superimposing
other images over the original for comparison or photography.
However, since the development of

(b) An intensify-

pulse.

ing pulse.
Fig

12-78 "Z" axis modulation of the
beam in a cathode-ray tube.
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distortion of the waveforms under observation Magnetic deflection is quite
satisfactory in television circuits, however, because they operate at a fixed
frequency.
22.80 How are frequency -response
characteristics of an oscilloscope stated?

the log -scale in the center. The term
"writing speed" is analogous to the ASA

"exposure index" used for rating the
sensitivity of photographic film. For
high-speed transients the exposure is
very

short

(short -persistence

phos-

phors). For extremely short exposures

of bright-

-When the frequency response is rated

the reciprocal relationship

dc to 10 MHz (10 MHz down 3 dB) it

ness and exposure no longer holds true,
and the ASA index loses its significance.
22.84 What is a blanking pulse?-A
pulse used in a cathode-ray oscilloscope

means the frequency response is flat to
some reference frequency, then down
3 dB at 10 MHz. Three dB down is about
30 percent, or the oscilloscope has 70
deflection at 10 MHz, compared with 100 -percent deflection at the
reference frequency.
22.81 What effect doer on input
Percent

attenuotor have on the frequency characteristics of an oscilloscope? --The input attenuator, unless especially designed,

will affect the frequency re-

sponse because of its internal capacity

to blank out the trace of the linear
time -base oscillator on its return from
the right to the left side. This is accom-

plished by momentarily reducing the
intensity of the trace.
22.85 What does the term "packing" meant-Crowding of the image on
one side. This is generally caused by
nonlinearity in the sweep oscillator
circuits.
22.86

meters.

What arc the various axes
of on oscilloscope called? -The hori-

In elaborate oscilloscopes the input
attenuator is adjustable in several fixed
steps, in association with a continuously

zontal axis is called the X axis; the
vertical, the Y axis; and the modulating
element or control grid, the X axis.

and the design of the input potentio-

adjustable gain control. Each step of
the attenuator is corrected for frequency
2220.)

discrimination

(See Question

22.82 Describe an oscilloscope expander circuit. It is a circuit included

in the horizontal amplifier for increasing the gain and expanding or magnifying the display, five,

ten, or twenty

times normal. This permits the user to

expand a portion of a waveform and
examine minute areas not visible in
the normal -size display. This circuit is
sometimes referred to as a notching
circuit.
22.83 Define the term "writing
speed" as applied to on oscilloscope.Writing speed is the total distance of
travel the cathode-ray beam (spot)
must take in both the vertical and horizontal directions in a given unit of time.
It is essential that the writing speed
be known for photographing wave-

forms as the intensity of tha beam is
greater in the horizontal direction than
in the vertical; this is particularly true
for transient phenomena. The easiest
method of determining the writing
speed is by use of a nomograph as given
in Fig. 22-83. The amplitude of the
trace (at the left) is connected by a

straightedge to the frequency (at the
right) and the writing speed read on

22.87

What arc Lissokaus figures or

pattemst-The patterns that appear on
the face of a cathode-ray tube when
voltages of different frequency, amplitude, and phase relationship are applied to its deflection plates. They were
named for the French scientist, Lissajous. This subject is discused in detail
in Question 23.176.
22.88 Describe

a

graticule

used

with o cathode-ray oscilloscope.-Graticules for cathode-ray oscilloscopes are
manufactured in several different patterns; however, the two most commonly
used are illustrated in Fig. 22-88A and
Fig. 22-88B. In certain oscilloscopes the
graticule is made of plastic and is removable. Modern trends are to etch the
graticule on the interior surface of the
CRT display screen as this reduces the
effects of parallax which otherwise exist because of the separation of the
graticule by the thickness of the glass
of the CRT.
The major lines on the graticule generally represent 1 centimeter each, and
the small divisions 2 millimeters each.
When properly calibrated in conjunction with the oscilloscope time -base
controls, timing measurements on the
order of 1 microsecond or less are possible. Graticules used on early -type
oscilloscopes were generally calibrated
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22-83. Nomograph for relating amplitude, frequency, and maximum writing

speeds for sinusoidal waveform traces. The frequency range may be extended below

10 kHz by the application of a suitable factor.
in 0.10 inch per division. Modern oscil-

loscope graticules are calibrated to read
in centimeters and millimeters.

direct currents in electronic equipment.
Current ranges are generally from less

than 1 milliampere up to several am-

22.89 What is on oscilloscope current probe-Current probes arc of the

peres, over a wide range of frequencies.
The probe and the wire carrying the

clip -on type and arc designed for use in

current form a one -turn transformer.
The wire carrying the current is the

measuring very small alternating and
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Fig. 22-88A. Groticule for cothode-ray tube calibrated 10 cm X 10 cm. Each small
division represents 2 mm.
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Fig. 22-88B. Graticule for cathode-ray tube calibrated 10 cm x 6 cm, with decibel
scales. Each small division represents 2 rims.

secondary and the probe is the primary.
Probes used for ac measurements em-

ploy a special amplifier which is connected to a conventional vacuum -tube
voltmeter or oscilloscope. The dc -type
probe is used with a special meter
which is similar to a vacuum -tube
voltmeter. The schematic diagram for a
typical current probe with the appearance of the probe head is shown in Figs.
22-89A and B.

16011

67pH

Fig. 22-89A. Schematic diagram for a
typical current probe.
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22.90

De1Cribit

a

low -capacitance

oscilloscope probe. - Because the input
capacitance of the average cathode-ray
oscilloscope will load down a circuit of
high impedance anti thus affect the frequency

response

and

waveforms,

a

probe of very low capacitance is connected between the input of the oscilloscope and the circuit under observation.
However, low -capacitance probes cannot be built without inducing loss;

22.91

What is a demodulator probe?

- A probe designed for use with an
oscilloscope for displaying modulated

high -frequency signals. If a high -frequency signal is demodulated (detected)

by a demodulator probe connected to
the input of an oscilloscope, the modulation envelope shape may be seen on

therefore they are generally designed

to have an attenuation ratio of 10 or
100, although other ratios are some-

*41

rti

11

times employed.
The schematic diagram for the internal circuitry of a 10:1 oscilloscope probe

is shown in Fig. =-90A. Only two components are required. a precision 9.5megohm resistor and a small variable
capacitor, ranging from 2.5 pF to 12 pF,
to compensate for the capacitance of the
oscilloscope input and cable. If the oscilloscope has an internal square -wave

CORRECTLY COMPENSATED

I
it

calibrator, the tip of the probe can be
connected to the output of the calibrator and the waveform observed on the
oscilloscope. The capacitor in the probe
is then adjusted for a square waveform
as shown in the top illustration of Fig

err

UNDERCOMPENSATED

If an external square -wave
generator is used, it should be moni22-9011.

tored with and without the probe to
ensure that the waveform seen with the

probe is similar to that seen without
the probe.

The internal circuitry for a 100:1
probe is given in Fig. 22-90C. Here three
resistors are used, with a small compensating capacitor connected across the
9.9-megohm resistor. This probe is also
adjusted using a square -wave generator.
AXE 3/6. DLA

Fig.

WIPE St OT

OVERCOMPENSATED
22-90B. Correctly and incorrectly

compensated oscilloscope probe. The in-

ternal capacitor is adjusted for the upper waveform with a square wave applied to the probe.

Fig. 22-89B. Appearance 011 the head for

a typical current probe.

;;X:V.
)(Meg
Fig

L. PROBE
HOLiSiNG

CCerwt LTOH

22-90A. Internal connection, for a
10:1

ratio oscilloscope probe.

Fig. 22-90C Circuit for a 100:1 oscilloscope probe. The small capacitor it to
compensate for the cable and input capacitonce of the oscilloscope.
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Fig

22-91A. Schematic diagram of a demodulator probe.

*ME CPEPANG

Fig. 22-91 B. Internal construction of a typical demodulator probe.
oscilloscope of limited frequency
response because only the modulated
envelope is displayed. The schematic
diagram of a typical demodulator is
shown in Fig. 22-91A.
A demodulator probe may also be

or greater. Fig. 22-92 shows a typical

used with a dc or ac vacuum -tube

volt scale meter. Other scales may also
be used by applying the correct multiplying factor.

an

voltmeter. When used with a dc vacuum -tube voltmeter, the indication is
proportional to the average amplitude
of the signal. Used with an ac meter,
the indication is proportional to the
peak voltage of the modulation envelope waveform. Most demodulator

probes induce a loss of signal voltage
on the order of 5:1.

high -voltage probe designed to operate
in conjunction with a 20,000 -ohm -per -

volt meter. The internal resistance of
the probe is 600 megohms, permitting
30,000 volts to be measured using a 300 -

High -voltage probes are fitted with
a guard to protect the user and reduce
corona discharge. Because of the large
distributed capacitance of a high -voltage probe, it cannot be used for observing voltages containing high -frequency
woveforms. The internal resistance of

What is a high -cottage probe?
a high internal re-

the average high -voltage probe is 100 to

sistance for measuring extremely high
voltages with a voltmeter having an in-

22.93 Describe a panoramic spectrum analyzer. - Panoramic spectrum
analyzers are used for the visual display

22.92

-A probe with

ternal resistance of 20,000 ohms per volt

1200 megohms.

Fig. 22.92. Typical high -voltage probe.
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segment. The local -oscillator frequency
excursions are set by a calibrated center
frequency and sweep -width control.

Fig.

22-93A. Singer Co., Metrics Div.,

Model TA -2 universal spectrum analyzer,

with AL -2 plug-in module for 20 Hz to
35 kHz spectrum analysis.

The CRT graticule is calibrated in 10 percent increments of sweep width.
The signal from the swept local oscillator combines with the input signals
in a diode ring modulator. Balanced
modulator operation reduces mixer
nonlinear distortion, thus extending the
spurious free range. The swept oscillator mixes with input frequencies in the
balanced modulator to produce differing frequencies equal to the intermediate frequency and provides the ability
to resolve individual input frequencies.
The i-f amplifier section consists of
the three 100 -kHz variable -bandwidth
crystal filters. The bandwidth of these
filters is varied automatically for optimum resolution for each sweep width.
Following the i-f amplifier is an attenuator for adjusting the display levels,

of harmonic and intermodulation dis-

then a linear detector to demodulate the

tortion, equalizer and filter characteristics, vibration, noise and acoustical

high -frequency i-f output signals into
low -frequency envelopes or pips for
display. Contained in the detector cir-

analysis, and radio -frequency measure-

ments. A Model TA -2 universal spectrum analyzer, manufactured by Singer
Co., Metrics Dlv., is pictured in Fig.
22-93A, using a plug-in module. This
model is designed to cover a bandwidth
of 20 Hz to 35 kHz and is calibrated in
absolute values of both frequency and
level.

A simplified block diagram of the de-

vice appears in Fig. 22-93B. A panoramic spectrum analyzer is a scanning
displaying
level versus frequency of the input sigsuperheterodyne

receiver

nal and may be set to scan through a
selected frequency band. Levels are displayed deflections on a calibrated cathode -ray -tube graticule. Frequency is

calibrated on the CRT horizontal axis.
Horizontal sweep on the CRT is related
to the frequency sweep excursion of the
analyzer. Both the horizontal deflection

and local oscillator ore driven by the
same sawtooth generator. Thus, a cali-

brated visual indication of input frequencies is obtained.
Referring to the diagram, the incoming signal is applied to a eleven -position

cuit

is

a

log -compression

amplifier

which can be switched in to display
over a 100:1, 40 -dB range. The linear
and dB scales arc calibrated directly on
the CRT graticule.
Each plug-in module contains an internal crystal -controlled oscillator to
produce evenly spaced markers (funda-

mental and harmonics) for accurately
checking the sweep width and center frequency calibrations. The markers
are spaced at 2.5 -kHz intervals, and may

be adjusted independent of the signal
deflection. A typical display is shown
in Fig. 22-93C. Other plug-in modules
covering bandwidths up to 27.5 MHz
are available.
22.94 What is a sound -level meter?
-A sound -level meter is an instrument
designed for the measurement of sound -

pressure level (SPL). It consists of an
omnidirectional microphone, calibrated
attenuator, amplifiers, standard weighting networks, and an indicating meter.
The frequency characteristics of the
weighting networks must meet the stan-

attenuator adjustable from zero to 60

dards specified by the United States
Standards Institute (ASA) and the In-

dB in 10 -dB steps, and to a 40 -dB gain
preamplifier, which is selected as re-

ternational Electrotechnical Commission.
Instruments meeting these standards are

quired. A sawtooth generator modu-

accepted for the measurement of both
product and environmental noise by
industry, laboratories, and noise -abate-

voltage -controlled oscillator,
causing it to scan the selected spectrum
lates

a
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Fig. 22.930. Block diagram for Singer panoramic spectrum analyzer.
ment groups. These instruments can also

be used for the measurement of the
acoustic characteristics of sound stages,
monitoring rooms, auditoriums, and
similar enclosures. Sound -level meters

can usually be used in combination with
such instruments as spectrum analyzers,
vibration pickups, special-purpose microphones, and graph recorders. As a
rule, they are completely self-contained
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portable. Such a meter, Model
1551C, manufactured by General Radio
Co., is shown in Fig. 22-94A.
and

Referring to the block diagram in
Fig. 22-94B, a PZT-type piezoelectric
ceramic microphone (essentially non directional) feeds an attenuator network calibrated 24 to 150 dB (re: 0.0002

µbar), then to a second attenuator and
a

weighting network. The signal

is

again amplified and passed through a
second weighting network, amplified by
a three -stage amplifies-, into a third attenuator and weighting network, amplified, and applied to an indicating meter.
An internal calibration system permits
the adjustment of the instrument before
use.

11MINIIIMIIMME
lafellillSOm
lie

MB IIM111111

The four -weighting -network
frequency characteristics (shown in Fig.
2-93) meet the USAS1 (ASA) Standard
S-1.4 1961. A fourth frequency charac-

teristic provides a flat response from 20

SO

to 20,000 Hz for use with wide -range
microphones.

e s =mina' ilIMINNIO

Two

meter

movement

speeds are available, fast and slow. In
the slow position the meter is heavily
damped to show the average level of
rapidly fluctuating sounds, and to comply with the above standard.

eon

! Non..rale! mai
p

An output jack is provided for the
connection of external equipment. The
Typical waveform as seen

internal output impedance is 7000 ohms,
developing 1.5 volts into an open circuit.

on the analyzer graticulc. The funda-

It may be used with a lower imped-

mental frequency is the large deflection,

ance; however, for greater accuracy the
impedance should be 20,000 ohms or
more. This output is often used to drive

Fog. 22-93C

with

its

harmonics

appearing

right of it.

to

the

Fig. 22-94A. General Rodeo Co. Model 1551C sound -level meter.
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Fiq. 22.94C. Frequency characteristics of General Radio Co. sound -level motor
ceramic microphone.

Fig. 22-94D. Briiel and Kiser Model 2203 sound level meter with octave bond filter.
a tape or graph recorder, wave analyzer,
or other devices.
When acoustical measurements using
a sound -level meter are made, the observer's body and the meter case have
little effect in a semireverberant sound
field However, under free -field conditions and a single sound source both the
observer and the instrument case have

if the instrument is held in front of the
observer, with the observer oriented so
that the sound passes in front of him at
a right angle to the axis of the sound level meter. For greatest accuracy the

microphone should be mounted on a
tripod and connected to the sound -level
meter by an extension microphone

a large effect on the microphone re-

to eliminate the effects of the
observer's body and also of the meter

sponse. These effects can be minimized

case.

cable,
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a reverberant field, the angles of inci-

switch is an instrument which may be
used with a conventional cathode-ray

dence of sound reaching the microphone

oscilloscope for the simultaneous obser-

are indeterminate. Under these conditions there is no preferred angle of incidence between the microphone arid

vation of two or more waveforms on

the sound source. When measurements
are made in a free field, an angle of incidence of 70 degrees between the axis

signal Indicator, a device such as an

When the measurements are made in

the screen of the oscilloscope. Since the
cathode-ray tube is essentially a single -

electronic switch is necessary for the

of the microphone and sound source

observation of more than one signal
waveform simultaneously. Thus, an

will approximate random response.

electronic switch permits the conven-

The instrument described contains
six miniature vacuum tubes, one tran-

tional oscilloscope to be used as a multi -

sistor, seven diodes, and is completely
battery operated, but it may be used

with an external power supply if desired. The frequency response for the
microphone at an angle of incidence of
70 degrees is given in Fig. 22-94C.
A smaller version of a sound -level
meter, manufactured by Brilel and
Kjaer, is pictured in Fig. 22-94D. It has
the same standard weighting characteristics, operating over a range of 22 to 134

plus or minus 1 dB, 20 to 18 kHz. The
eleven -octave band filter covers a frequency range from 31.5 Hz to 31.5 kHz.
Each passband attenuation is adjustable
from 0 to 48 dB.
When this meter is used with a sound

source principally from one direction,
the readings can be adversely affected

by the relative positions of the instrument and the observer's body. In this
instance the meter should not be held

directly in front of the observer with
the microphone pointed to the sound
source, since the high frequencies are
increased to a marked degree due to the
observer's body acting as a reflector.

Thus, errors of several decibels in the
region above 100 Hz arc possible. The
most uniform response is obtained when

signal comparison device. Due to the
persistence of the human vision and the
persistence

of

the

cathode -ray -tube

fluorescent screen, two signals can be
made to appear on the screen simulta-

neously. While the employment of a
single electronic switch permits the
simultaneous observation of two signals,
two electronic switches connected in

tandem will permit the simultaneous
observation of three waveforms. Additional switches may be added, if desired,
one for each additional waveform to be

observed. However, unless the screen
of the oscilloscope tube Ls 7 inches or
larger, observation of three or more
traces is not too
Question 23.184.)

satisfactory.

(See

The most frequent use of an electronic switch is for the observation of
amplitude, waveform, phase, and frequency relationship between two signals. The signals under study may be
those of an electrical or electronic device, or a sound or mechanical device
transformed into electrical functions. A
block diagram for connecting an electronic switch and an oscilloscope to an
amplifier for the simultaneous observation of the input and output waveforms
is given in Fig. 22-95A.

the meter is held in front of the ob-

Four controls are provided on the

server, but with the sound grazing the

electronic switch. They are: a frequency
control for setting the frequency of the
internal square -wave generator, A and
B channel input attenuators, and an image separation or trace position control.

microphone

(coming

from the

side

rather than the front). Out of doors the
microphone

is pointed
upward (to
avoid reflections) as far from the observer as possible.
It should be noted that conventional
sound -level meters do not measure in-

tensity; therefore the term "intensity"
should not be used in connection with
such meters. In accordance with the
USASI (ASA) the terms "sound level"
and "sound -level pressure" (SPL) are
to be used.
22.95 What is on electronic switch
and how does it lunctionl-An electronic

The schematic diagram of an electronic switch is shown in Fig. 22-95B.
One of the two signals to be observed,
designated A, is connected to the input
marked "A" and the other signal, called
B, is connected to input "B." The input
attenuators of channels A and B are
adjusted for a signal level suitable for
the operation of the switch.
Starting at input A, the signal is fed
in two directions, to the control grid
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Fig. 22-956. Schematic diagram of a typical electronic switch.

grids of the switcher tubes, V2A and
switching generator circuit comprised of tubes V4A and V4B generates
V2B. A

a square wave which is applied to the

control grid of the driver tubes V3A
and V3B. The frequency of the square -

Fig. 22-95C. Appearance of an input and
output signal reproduced simultaneously
on a cathode-ray tube.

an input cathode -follower tube VIA
and to the control grid of a sync -amplifier tube VSA, and is used for locking

of

the time base or sweep circuit of the
to the signal frequency
under observation. The B signal passes

oscilloscope

through a similar type of circuitry.
The cathodes of tubes VIA and VIB
are directly connected to the control

wave generator is controlled by capacitors connected to a switch in the cathode circuit. Repetition frequencies of
150,

500,

1500, and 5000 Hz may be

generated.

The cathodes of switcher tubes V2A
are directly connected to the
cathodes of the driver tubes, V3A and
V3B The square waves generated by
the square -wave generator permit the
switcher tubes to be operated normally
or to be driven to cutoff.When switcher
tube V2A in channel A is operating
and V2H
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normally, the switcher tube in channel
B is driven to cutoff When the switcher
tube in channel B is operating normally,
the switcher tube in channel A is driven
to cutoff.

The plates of both switcher tubes
are fed through a common plate -load
resistor; thus any signal applied to the
inputs of channels A and B will appear
across this common load resistor alternately at the frequency rate of the
square -wave generator.
Signals from the switcher tube plates,
which are connected in parallel, are fed
to the control grid of a cathode -follower

output tube for connection to the vertical input of an oscilloscope. Potentiometer PI is used to separate the two
traces (A and B) as they appear on the
oscilloscope, by changing the value of
the bias voltage on the cathodes of the

switching and driver tubes. Thus the
traces made by signals A and B may
be made to overlap or be separated one
above the other. Because the transition

from one circuit

to

the other in the

electronic switch does not occur simultaneously, a switching transient in the
form of a spike may appear on the trace
as seen on the oscilloscope.

A series and a shunt capacitor are
connected in the cathode circuit of the
output tube, V7. The series capacitor
isolates the vertical input of the oscilloscope from the dc voltage across the
cathode resistor of the output tube. The
shunt capacitor limits the high-freqnency

response

to

transients.

The

value of this capacitor may be varied
for the most desirable presentation on
the oscilloscope screen; however, for

most purposes the value shown will
suffice. The waveforms of Fig. 22-95C
show how two traces might appear on
the face of the oscilloscope. The upper

one is the input signal and the lower
one is the output signal. The rounding
of the leading edge of the output trace
is caused by frequency discrimination
within the amplifier.
22.96 Describe the circuitry for a

petitive pulses may be determined.
Since the reading of frequency is independent of the input voltage waveform,
the meter may also be used to indicate
the frequency of random events during
a given time period.
The schematic diagram for a frequency meter of this type, manufactured by Hewlett-Packard, is shown in
Fig. 22-96A. This meter is designed to
cover frequencies between 10 and
50,000 Hz in ten ranges. Basically the

circuit consists of a limiter amplifier,
switching circuit,
pulse
counter, and a constant -voltage, constant -current power supply.
The unknown frequency is applied
electronic

to the input of two limiter tubes, VI
and V2. These tubes amplify and flatten

the peaks of the incoming signal voltage, resulting in a square -wave signal

voltage at the plate of V2. From the
plate of tube V2, the signal is fed in two
directions: through capacitor C4 to the

control grid of switcher tube V4, and
through capacitor CS to the control grid
of V3, a phase inverter. From the plate
of V3 the signal is applied to a second
switcher tube VS.
Space current for the switcher tubes
obtained from a constant -current
regulator tube V7. Alternate half -cycles
is

of the square wave cause a constant
current through tube V4 and charge
one of capacitors C9 to C18. During the
intervening half -cycle, a constant current flows through VS and causes one
of capacitors C19 to C22 to be charged.
The time constants of the two RC combinations R33, C9 to CI8 and R32, C19
to C28 are equal.

The resistor and capacitors In the
charging circuits are such that at the
highest frequency to be counted, the
capacitors will be fully charged before
the end of the half -cycle. The accurately controlled pulses for the two
banks of charging capacitors are converted to unidirectional pulses by diodes CR1 to CR4, and the resultant current is iudicated by meter Ml. The

direct -reading frequency meter.-Frequency meters are instruments designed

meter Indication is proportional to the

for the direct measurement and indica-

therefore to the frequency of the voltage at the input of the instrument. Re-

tion of the frequency of an unknown
signal voltage. The waveform of the
voltage under observation may be a sine
wave, square wave, sawtooth or pulse.
With the proper transducer, rotary mo-

tion, acoustical, and other forms of re-

number of pulses per unit time and
sistors S34 to R43 are shunts across the

meter to adjust the current through the
movement to the correct value for each
frequency range. These shunts are factory adjusted.
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Fig. 22-96A. Schematic dagront or Hewlett-Packard Model SOOA electronic frequency meter.

The constant -current regulator circuit consists of tubes V7 and V8. Tube
V8, a gas voltage -regulator tube, provides a constant voltage at the screen

of tube V7. A voltage divider circuit

consisting of resistors R48 to R50 is con-

nected between the screen grid of V7
and ground. Variable resistor R49 adjusts the grid voltage of V7 to produce
the desired constant current for the
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sitivity. The instrument to be described
is a direct -current millivoltmeter (Fig.
22-97A), Model PM2430, manufactured

by Phillips of Holland. It is all transistor and battery operated.

Referring to the block diagram of
Fig. 22-97F3, when a dc voltage is applied to the input terminals it is first
impressed on an attenuator network and
hum filter, then converted by a chopper
to a square -wave voltage. This signal

22-9611. Hewlett-Packard electronic
frequency meter Model 5006 Frequency
range 3 to 100,000 Hs.
Fig

switching tubes, which .s measured by
switching the meter across shunt resistor R27 in the plate circuit of V7.

A graphic level recorder may be
driven by connecting it at the recorder
jack. Resistor R53 and R56 adjust the
current for the recorder and provide a
dummy load when it is not in use.
When the instrument is used with a
phototube or photocell, black and white
stripes are placed on the moving part

is then amplified and applied to an intermediate attenuator network that determines the 3 -mV and 10 -mV voltage
ranges. The chopper vibrates at a frequency of 50 or 60 Hz. An astable multivibrator generates an ac voltage for
the chopper operation and an adjustable voltage to compensate the preliminary deflection (linearity). (See Question 22.59.) The indicating meter circuit
consists of three direct -coupled transistor stages, using a Graetz rectifier
circuit, incorporated in a negative feedback loop. An automatic phase -sensitive polarity indicator indicates the
polarity of the dc input voltage under
measurement, and it also may be used
as a zero -center indicator.

A complete schematic diagram for
this instrument appears in Fig. 22-97C.

When the dc voltage is applied to the

input terminals (BUI and BU3), it

is

attenuated by attenuator network SK2.

and illuminated by a bright light. Alternate reflections are picked up by the
phototube from the moving stripe and
passed from its preamplifier to the frequency meter. Vibration pickups are
used in a similar manner.

A front view of a meter similar to
the one discussed but having a frequency range of 3 to 100,000 Hz is
shown in Fig. 22-96B. This meter has
an expanded range that permits the

Lzaa-

NO

reading of any 10- or 30 -percent portion of a selected range to be expanded

to full scale, thus increasing the accuracy of the reading.
In both instruments the line frequency voltage is available for checking
the calibration. (See Question 22.196.)
22.97 Describe the circuitry of a

transistor chopper -type dc rnultiyoltinc-

ter. -

Multivoltmcters are extrmcly
sensitive meters for the measurement

of minute voltages, and they require
special treatment for stability and sen-

22-97A. Dc millivoltmeter Model
PM2430 manufactured by Phillips of
Holland. (Courtesy, Phillips Electronics
Industries Ltd. Canada.)
Fig.
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Apart from the 1-, 3-, and 10 -mV
ranges, attenuation for other voltage
ranges is supplied by resistors R301 to
R315. Leaving the attenuator, the signal

is then applied to a hum filter comprised of R103 to R106, and C101 to

C103. The chopper (1.14) converts the
incoming dc voltage into a square -wave
voltage that controls field-effect transistor TS101 via capacitor C105. Zener diode GRIO1 supplies a constant bias volt-

age for TS101 through voltage divider
resistors R111 and R112. Neon tube B101

provides protection against a too high
input voltage. Resistor R101 is factory
adjusted to provide a 1-megohro input
resistance.

To establish the linearity, a compensation voltage is applied to one contact

the chopper element and adjusted
by potentiometer Rl. This voltage is
supplied from coil S2 of transformer
of

T201, and rectified by diode GR201. The

signal front the chopper is amplified by
a three -stage amplifier TS102 to TS104.
To

stabilize these circuits, negative

feedback is taken from the emitter of
TS104 and applied to the junction of
resistors 8116 and R117, in the emitter
element of TS102. Diode GR102 limits
the base -emitter voltage if transistor
TS103 is overloaded. The output voltage of TS104 is now applied to the second attenuator (U3) defining the 3 and 10 -mV ranges.
The second attenuator is followed by
power amplifier stage (TS105 to
with negative feedback. The
Graetz rectifier circuit (GRIO5 to
a

TS107)

GR108) for the indicating meter is included in the feedback circuit between
the collector of TS107 to the emitter of
TS106. Potentiometer R2 adjusts the

amount of negative feedback and controls the sensitivity and calibration of
the metering circuit. Diode GRIN limits the ac voltage to prevent overloading of TS107 so that the meter indicates
full scale. The meter circuit is further
safeguarded against current surges by
transistor TSI08, which will conduct at
a voltage exceeding OA volt to act as a
protective shunt across the meter movement.

When the instrument is first turned
on via switch SKI a current surge occurs in transformer T202 to charge capacitors C209 and C207 through diode
GR206. This current surge causes an
induced voltage in secondary S2 of
transformer T202. Current then flows
in the forward direction through the
base -emitter junction of transistor TS 210 through resistor R222 and capacitor

C208. This action causes the collector
emitter junction to conduct a current
through winding SI of T202. The current rises to the saturation point of the
transformer (or the moment when the
base of TS210 blocks) because of the
decreasing induced voltage.
As the collector -emitter junction is
blocked, the voltage across transformer
T202 rises strongly as a consequence of
self-induction, and capacitor C209 is
charged through diode GR206. During
the discharge phase of the transformer
a new induction voltage arises across
winding S2. However, as the polarity of
this voltage is reversed, the base of TS 210 is blocked and there is no current.
In this manner only the induction current flows through the diode GR206 to
charge capacitors C209 and C207. When

the induction voltage drops below the
battery voltage, the battery again sup-
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plies a new current surge, since diode
GR206 functions as a valve through

TS204, voltages are introduced in transformer windings Sla and Slb. The volt-

which current can flow only

age induced in winding S2 feeds the
field coil of the chopper unit. Winding

in

the

charge direction. Diode GR205 and re-

sistor 8224 permit a fast charging of
C207 equal to the battery voltage; thus,
oscillation is reestablished.

The output voltage at C207 is controlled by a bridge circuit. The reference voltage is formed by the total
value of the zener voltages across diodes CR203 and GR294. When the out-

put voltage across C207 exceeds the
reference voltage, the collector current
of transistor TS208 decreases. Conse-

quently, transistor TS209 is recontrolled, which causes a decrease of the
average base curreut in transistor TS 210.

Because the oscillating frequency of
TS210 will be lower at a small base cur-

rent than at

53 serves to compare the phase for the
polarity indicator.
The polarity meter Is Independent of
the applied dc voltage, and its movement
is five to ten times more sensitive than
the instrument. It functions as follows.

The multivibrator generates 50 or 60
Hz, which is applied to transformer
T201, which in turn drives the chopper
element. Winding S3 supplies an ac
voltage to the collectors of transistors
TS205 and TS206. The dc voltage to be
measured (now converted to a square
is amplified and controls the
base of transistor TS207, an emitter follower, to achieve further current

wave)

amplification.

greater base current,
electrolytic capacitors C207 and C209
are charged less, affecting the output
voltage and maintaining the reference
voltage at an almost constant value. At
a higher current consumption or at a
lower battery voltage the oscillating

Depending on the phase of the voltage at the bases of TS205 and TS206
with respect to the co:lector side, the
current for the polarity -indicator
movement will flow in one direction or

frequency will be higher than with a
smaller load current or with new bat-

GR202 will conduct and block these

a

teries.

When the supply voltage is applied to

capacitor C205, current flows through
resistor R208, the emitter -base circuits
of TS201 and TS202, and resistors R206
and R204 to charge capacitor C204. The
same procedure occurs in the other part

of the symmetrical circuit when one
capacitor is more highly charged than
the other as a consequence of a small
asymmetry of transistor characteristics.
The charging process of the less intensely charged capacitor is immediately suppressed by a collector current
caused by the bias -emitter current of
TS201. As a result, capacitor C203 is
charged with a polarity opposite to that
of C204. As the charge drops, the base emitter current of TS201 decreases and

the charging current through the collector -emitter circuit of transistor TS
201 is blocked. The capacitors uow interchange their charges as current
through the base -emitter circuits of
transistors TS204

and

TS203

causes

the other. Since the voltage at the bases
of TS205 and Ts206 is negative, diode

two transistors. For each positive alternation through the diode, the tranThe current
sistors will conduct.
through the polarity indicator changes
direction according to the phase of the
base -emitter voltage, with respect to
collector voltage, thus indicating the
polarity of the dc voltage applied to the
input terminals of the instrument.

The field coils of the chopper unit
(U4) are normally fed from 60 Hz generated by the astable multivibrator. To
obtain sufficient output power, both

transistors of the multivibrator circuit
are preceded by an emitter follower. To
avoid interference phenomena which
might cause vibration of the indicating
meter, the frequency of the multivibrator is adjusted to 50 Hz when used

around 60 -Hz equipment, and 60 Hz
when used with 50 -Hz equipment. This
is accomplished by strapping across
resistor 8207. With the strap removed,
the frequency of the multivibrator is 50
Hz. Resistor R229 is factory selected to

adjust the circuit to the correct fre-

C203 to become positive, and current

quency.

flows through winding 51 of trans-

The instrument is designed to be
operated above ground (floating), or
the low -side terminal may be grounded
as required. The total range of this in-

former T201.

Because of the alternate conduction
and blocking of transistors TS201 and
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strument is 1 millivolt to 300 Vdc in
twelve ranges, with an accuracy of 1
percent. Provision is also made for use
with a high -voltage probe, increasing
the voltage range to 30 kilovolts. The
input resistance for the 1- to 10 -millivolts scales is
rnegohm, and for the
1

I to 300 -volt scales is 100 megohms. The

polarity indicator will operate for an
indication of less than 3 percent fullscale. This instrument may be obtained

for either battery or ac line operation.
The batteries arc rechargeable.
22.98 Whet is
true -responding
vottonetetT-Electronic voltmeters are
classified into three broad categoriesrms-responding, peak -responding and
average -responding. The majority of ac
voltmeters are usually either average -

or peak -responding meters, with the
meter scale calibrated to read the rms

value of a sine wave. Electronic voltmeters arc ac -to -dc converters, which
derive a dc current proportional to the
ac input signal and use this current for

the meter deflection. The conversion
from ac to dc eliminates serious errors
which otherwise result from a meter
movement sensitive to frequency. The
difference in the preceding three meters

lies in their interpretation of the value
of the input signal.
The rms value of a sine wave was
established as an equivalent de voltage

which generates the same amount of
heat in a resistive load that an ac voltage generates. For this reason, rms
voltage is synonymous with effective
voltage. Rnis voltage is defined as the
square

root

of the average

of the

squares of the quantities bring measured. Theoretically, this can be done
by measuring the voltage point -by point along the waveform of one cycle,

squaring the numerical value of the
voltage at each point, and then finding
the average value. Regardless of the
waveform shape this procedure leads
to the runs or effective value. The mis
value of a sine wave is 0.707 times the
peak or maximum value of the voltage
waveform.

(See Question 25.149.)

The average value of an ac voltage

is simply the average of the voltage
values measured point -by -point along

the waveform (omitting the squaring
and root extraction). The average value

of a sine wave is really zero, because
the waveform has equal positive and

Fig.

22.9813.
22.988. Hewlett-Pockord
3400A rms voltmeter.

Model

negative values when averaged for one
whole cycle. Since the equivalent dc or
energy content in the waveform is usu-

ally the quantity of interest, the aver-
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amplified by a chopper amplifier
composed of a high -gain three -stage ac

age value of the sine wave is taken to
mean the average rectified value. The
average value of one half cycle is 0.636

is

times the peak value.
The peak -responding voltmeter is of
little interest to the audio engineer;

is applied to a demodulator. The output
of the demodulator is a dc level whose
magnitude is proportional to the amplitude of the ac input signal. The output
of the demodulator is applied to a two stage direct -coupled emitter follower.
The emitter -follower stage supplies an
impedance transformation from the
high impedance of the demodulator to
the low impedance of a direct -reading
meter and a reference thermocouple.
The reference thermocouple acts as

however, at times it can be useful The
preceding discussion leads to a meter
quite useful for the measurements of
audio frequencies, because it reads the

true rms value of a sine wave, is not
affected by the waveform, and is usable

over a frequency range of 10 liz to 10
MHz. The basic circuit for such a voltthe Hewlett-Packard Model
3400A, is given in Fig. 22-98A. In this
instrument arc two thermocouples in
combination with an ac and de amplifier. Nonlinear effects are cancelled in
the measuring thermocouple by similar
nonlinear effects in the second thermo-

meter,

couple.

The voltage under measurement is
applied to an input attenuator through
a coaxial connector on the front panel.
The input attenuator has an impedance
greater than 10 megohms, and provides

amplifier. The output of this amplifier

a summing point for the ac output of
the video amplifier and the de output
of the emitter follower. The difference
in the heating effect of these voltages is
fed as a dc input to the modulator. The
difference input is amplified and fed to
the reference thermocouple and the
meter. This amplified voltage represents
the rms value of the ac signal applied

to the input of the instrument.
A regulated power supply provides
plus 75 volts and negative 6 and 17.5

two ranges of attenuation. The output
of the input attenuator is applied to an
impedance converter, a noninverting
unity -gain amplifier. The purpose of

volts. Since the voltage at the dc output

the impedance converter is to present a
high impedance to the input signal and

for driving a graph recorder. As loading
does not affect the meter, both the
meter and recorder may be used simul-

provide a low impedance for driving
the second attenuator network. The
second attenuator provides six ranges
in a 1, 3, and 10 sequence. These two
attenuators arc ganged and provide
twelve ranges of attenuation, or a voltage range of 1 millivolt to 300 volts,
with a decibel range of minus 72 to plus
52 dBm.

The output of the second attenuator

is amplified by a wideband amplifier
comprising five stages. The overall gain

of this amplifier is controlled by an ac
feedback loop. The ac output of this
amplifier is applied to a sensing thermocouple. The de output from the

jack is proportional to the meter deflection, the instrument can also be
used as a linear rms ac -to -dc converter

taneously.

A front view of the complete instrument is shown in Fig. 22-98B.
22.99 Describe en audio -frequency

voltmeter. -

vacuum -tube

22-99A

shows a Heathicit Model IM -21 vacuum tube voltmeter, designed to oper-

ate over full-scale ranges of 10 millivolts to 300 volts rms, with an input
impedance of 10 megohms shunted by
22 pF on all ranges. The frequency response is plus or minus 1 dB from 10 Hz
to 500 kHz, and plus or mnus 2 dB from
10 Hz to I Mliz for all ranges. A decibel
scale is

also provided, reading from

thermocouple is applied to a modulator
consisting of two photocells which are
alternately illuminated by two neon
lamps (90 to 100 Hz), which are in turn
controlled by an oscillator. The output
of a sensing thermocouple is also ap-

minus 40 c11.1 to plus 50 dB (re: 1 milli -

plied to one photocell. The resultant

22-99B. the voltage to be measured is

output of the modulator

applied to

is a square
wave whose amplitude is proportional
to the de input level.
The square wave from the modulator

watt) at 600 ohms. As for most rectifying -type ac meters the meter deflection
is proportional to the average value of
the input waveform.

Referring to the schematic of Fig
a

frequency -compensated

1000:1 voltage divider and then to the

control grid of an input cathode follower V1A. Input voltages for the
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22.100 Describe the schematic for a
cathode -coupled vacuum -tube voltmeter.
-A block diagram of such a volt-

meter, manufactured by Hewlett-Packard, is shown in Fig. 22-100A. The essential components consist of an input

voltage divider controlled by a range
switch, a cathode -follower input tube, a
precision step attenuator controlled by
the range switch, a broad -band ampli-

fier, an indicating meter, and a regu-

kik

afar

lated power supply. The voltage applied
to the input terminals for measurement

divided by 1000 before application
to the input cathode follower, when the
range switch is set to the 1 -volt range
and higher. The input voltage Is applied
directly to the cathode follower on the
lower ranges. Voltage from the cathode
follower is divided in the precision atis

ICE
Fig. 22-99A. Heathkit Model IM -21 audio -frequency socuurn-tube voltmeter.

lower six ranges are coupled directly
to the control grid, while for the four
higher the ranges are divided by 1000
and coupled to the grid of VIA from the
lower tap of the voltage divider.
Cathode -follower

stage VIA pro-

vides a low -impedance source for the
signal applied to the voltage divider

feeding the input of amplifier section
VIB and V2. The voltage divider network in the cathode of VIA divides the
signal into six different levels to provide ten scales with readings from 10
millivolts to 300 volts.
Approximately 19 dB of negative
feedback is returned through the meter

circuit from the plate of V2 to a potentiometer in the cathode circuit of

tenuator to be less than 1 millivolt for
application to the voltmeter amplifier.
The output of the amplifier is rectified
in a full -wave bridge rectifier. with a
de milliammeter across its midpoints.
The resultant direct current through
the meter is directly proportional to the
input voltage. Both the block and schematic diagrams should be referred to
in the following discussion.
Referring to Fig. 22-100A, the input

voltage divider limits the signal level
applied to the input cathode follower to
less than 0.3 volt rms. when voltages
above this level arc measured with the
range switch is set to the 1 -volt range
above. The divider consists of a resistive branch with one clement made adjustable to obtain an exact 1000:1 division at middle frequencies, and a parallel capacitive branch with one element
made

adjustable

to

maintain

exact

vides high stability and uniform gain

1000:1 division to beyond 4 MHz. The
Input impedance of the voltmeter is established by this divider and is the

over

same

VIB. This negative feedback loop proa

wide

frequency

range.

The

meter circuit consists of a 200 -microampere meter movement with a full -

for all positions of the range
switch. On the six low -voltage positions

of the range switch, the input divider

wave bridge rectifier of four germa-

provides no attenuation of the input

nium diodes. For calibration purposes
(setting the gain), the amount of meter
current is adjusted by potentiometer
R18 in the cathode of V2B, which varies the amount of negative feedback.
The power supply consists of a half wave rectifier containing a single silicon
rectifier and filter capacitor C17. To

voltage.

The step attenuator in the cathode

circuit of the input cathode follower
reduces the voltage to be measured to
1 millivolt or less for application to the

heater

voltmeter amplifier. Each step of the
attenuator lowers the signal level by
exactly 10 dB, by the range switch
rotor, which has two contactors. The

winding is balanced to ground through

first contactor contacts each resistor an

resistors R28 and R29.

turn while the input divider is in the

minimize hum

voltages

the

TEST EQUIPMENT

OTC
Fig. 22-99B. Schematic diagram for Heathlilt Model IM -21 cascaded 'etym.
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Fig. 22-100A. Block diagram For Hewlett-Packard 400D

tube voltmeter.

nonattenuating position; the second rotor finger repeats these contacts while
the input attenuator is in the attenuating position. On the 0.001 -volt range
C15 is automatically connected to provide a flat frequency response beyond
4 MHz. In the 0.003- and the 0.01 -volt
ranges, separate adjustable capacitors

ring the frequency response at 4 MHz.
C14 and C16 are also connected to the
attenuator on the 3- and 10 -volt ranges.
Fixed capacitor C106 (permanently

C14 and C16 are automatically connected to the attenuator to permit set-

voltage and provides a relatively low
impedance at its cathode circuit to

connected) flattens the frequency response on the 0.03- and 30 -volt ranges.

Cathode follower VI provides a constant high input impedance to the input
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Fig. 22-1008. Hawlett-Packard Mo del 400D vacuum -tube voltmeter.

drive the step attenuator. The voltage
gain factor across V1 is 0.95.
Amplification of the signal voltage is
provided by a four -stage stabilized am-

plifier consisting of tubes V2 through
V5. The amplifier provides between 55
and 60 dB of gain, with about 55 dB of
negative feedback at midfrequencies.
The feedback signal is taken from the
plate of output amplifier V5, through
the meter rectifiers and gain -adjusting

circuit, to the cathode on input amplifier V2. Variable resistor R107 in the
feedback network adjusts the negative
feedback level to set the basic gain of
the amplifier at midfrequencies, while
adjustable capacitor C102 permits setting the amplifier gain at 4 MHz. Variable resistor R118 in the coupling circuit between V4 and V5 permits adjust-

ing the gain of the amplifier at 10 Hz
by controlling the phase shift of low-
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Fig.

22-100C. Simplified schematic of meter bridge circuit.
the

total

transconductance of these

tubes in order to restrict the maximum
gain -bandwidth product of the amplifier. The gain -bandwidth product must
be restricted to give a smoth frequency

response rolloff above 4 MHz and to
prevent possible unstable operation at
frequencies far above 4 MHz when
tubes having usually high transconductance arc used. The plate voltage from
VS is fed to the meter output terminals

for monitoring purposes. The current
through VS and thus the signal voltage
at the cathode is affected by the loading
of the meter rectifiers. For signal levels
causing third -scale or more meter deflection, this distortion consists of a

very small irregularity near 0 volts on
the waveform as each diode begins conduction.

Fig. 22.1000. A front vier of HewlettPackard Modcl 400D vacuum -tube voltmeter.

frequency signals between these two
stages (increasing phase shift decreases

degeneration and increases gain).
Variable resistor R119 in the grid return path for V3, V4 and V5 adjusts

The meter rectifier circuit consists of
two silicon diodes and two capacitors
connected as a bridge, with the Indicatmeter across the midpoints as
shown in Fig. 22-100C. The diodes provide full -wave rectification of the signal current for operating the meter.
Electron flow through the meter is suping

plied in the following manner. During
the positive half -cycle of the plate volt-
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age on VS, rectifier CR1 conducts elec-

constant -4250 Vdc to the stabilized am-

trons from both C32 and C33 back to
the B-1- bus. The portion of electrons
from C33 flows through the meter on
the way to B 4- . Al this point in the

plifier circuit of the voltmeter. Tube V7
is the series regulator tube, and V9
provides a fixed reference voltage drop
with which the output voltage is ap-

cycle, both C32 and C33 are charged to

plied to the control grid of V8B while
the reference voltage is applied to its
cathode. The difference between the

the potential of Bt minus some small
drops in R51 and R52.
During the negative half -cycle of the

control -grid and cathode voltages con-

plate voltage of V5, rectifier CR2 conducts electrons back to both C32 and
C33 from the plate of VS. That portion
of electrons going back to C32 flows
through the meter on the way, in the

trols the operating point of V8B and
thus its plate voltage, which in turn
supplies the grid voltage for regulator

directions that the electrons
flowed in the first positive half -cycle.

bias of V7 through the action of V8B.

same

At this point in the cycle, both C32 and
03 are discharged. The pulsating current through the meter is smoothed by
C34 to prevent meter -pointer vibration
when low -frequency signals are measured. The current is proportional to
the arithmetic average value of the
waveform amplitude of the signal.
Meter calibration in mu volts is based
on the mathematical ratio between the
average and rms values of true sine wave current.
In addition, the bridge circuit serves

as a segment of a voltage divider (in
series with L11 and R108) connected
across the output of the amplifier. The
negative -feedback voltage fed to the
input of the amplifier is obtained across

LII and R108. The alternating charge
and discharge of C32 and C33 produce,

at their junction with L11, an alternating current of the same phase and
waveform as that at the plate of V5.
This phase is negative with respect to

V7. Any change in the regulated output
of V7 produces a correction in the grid
This action results in an essentially constant output voltage despite changes in
line voltage or load on the supply. The
gain of V88 is high enough to keep the

output at the V7 cathode regulated to
within plus or minus I Vdc as the V7
plate voltage is varied plus or minus 10
percent, with about GO mA of load current. The response of the regulating circuits is fast enough to reduce the ripple
in the output voltage to less than 1
millivolt, supplementing the filtering
action of C30. Capacitor C36 couples the
ripple component in the regulated output directly to V8B to avoid attenuation
by R62. Resistor R57 shunts a small

portion of the load current around V7
to prevent excessive V7 plate dissipation at high line voltages. Resistor R63
and capacitor C35 constitute a low-pass
filter which prevents noise generated in
V9 from reaching V8B.

The heater supply for the voltmeter
tubes is divided into two sections. One
section supplies dc voltage for the tubes

the input signal applied to the first stage
of amplifier V2, and drives the negative
feedback network.

in the input cathode follower and the

The power supply consists of tubes
V6 through V9 and the associated circuits, as shown in the schematic diagram of Fig. 22-100B. The power sup-

power supply. The voltage required for
the heaters of tubes VI through V4 is
obtained from the 6.3- and 73 -volt secondary windings of transformer T1. The

amplifiers, while the other section sup-

plies ac voltage for the tubes in the

ply fumislies regulated +250 Vdc for

voltage developed across the two series -

the plate and grid bias circuits of tubes

Vi through V5, and unregulated 12.6
Vdc for the heater supply of tubes Vi

connected windings is rectified by full wave rectifier CR3, reduced to 12.6 volts
by R66 and R68 in parallel, and applied

through V4, and 6.3 Vac for heater sup-

to the series -parallel -connected heaters

ply of VS through V8. The power supply is designed to operate from either a
115 -volt (plus or minus 10 percent or a
230 -volt ac power source of 50 to 1000

of VI through V4. The series -parallel
connection of the four heaters establishes a voltage of 6.3 Vac from one of
the windings which drives CR3. The

Hz.

heaters of V6, V7 and V8 receive 63 Vac
from a separate 6.3 -volt secondary

The output of rectifier V6 is applied
to the voltage -regulator circuit consisting of V7 through V9, which supplies a

winding of TI. A front view of the instrument appears in Fig. 22-100D.
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Fig. 22-101. Schematic circuit for a calcode-coupled vacuum -tube voltmeter.
cascaded vac-

high -frequency response. The instru-

uum -tube reltmeterl-lt is a vacuum -

ment to be described is quite similar to
that of Question 22.99. It has the same
voltage and decibel range but the high frequency response is not as great, as it
is limited to about 300 kHz on the lower
ranges. and 40 kHz on the higher

22.101

What

is

a

tube voltmeter using a cascoded amplifier, as described in Question 12.88. The
purpose of its use in a vacuum -tube
voltmeter is to provide high stability,

low internal noise, and Increase the

TEST EQUIPMENT

ranges. Voltage ranges arc 10 millivolts
to 300 volts rms.

Referring to Fig. 22-101, the input
signal voltage is applied to the control
grid of VI, a 6C4 tube connected as a
cathode follower. This tube presents a
high impedance to the voltage under

1 3 S9

ufactured by Ballantine Laboratories,
Inc., is pictured in Fig. 22-102A. It will
be noted that the meter scale is calibrated logarithmically for voltage and
linearly for decibels. Both voltage and
decibels arc calibrated in terms of the
rms values of a sine wave.

section V2B. The plate of V2B is direct

Since the input amplifier always operates with the same basic sensitivity
(0.001 to 0.01 volt), an attenuator is
provided for reducing higher voltage
levels to this range. Actually, the voltage divider network consists of three
separate attenuators providing reduc-

coupled to the control grid of V3A, a

tions of 10:1, 100:1, and 1000:1.

second 12AT7, then cathode coupled to
its other half, V3B, and serves to drive

At very low frequencies the attenuation ratio is determined entirely by the
resistors. However, at the higher fre-

measurement (about 1 inegohm), and a
low impedance to the voltage divider in
its cathode circuit. The output from the

voltage divider is applied to the control grid of V2A (half a 12AT7 tube)
which is cascode coupled to its other

the indicating meter. The meter circuit
with its four diodes is returned in a
negative feedback loop to a 10 -ohm
potentiometer in the cathode circuit of
V2A. This control is used to calibrate
the instrument against a source of
known voltage. The capacitor connected

across the meter movement aids in removing low -frequency flutter of the
meter movement when frequencies below 40 Hz are measured.
Input voltages between 10 millivolts
and 3 volts are applied to the input of
tube V1 and measured at its cathode.
For input voltages of 10 to 300 volts the
voltage to be measured is applied to a
voltage divider connected directly to
the voltage source, through a series capacitor and resistor. It is important that

the four diodes (Dl to D4) in the metering circuit be of the type specified, or
ones having a good high -frequency response. The diode D5 used in the half -

quencies capacitive compensation is
necessary to compensate for circuit

strays, input capacitance of the amplifier, and other factors. The crossover
from resistive to capacitance attenuator occurs at approximately 25,000 Hz.
A schematic diagram of the instrument
is given in Fig. 22-102B. It will be observed that no compensation is em-

ployed on the /1000 and x100 steps
because of the relatively low resistance
involved and the negligible reactive
component of the resistors. Thus capac-

itor C6 serves to adjust the high -frequency response for the x10, x100, and
x 1000 steps.

The amplifier section consists of four
capacitively coupled pentode stages. The

first three stages are operated to provide voltage gain, while the final stage

wave rectifier circuit to supply the operating voltages can he a silicon diode
having an rms rating of 400 volts at 75
milliamperes.
22.102 Describe the circuitry for a
vacuum -tube voltmeter using a linear de-

cibel scale.-Linear decibel scales are
used with vacuum -tube voltmeters to
eliminate crowding of the calibrations
at the lower readings, and they are very

useful in estimating fractional parts of
a decibel because of its linear deflection.
To accomplish linear deflection for a

logarithmic quantity, the pole pieces of
the meter are shaped to respond logarithmically (see Questions 22.19). For
this type of operation, the meter has no
zero calibration. Its normal position
(without an input signal) is at the lefthand off -scale stop. Such a meter, man -

Fig.

22-102A.

Model

Ballantine

Laboratories

300G logarithmic vocuum-tube
voltmeter.
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is used as a transducer to convert volt-

age to current for the rectifier meter
circuit. When the instrument is operated as an amplifier only, the fourth
stage also provides voltage gain.
Local feedback is achieved up to 8
dB or greater by the use of unbypassed
cathode resistors, with an overall feed-

back of 32 dB or greater to minimize
distortion and gain changes. The amplifier response to frequency without
feedback is shaped to fall off from the
midband value at a rate of approxi-

mately 6 dB per octave. As a result,
with the amount of feedback available,
the stability of the amplifier at the band
extreme (10 Hz to 250 kHz) is essentially the same as in the midband.
The high -frequency response is adjustable over a narrow range by means
of inductor LI in the cathode circuit of

tube Vl. The gain and sensitivity (for
calibration purposes) is adjustable over
a small range by means of R16 in the

feedback network. The heater of the
input stage is operated on direct current to minimize the line -frequency
component injected in the low-level

stage when voltages at the line frequency are measured and to reduce its
harmonics.

The ac current available from the
final amplifier stage is passed through
the rectifier meter circuit and the feedback network to ground. The rectifier
circuit is composed of two silicon diode
rectifiers in full -wave bridge circuit.
Capacitor C19 connected in parallel with

the meter tends to reduce flutter at the
lower frequencies. The response of the
meter circuit is the average although it
is calibrated to read in terms of a sine
wave. Resistor R38 and R40 provide adjustment of the meter scale on range I.

A small current determined primarily
by the value of R40 and the potential at
the top of the rectifier circuit is passed
through the rectifier to ground. The division and direction of this current
through the meter is determined by the

position of the arm on potentiometer
R38. The nonlinear characteristic of the
diode rectifiers is reduced to a negligible
amount by connecting the rectifier circuit within the feedback loop.

Amplifier plate and screen voltages
are supplied by a full -wave rectifier
6X4, employing an RC filter network,

and an 0A2 (V5) gaseous regulator
tube. Heater voltage for tube VI is ob-

1361

tained from a full -wave rectifier employing silicon junction diodes and a
capacitance filter. All other heaters are
operated

from

ac

and

balanced

to

ground by a center tap on the heater
winding.

The voltage range for this meter is
1 millivolt to 1000 volts, in six full-scale
decade ranges. Frequency response is
10 Hz to 250 kHz, with accuracy of 1 to
2 percent, depending on the scale used
and the frequency. Input impedance is
2 megohms shunted by 15 pF, decibel

range is minus 60 to plus 60 dB (re:
1
volt). The logarithmic voltage scale
from I to 10 provides a 10 -percent overlap at both ends of the scale. The linear
decibel scale indicates 0 to 20 dB. Linear
decibel scales may be applied to either

vacuum -tube or transistor -type voltmeters.

22.103 What is the effect of non sinusoidal waveforms on the accuracy of
voltmeters calibrated to read in terms of

the rms value of a sine wove?-The following data apply to both transistor and
vacuum -tube voltmeters calibrated to

read in terms of rms value of a pure
sine wave. unless they are of the truerras-responding type. If the voltage under measurement contains an appreciable amount of harmonics, the error in
the reading will depend on the magnitude and phase of the harmonics. (See
Questions 22.98 and 23.166.)

For a meter calibrated to read the
average voltage, which is the calibration generally used for vacuum -tube
voltmeters, a greater variation will be
noted when an appreciable amount of
third harmonic is present than when
waveform contains second harmonic components. The reading of the
meter will always be lower for the second harmonic than the rms value. The
reading of a waveform containing a
third harmonic may be either higher or
lower for harmonic components up to
the

75 percent.

Third harmonics will cause a greater
variation than any other harmonic. The
extremes of error with small amounts
of odd harmonics arc given by the percentage of the harmonics divided by the

order of the harmonic. For the worst
condition (third harmonic), the accuracy of an average -reading vacuum tube voltmeter is still good. Third harmonics up to 10 percent will only cause
errors up to 3.3 percent.
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Voltage values which might be read
on a vacuum -tube voltmeter calibrated
to read rms value of a sine wave compared to the voltage as read on a peak -

22.105 How du nonsinusoidel waveforms affect a peek -reading voltmeter?With a peak -reading type vacuum -tube

reading meter and the true rms value

oretically range from 100 percent low to
infinitely high. Since the deflection of a

are given in the table in Fig. 22-103. The

first column is the magnitude of the
harmonic in terms of the fundamental
voltage. The second column is the actual

effective value of the voltage. This is
the value which would be indicated by
a thermocouple meter. The third column gives the range of readings which
will be obtained using an average -reading meter. Where two values are given,

these are the limits which are determined by the phase relationship of the
particular harmonic. The fourth column

voltmeter, the limits of error can thepeak -reading meter is proportional to
the peak of the applied waveform, the
maximum reading will be obtained
when the relative phases of the waveform components are such that a peak
of the harmonic coincides with the peak
of the fundamental frequency. The

maximum reading for a given magnitude of harmonic will thus be the same,
regardless of the order of the harmonic.

The peak maximum value will

be

tained with a peak -reading meter cali-

obtained when the peak of the harmonic
is in phase opposition to the peak of the
fundamental. The lowest minimum peak

brated in terms of the rms value of a

value will be obtained with low -order

sine wave.
22.104 What is the percentage error
when a nonsinosoodal waveform is applied to a vtvm calibrated in ems or peek

harmonics. As the order of the harmonic

is the indication which would be ob-

voltage of a sine wave?-The expected
errors are given in the following table:
Error
Average

Harmonic

Meter (7 -ms)

Error Peak
Meter

0 to 1.7%

-20 to 20%
-20 to 20%
-18 to +20%

1.0%

20%

Second

0 to 1.8%

Third
Fourth

-6.6 to 6.6%

Enharmonic

The values given are for the harmouic phase angles giving maximum
positive and negative errors. The last
line pertains to extraneous current
whose frequency is riot an integral multiple of the fundamental frequency. The
advantage of the average -value iudica-

is increased, the minimum peak value
will increase until it approaches the
maximum peak value (when the fundamental and the harmonic peaks coincide). The reason that the minimum
reading increases as the amount of the
harmonic is increased, is that the harmonic ultimately causes neighboring
peaks to he formed. These peaks are
what the meter responds to and their
amplitude increases with the increased
harmonic. The higher the order of the
harmonic, the smaller is the percentage
at which these peaks form. Possible errors occur when the phases of the second or third harmonics are such as to
cause the minimum possible reading of
the meter. Higher harmonics will give
minimum readings that progressively
approach the maximum possible read -

tion is apparent, especially when measurements are to be made using ac voltage sources of questionable purity. (See

If the error for a peak -reading meter
is compared with that of an average -

Question 22.103.)

average -reading meter in approximating

Percent
Harmonic

Actual Ruts
Value

reading meter, the superiority of the

Average Value
VTVM

Peak-lectteattug

VTVM

100

100

100

10 2nd
20 2nd
50 2nd
10 3rd

100 5

100

102

20 3rd
50 3rd

102

100-102
100-110
96-104
94-108

112

90-11G

90-110
80-120
75-150
90-110
82-120
108-150

0

112

100.5

Fig. 22-103 True rms values versus peak -indicating meter readings.
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the true rms value of the waveform

selected in ratios of ten, the current may

will at once be apparent. (See Question

be read directly from the meter in ratios of ten. Thus, if a 1 -ohm shunt is
used, 1 ampere would be indicated as
1
volt. A table of current readings for
shunt resistors ranging from 0.10 ohm

22.103.)

22.106 What effect do hum frequencies hove on measurements mode
with on overage- or a peak -reading voltmeter?-The hum voltage will probably

be measured with the signal voltage

to 1000 ohms read on a meter scale of
1 volt is given below.

under measurement. If a high frequency is being measured and the hum
voltage is 10 percent of the signal voltage,

measured. (See Fig. 22-107.)

The voltage drop across the resistor
is read on the vacuum -tube voltmeter
and the current is computed by using
Ohm's law:
I = -E

Current

0.10 ohm

10 amperes
1 ampere

1.0 ohm

it will increase the reading of an

average -reading meter about one-half
as much as it would increase the reading of a true sins meter.
On the other hand, a peak -reading
meter will add the hum voltage linearly
to the desired voltage reading. Thus,
the meter reading is increased by an
amount approximately equal to the
hum -voltage amplitude
22.107 How may a vacuum -tube
voltmeter be used as on ammeter?-By
connecting a shunt resistor across the
input of the vacuum -tube voltmeter and
then connecting the shunt in series with
the circuit in which the current is to be

Resistance

10

100

1000

22.108

ohms
ohms
ohms

100 milliamperes
10 milliamperes
1 milliampere

Describe a phase meter and

how it functions.-A phase meter is an
electronic instrument used for the measurement of phase difference between
two ac signals. A precision phase meter,
Model 406H, manufactured by Ad -Yu
Electronics, is pictured in Fig. 22-108A.

A block diagram of this instrument is
given in Fig. 22-108B.

Input signal E, is applied to a four stage, cathode -coupled limiter, CL11 to
CL14. The function of the cathode limiter is to produce a square wave with

the instants during which the waveform intersects with the zero axis identical to those of the input signal. A
schematic diagram of a cathode -coupled
limiter stage is shown at (a) in Fig.
22-108C.

It

The control grids of the duotriode

where,

R is the shunt resistance in ohms,
E is the voltage drop measured on
the meter.

tube are biased with positive potentials

The shunt resistor must be capable of
dissipating the power of the circuit
under measurement.

If the meter wales are calibrated in
ratios of ten, and the shunt resistors arc

WAD-Y1.1n500100.1.1[
ASSAIC %I USA

Fig.

22-107. Vacuum -tube voltmeter
used as an ammeter.

1.1111CPCM 11.11.14 10,110

(VW OM

WWI

0.0

,ens

Fig. 22-108A. Ad -Yu Electronics Model 406H precision phase meter.
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CI.

Cl-ii

ceps

-2-

us"I" e

CCANCIDENT

INPUTS

SLICER

e2

C.4.21

CL z2

C1.23

Fig. 22-108B. Block diagram for Model 406H precision phase meter manufactured
by AdYu Electronics.

E.. and E.,, respectively. When the input signal increases from zero, the potential at the cathode of both sections
increases. The control grid of the second
section is held constant by E..; thus the
potential at the plate of the second section increases. As the signal continues
to increase, the potential at the cathodes
will be high enough to cut off the plate

As the signal continues negatively, the control grid to cathode potential of the first section will reach a
value high enough to cut off the plate
current and the output waveform beby

comes flat-topped again. Before limiting

action occurs, the gain of a cathode coupled limiter is approximately equal
to:

current of the second section; therefore, the waveform at the plate of the
second section becomes flat-topped.
When the input signal increases neg-

atively from zero, the cathode potential
decreases at a slower rate and the plate
current of the second section increases
because its control grid is held constant

2 (Rs - R.)
where,

R. is the plate -loud resistance of the
second section,

. is the plate resistance of the second
stage,

µ is the amplification factor of the
tube

With conventional duotriode tubes,

a

gain of 10,000 can be secured with four
stages of cathode -coupled limiters. Both

e.

input signals are transferred into two
square waves by means of separate
cathode -coupled limiters
and then fed into a coincident slicer cirfour -stage,
IN

cuit. The circuit diagram of the coincident slicer is given at (b) in Fig.
22-108C. A gated -beam tube with two

control grids, G, and C. is employed.
EC

E Ct

(a) Cathode -coupled limiter.

Both control grids, G. and G,, are
biased positively with respect to its
cathode and both applied signal voltages

are negative. The plate current of the
gated -beans tube cannot flow unless G.

and G, are simultaneously above their
2,

a.

cutoff values.

When both input signals arc at their
most negative positions, plate current
cannot flow. Assume the dotted line (1)
in the waveform shown at (b) of Fig.
2.2-108C represents the cutoff level and

the dotted line (2) the saturation level

of both grids G. and G. When the
potentials at G, and C, are being in-

(b)

cident slicer.

Fig. 22-108C. Basic circuits for Ad -Yu
Electronics Model 406H phase meter.

creased from a value below cutoff, the
plate current will start to flow as soon
as the voltages of G, and G. arc either

equal to or above the dotted line (I).
Thereafter, the plate current continues
to increase if the potential at G. and G.
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continues to increase. As soon as the
potentials at G, and G. reach dotted
line (2), the plate current reaches its
maximum value and will no longer in-

serious if a sum amplifier is used for
phase measurement instead of a coincident slicer as used in conventional

are outside the region of dotted lines
(1) and (2), the plate current will not

phase meters. Another advantage of
using a coincident slicer is that the
output meter reading can be made virtually independent of the variations in
the output amplitudes of the cathode -

be affected by such irregularities.
Fig. 22-108D shows the waveforms at
various points of the circuits. E, and E,

coupled limiters or voltages of the tubes.
Since the instrument employs two four stage cathode -coupled limiters, a gaM

are the input signals; E,' and E,' are
output signals of the two four -stage,

crease. If the irregularities of both input
signals, rounded corners, and overshoots

saturation

of about 10,000 is achieved for each input channel. The output meter reading
is completely independent of variations
in signal amplitudes.
Used in conjunction with an accurate
phase shifter, this instrument may be
employed for the measurement of phase

levels, respectively, of the gated -beam
tube used in the coincident slicer. L.

angles with an accuracy of better thau
0.25 degrees at fractions of 1 -degree

represents the waveform of the plate
current of the coincident slicer. The

phase difference between two signals.

complete schematic diagram appears in
Fig. 22-108E. Assume T to be the period
of the applied signals and y to be their
phase angle. The average plate current
(lb.) can be expressed:

capacitor tester?-A capacitor tester designed to test capacitors installed
in a
circuit without disconnecting them. The

cathode -coupled limiters. The rounded

corners are exaggerated for low -frequency signals, but not for high -frequency signals. Dotted lines (1) and (2)
represent

the

cutoff and

= I ti/T = krk
where,

Is. is the peak value of the plate current of the gated -beam tube,
k is a constant.

Therefore the output meter can be calibrated to read the phase angle between
E, and Er directly.
It is known that stray capacitance
and lead inductance can produce

rounded corners and overshoots on a
square -wave signal. This effect is very

22.109

What

is

on

in -the -circuit

device will test capacitors for internal
short circuits and opens, even though
the capacitor is connected in parallel
with a resistor of SO ohms. The schematic diagram for such a tester is
shown in Fig. 22-109A. The circuit consists of two parts: one for testing shorts

and the other for testing opens.
For the open -circuit test, tube VI

operates as a Hartley oscillator on an
approximate frequency of 20 MHz. Inductance L2 is a coupling coil to the

tank circuit of oscillator coil LI. The
circuit, composed of C5, C6, L3, and
the test cable, is designed to appear to
coupling coil L2 as a quarter -wave line,

and has the characteristics of a quarter -wave line; that is, an open circuit
at one end of the line (open -circuit
capacitor) appears as a short circuit at
the other end, and a short circuit (ca-

pacitor with an internal short circuit)
appears as an open circuit
A good capacitor will reflect an open

circuit to the junction of L2 and CR2,
which in turn develops a voltage which
is rectified by CR2. Therefore, when the
test switch is closed, a negative voltage

Ez.

is applied to the control grid of V2, a
6E5 electron -ray tube, causing the eye

to

to close.
Fie.

22-1080.

Waveforms at

various

points in the circuit of the Ad -Yu Electronics Model 406H phase meter.

In the short-circuit test position, if
the test leads are connected to a good
capacitor, the ac voltage from the filament winding of transformer Ti ap-
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Fig. 22-108E. Schematic diagram far Ad -Yu Electronics Model 40614 phase meter.

pears at the control grid of V2, causing
the eye to close. If the test leads are
connected to a capacitor with an internal short circuit, the ac voltage from

the filament winding of TI is shorted
across resistor RI and no voltage ap-

pears at the control grid of V2. This
permits the eye to remain open.
Intermittent capacitors are indicated
by a fluttering of the eye.
Any type of capacitor from 20 pF up
to

and including 2000

,or may be
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must be disconnected from the

checked for shorts or an open. Capaci-

?tor

tors of 0.10 µF may be tested with a
resistor of 20 ohms in parallel. Good
capacitors of less than 20 pF will indi-

power line when making tests.
I2.710 What is a direct -reading
capacitance meter?-In a direct -reading
capacitance meter. as shown in Fig. 22110, the measurement of capacitance is

cate an open circuit.
The device with the suspected capac-

06E5

06C4

4705

°°57(5T as"
7

34

475
r

TOK

4

?Chair

OPEN
0

SNORT',

200

4705

pF

,

T

O PEN

X

TEST CABLE

cb'N

L..

HORT%

47

"

0
2C

Fig. 22.109A Schematic diagram for an -in-the-circuit" capacitor tester.
forITO. SNOW. lo

COO 55111

OB5 7 Gl

KW

Fig. 22-110 Schematic diagram of a direct -reading capacitance meter.
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PLOT LIGHT
CAPACITOR
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PILOT
LIGHT

41701(

0/ 30040
100k

Fig. 22-111A Electrolytic capacitor leakage

accomplished by rectifying a square sided pulse and reading the average
value of the voltage on a meter calibrated in microfarads. The impedance
of the meter circuit, in conjunction with
the unknown capacitor, determines the
shape of the pulse and, consequently,
the average value of rectified voltage.
The capacitor meter consists of a
type 6BX7CT tube in a cathode-conpled
multivibrator circuit. A 100 -ohm resistor in the cathode circuit provides a
common impedance for both sections of
the tube, which is necessary to main-

capacitance

filter and a 0A2 voltage

regulator complete the circuit. The tolerance of the internal capacitors used as

a standard and the adjustment of the
variable resistors determine the accuracy of the instrument. Before using
the instrument, it should be permitted
to warm up for about 10 minutes. The
unknown capacitor is connected to the
test terminals. If the approximate value

of the capacitor Is known, the range
switch is set to the proper scale: if
unknown, it is set to the highest scale
and then to the next lower scale, until

tain oscillation, and is the source im-

the proper range is found. The capaci-

pedance of the pulse used for the measurement of capacitance. A range switch
permits the selection of various capaci-

tance may then be read directly from
the meter scale, noting the position of

tors in

a

feedback loop between the

plate of the second section and the con-

trol grid of the first section. Four calibrating resistors arc provided, one for
each

range

of capacitance measure-

ment The value of the calibrating resistor establishes the pulse repetition
rate and the maximum value of capacitance that may be read. Oscillator frequencies range from 80 Hz to 80 kHz.
The pulse repetition rate is such that.
at the maximum deflection of the meter

for any range, the waveform of the
rectified pulse will have decayed to
zero during the interval between pulses.

This is necessary in order to maintain
linearity of the readings throughout the
full range of the instrument. A conventional power supply with a resistance -

the range switch.
22 111

Describe a capacitor leakage
leakage tester circuit
shown in Fig 22-111A consists of a

.-The

600 -volt transformer, a type 5881 tube
used as a series current regulator, a
series pilot lamp to protect against short
circuits, a voltmeter, and a milliammeter.

The milliammeter has a range of 0 to

30 mA, and the voltmeter has three
scales covering full-scale deflections of
10. 100, and 1000 Vdc. The 5881 tube is
used both as a half -wave rectifier and
as a series current regulator, with a

potentiometer PI used for controlling
the voltage at the control grid In this
manner the output voltage may he varied from zero to full voltage across the
capacitor.
In operation,

test

the

voltage

slowly brought up from zero

is

to the

rated voltage of the capacitor, while the

leakage current is kept below 10 mA,
thus reducing the in -rush current and
TO

WO%

CAPACITOR

TORE

preventing the capacitor from overheat-

ing. 'The leakage current is read after
several minutes to allow it to become
normal, with allowance made for the
capacitor age and ambient temperature.

Fig. 22-1118. Circuit for resting capacitor leakage.

If the leakage current is high, the
capacitance should

be

measured,

as
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electrolytic capacitors will often measure up to 60 percent higher than their

When first applying the tester to a ca-

rated capacitance. If the capacitance is
satisfactory, the capacitor can then be
considered to have high leakage. If the
current fluctuates and refuses to settle
down when the rated voltage is reached,

seconds and then go dark.
Capacitors using oil, paper, or one of

it is generally an indication of intermittent leakage and the capacitor

should be discarded.
The maximum permissible leakage
current may be calculated as:

I=K xC+ 0.30
where,

I is the permissible leakage current in
milliamperes,
K is a constant taken from the table
below,

C is the rated (or measured) capacitance in microfarads.
(See Question 25.30 )
K

WVDC

0.03

3 to 100
101 to 250
251 to 350

0.04

351 to 500 and above.

0.01
0.02

A simplified capacitor leakage tester
consisting of a battery (or other source
of voltage), an NE -51 neon lamp, and
two resistors is given in Fig. 22-111B.
If voltage is applied to a capacitor and
the current through the capacitor creates a voltage drop across the 30,000 ohm resistor causing the neon lamp to
glow, leakage is present. If the leakage

current is small, the lamp will remain
dark. If it flashes intermitteutly, leakage is present, or if it glows continuously it is a sign of an internal short.

pacitor, the lamp will glow for a few
the other low -leakage dielectrics may
be tested in a similar manner; however,
capacitors generally show no
leakage, or may flash once in 10 seconds
these

or so, or not at all.
22.112 What is a graphic level recorder and what is its purpose? ---A
graphic level recorder is an instrument
for automatically plotting the electrical
response of a device under test. When
operated in conjunction with a sound -

level meter or some other source of
sound pickup, it can be used to plot the
acoustical delay characteristic of recording stages, auditoriums, or for re-

cording mechanical vibration by connecting the proper transducer to the input. The plot is made on a moving strip
of paper calibrated to read in decibels,
voltage, current phons, sones, or other

units. It can also be used for plotting
the electrical response of amplifiers, filters, equalizers, or any other device in
a
rectilinear or logarithmic manner,
and in some instances the recorder
plots in both manners. Such an instru-

ment is ideal for routine testing of microphones and speakers in conjunction

with an anechoic or quiet room. The
paper strip is driven by a synchronous
motor and is geuerally capable of moving at several different speeds.
Pictured in Fig. 22-112A is a Model
2305 level recorder, manufactured by
Brilel and Kjaer of Denmark. The basic
diagram for this instrument is given in
Fig. 22-112B. The recorder has been de -

Fig. 22-112A. Bruel and Kjaer Model 2305 level recorder.
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Fig. 22-112B. Basic diagram for Srliel and Kjacr Model 2305 level recorder.
signed to respond to frequencies be-

tween 2 Hz and 200 kHz.
The operation of the recorder is
based on the servo principle. When the
magnitude of the voltage applied to the

input terminals is changed, a current
will flow through the driving coil of
the writing system, thus moving a stylus (pen) mechanically coupled to a

range potentiometer. By the movement
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1371
II

V.

BALANCING
POTENTIOMETER

Ac

TO OUTPUT
AMPUIIF.11
Or

ClOOPPER

OSCILLATOR

VOLTAGE

VOLTAGE
4
ti

r

T.-01

Tor

TIME

Fig 22-112C Basic circuit for electronic chopper used in he dc ou put amplifier for
the Uniel and kjoer level recorder.

Fig. 22-1I2D. General Radio Co. Model 15218 graphic level recorder.

of the stylus, a voltage delivered from
a potentiometer to an input amplifier is
altered until a stable condition is obtained. In this way it is possible to
make recordings for different ranges of
input voltage by employing different
range input potentiometers.
Electronically, the recorder consists
of an input potentiometer, attenuator,
and a direct -coupled ac amplifier. A
signal rectifier and dc output amplifier
drive the electrodynamic writing system. The input signal is fed to the con-

tinuously variable input potentiometer
and then to a calibrated input attenuator, whose impedance is approximately
constant, varying between 16,000 and
18,000 ohms. The input attenuator decreases the input signal in six 10 -dB
steps for a total range of 60 dB. Interchangeable input potentiometers are

available for a wide range of operation
for either linear or logarithmic operation.

The voltage developed between the
variable arm of the range potentiome-

THE AUDIO CYCLOPEDIA

1372

ter and ground is fed to au electromechanical chopper. When an ac signal
is recorded, the chopper arm is held in

one of its two contact positions. However, when switched to dc, the chopper
will operate at twice the line frequency,
supplyiug an ac signal to the following
amplifier. The nonchopped or chopped
signal is applied to a balanced direct -

coupled amplifier. Unwanted blocking
of the amplifier due to overdriving (resulting in an overshoot in the plot) is
eliminated, and the influence of the
variations in supply voltage are decreased to a minimum. A balanced amplifier enables the output from the sig-

rectifier, which follows after the
amplifier, to be symmetrical with renal

spect to ground. By using ac as well as
dc negative feedback, the lower limiting frequency of the amplifier is easily

controlled. Because of the feedback arrangements, the dc amplification is approximately 270, while the ac amplification is on the order of 4500.
The rectifier can be switched to mea-

sure either true rms, arithmetical average, or half the peak -to -peak value
of the input signal. The lower frequency
limits of the recorder may be set for 2,
10, 20, 50, or 200 Hz. To avoid overdriv-

ing by the high-level rapidly fluctuating signals, an amplitude limiter is included. The characteristics of the limiter
are such that the drive system has full
power when the fluctuations reach their
limit.

The output signal from the limiter is
now de and is compared with a built-in,
balanced, de reference voltage. The difference between these two signals is
used to drive the output amplifier

T' lKBI
VISV:01

1/01.1118(

fULOSACK
COAL

-1

L

J
_
Fig. 22-112E Block diagram for General Radio Model 15211 graphic level recorder.

ft;
Fig. 22-112F. Heothkit Model EUW-20 servo recorder.
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through a second limiter. The difference
signal is obtained by comparing the rec-

tified and limited input signal with the
built-in reference voltage, which may
be attenuated by a step range potentiometer. The latter element controls the
resolution of the recorder. From the
range potentiometer attenuator, the signal goes to a second limiter. This limiter

is to ensure that the drive signal to the
output amplifier is independent of the
magnitude of the servo error signal, as
soon as it reaches a given value.
The output consists of a chopper amplifier and a push-pull dc power amplifier. The chopper amplifier prevents
zero -level drift during the amplification

of very small dc signals. A balanced
modulator operating at a frequency of

as the signal from the second amplitude

limiter has a constant value, which is
the situation when the limiter is in operation. In this manner constant speed
of the writing system is obtained. The
speed and thereby the damping (average time) of the writing system is adjusted by the writing speed control. The

basic diagram for the chopper circuit
is shown in Fig. 22-112C.

The power supply section contains
two full -wave and two half -wave recti-

fiers. One full -wave rectifier supplies
de for the magnetic clutch, the event marking arrangement, and the lifting
magnet. An ac ripple voltage is used to
drive the electromechanical chopper in
the recording input circuit. The second
full -wave rectifier supplies the plate

5000 Hz is used for the chopper. After
the chopper signal is amplified, it is
rectified by a phase sensitive rectifier,
then used for controlling the de power
stage. This latter stage operates a single -ended push-pull stage, thus permit-

voltage to the amplifiers, with the exception of the tubes in the dc output
stage. The positive reference voltage
for the servo system is also supplied
from the rectifier and stabilized by a

ting one terminal of the drive coil in

The maximum sensitivity of the recorder is 5 mVac and 10 mVdc, with a
dynamic range of 10 to 75 dB. The
range potentiometers are of the plug-in

the electromagnetic recording system to
be grounded.
A velocity -dependent signal is developed from a special winding in the electrodynamic drive system. This signal is
introduced as a negative -feedback sig-

nal to the input of the output amplifier.
Thus the feedback signal controls the
output signal from this section as long

zener diode.

type and may be changed to fit a particular requirement. The input impedance
is 16,000 to 18,000 ohms. Writing speed
is 2 to 1000 mm/s for 50 -mm paper, and
for 100 -mm paper 4 to 200 mm/s. There
is an internal 60 -Hz calibrating signal.
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Means of coupling the recording mechanically to other instruments such as
an oscillator or analyzer are also provided, as well as remote control of the
principal operating controls. Standard
chart paper may be used, either of the
ink- or wax -surface type.
Fig. 22-112D shows a Model 15215
graphic level recorder, manufactured by
the General Radio Co. This recorder is
somewhat similar to the one previously
described. Its basic diagram appears in

Fig. 22-112E. The input signal is fed
through an input step attenuator to a
potentiometer which is automatically
positioned to maintain a constant 1 -mV
signal at the slides arm. This voltage is
then amplified and rectified by a quasirms detector. The detector output voltage is compared with a 1 -volt reference,
and the difference (error) voltage is
amplified by a de amplifier. The push-

pull output current from the dc ampli-

fier passes through a drive coil suspended in a magnetic field. Interaction
between the coil current and the magnetic field moves the arm on the potentiometer to reduce the error voltage to
zero (null condition), and also positions
the pen mounted on the coil assembly.
Since the potentiometer output is

a

constant 1 mV at null, the attenuation
of the input potentiometer is directly
proportional to the level of the input
signal. By suitable shaping of the potentiometer winding a linear scale in
decibels is achieved.
A feedback voltage proportional to
velocity is subtracted from the error
signal at the input to the dc amplifier.
This voltage provides damping so that
the drive coil will not oscillate and
varies the servo bandwidth and maximum writing speed. The moving coil
then responds to the changes in the input level of a voltage applied to the recorder, and a pen fastened to the coil
traces out these changes on paper. For
instance, if the input level increases by
10 dB, the drive coil (along with the
pen) moves the potentiometer arm to
restore the voltage to about 1 mV. Since
the potentiometer is logarithmic, the

potentiometer arm moves downscale 10
dB, indicating a level change of 10 dB

directly on the chart paper. The recorder may be used for either ac or de
input signals. The input impedance is
10,000 ohms and has a sensitivity of 20
to 80 dB, depending on the input poten-

tiometer employed. The frequency response is 7 Hz to 200 kHz, with writing
speeds up to 20 ips for a 0.10 -inch overshoot Paper speeds are 2.5 to 75 ips. The

direction of the paper drive may be reversed when necessary. Provision is also

made for mechanically connecting the
instrument externally to a wave analyzer, oscillator, or other device. (See
Fig. 22-51E.

Fig. 22-112F shows a Model EUW-20
servo recorder, manufactured by Heath -

kit. This instrument is similar in its
basic design to the graph recorder just
discussed, except that it is driven by a
dc signal. It may be employed for the
measurement of speeds, pressure, ternperature, strain, light radiation, and
many other uses. The reference voltage

obtained from a standard 1.35 -volt
mercury cell. An ordinary cartridge type fountain pen is used.
is

A typical recording made on an automatic graphic recorder is shown in Fig.
22-112G. (See Question 22.190.)
22.113 Describe the basic design
of oscilloscope cameras. --- Oscilloscope

camera frames are designed in two basic
styles: the manually operated type
which can be used for both moving and

stationary waveforms, and the automatic which can be used either manually or tripped externally by the signal
for photographing transient waveforms.
One of two means of photographing
the image is used. The most common is
the Polaroid Land camera, which processes the picture In 10 seconds, or a 35 -

mm photographic film camera, which
requires development after removal of
the film from the camera. As a rule, the
camera frame is designed to use either
type of camera by means of an adapter.
The front end of the camera is held to
the oscilloscope by studs or a clamping
ring attached to the bezel on the oscilloscope. Images photographed, using a
Polaroid Land camera arc photographed
from the CRT without reversal.
In certain designs an ultraviolet
(UV) light is included for illuminating
the internal graticule of a CRT. The UV

light excites the phosphor on the CRT
face, causing it to glow uniformity over
its entire surface, appearing in the photograph as an intermediate gray, contrasting with the black graticule lines
and the white image display. The intensity of the UV illumination is variable
and does not degrade the intensity of
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the trace. Ultraviolet light produces a
twofold increase in the film speed by
presensitizing (prefogging) the film at

necessary, the distance separating the

the time the image

is photographed.
Ultraviolet light peaks in the 3560 -ang-

be minimized only by positioning the
graticule as close to the phosphor as

strom region, and the uniform glow of
the excited phosphor lowers the apparent threshold sensitivity of the film.
This enables it to record dimmer traces,
thus sharpening the image of both repetitive and single sweeps. (See Ques-

possible. The face of the CRT should be

tion 18.8.)

cule illumination, whereas the trace

The efficiency of a given phosphor
screen can be quite important when fast

single or low repetition sweeps are to
be photographed. Phosphor type P-11 is

the most suitable and has the highest
photography efficiency and should be
used when maximum writing speed is
desired. (See Question 22.83.) Other
phosphors in their descending order of
efficiency are: P-31, P-2, P-7, and P-1.
Ultraviolet light cannot be used to excite phosphor P-1.
Graticule filters should be removed

for photography, as they detract from
the quality of the photograph and require a longer exposure. Use of an external graticule increases the effects of
parallax distortion. The exception would

be the use of a blue filter to eliminate
cathode glow on some type of nonaluminized phosphor CRT's. Blue filters may

also be used to eliminate yellow afterglow of long -persistence tubes.
If the use of an external graticule is

phosphor and the graticule causes varying degrees of parallax. This effect can

in contact with the graticule, with no
filter between them. For maximum accuracy of measurement, only the scale
graduations near the center are used.
Because white light is used for gratifluorescence is colored, matching of the
trace and graticule intensities should be
determined by evaluation of prints

rather than by observation of the display. Best results are usually obtained
with the trace appearing to the eye as
slightly dimmer than the graticule.
Shown in Fig. 22-113A is a Model
197A oscilloscope camera, manufactured

by Hewlett-Packard. The camera employs an electronic shutter -control circuit to provide exposure times from
',.S0 to 4 seconds. The shutter may be
operated electrically from a remote
source. A sync -output connection pro-

vides synchronization for use with external equipment. Focusing is accomplished by using a split -image focusing
plate in the camera. Normally the camera is used with a Polaroid Land camera film -pack. However, this may be

removed and replaced with

a

4

5

Graflex hack. The back can be moved
vertically through eleven positions for

Fig. 22-1I3A. Hewlett-Packard Model 197A oscilloscope camera.
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Fig. 22-113B. Schematic diagram for Hewlett-Packard Model 197A oscilloscope
camera with electronic shutter control.

multiple exposures, or it may be ro-

ter timing is controlled by a shutter -

tated from the horizontal position to

speed multivibrator, transistors Q11 and

vertical, permitting several smaller pictures to be taken on one photograph.
Polaroid film processing starts automatically when the print is withdrawn

Q12, a nonstahle multivibrator circuit.
Initially, with the shutter closed, Q11 is
biased on, and, due to the cross cou-

from the camera and it takes 10 seconds.
The camera frame can be swung to one
side when not in use.

pling, Q12 is biased off. When the shutter switch Si is closed, Q11 is turned
off and Q12 is turned on, thus causing
the shutter to open. The time the shut-

Referring to the schematic diagram
of the electronics in Fig. 22-113B, shut-

ter is held open is determined by the
time constant of resistor R11 and ca-
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Fig. 22-1 1 3C. Tektronix Inc. Model C-12 oscilloscope camera system.

pacitor C12. Various shutter speeds are
established by changing the time constants. This Ls accomplished by shutter speed switch S2, which connects addi-

tional resistance in parallel with R11
and, for lower speeds, through switch

mounted on the oscilloscope is of the
lift -on type. The whole unit may be removed or swung to one side when not
in use. The camera mount is designed
to accomodate a Polaroid Land camera,
or

film -pack,

may

and

be

rotated

S4A for additional capacitors in parallel
with C12.

through nine detcnted positions, or in-

The shutter is operated electrically
by the action of solenoid LI and closed
by a spring action within the solenoid.
Solenoid L2 is actuated when solenoid
control transistor Q31 is turned on by

trol is provided and, when once adjusted for a particular oscilloscope, requires no further attention.
Pictures are taken directly from the
CRT screen through a beam -splitting
mirror. The major components are
viewing head A, knob for opening viewing door B, shutter control C. Polaroid

the output signal from Q12. Solenoid LI
is initially actuated by a 35 -volt charge
stored in capacitor C32, which ensures
a

fast and positive action of LI. The

charge on C32 is established by the action of diodes CR34 and CR35 and takes

approximately 2 seconds to reach full
potential. When LI is actuated by the
discharge of C32, the voltage decays

very quickly, but LI is held the required time by the 6 volts supplied
through diode CR33. Shutter action
times arc: 5 -ms start to open, half -open
8.5 ms, and fully open 12 -ms. These delays are caused by the mechanical action of the shutter. The shutter may also
be operated from a remote source, and

a sync -output circuit provides a contact closure when the shutter is operated in synchronization with other

crements of 90 degrees. A focusing con-

Land camera D, slide indexing lever
permitting the camera to be rotated to
nine different positions in 90 -degree increments E, camera back (Polaroid) F,
rotating slide latch G, locknut for hold-

ing rear portion of camera frame to
front portion K. and mounting latch L
(locks camera frame against graticule
for lighttight seal).
By use of an adapter a standard 35 mm film camera may be substituted for
the Polaroid camera. Automatic opera-

tion of the shutter mechanism is obtained by the use of a shutter actuator.
22.114
tube

Whet

is

on

ernissiantype

?-A type which connects all

elements such as the plate, screen grid,

Fig. 22-113C shows a Model C-12 oscilloscope camera system manufactured

suppressor grid, and control grid together and uses them as a diode to
check the electron emission from the
filament or cathode circuit. The indi-

by Tektronix, Inc. The camera frame

cating meter is generally calibrated to

equipment. Exposure times range from
!-isi second to 4 seconds.
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read Good or Bad. This reading is often
referred to as an English -reading tube
tester.

22.7/5 Describe a dynamic mutual conductance or transconductance tube

tester.-It is a tube tester in which the
test circuits are such that the test conducted ou a tube is similar to its normal
operating conditions. The test is made
by applying a small 60 -Hz signal to the

control grid, with the other elements
operating under somewhat normal conditions. The transconductance (mutual
conductance) is measured and indicated

directly on a meter calibrated to read
in

both transconductance and English

Dynamic mutual conductance tube tester Model 9-66A manufactured by Stark Electronic Instruments
Fig. 22-115A.

(Canada).

Good/ Bad.

A group of switches provides a means

of selecting the tube elements and the
proper circuitry for the particular tube
under test. Dials permit the bias, plate,
and heater voltages to be individually
selected, with push buttons for making
the test.

Two full -wave internal power supplies provide dc for the tests. A tapped
winding on the power transformer supplies heater voltage ranging from 0.6 to
117 Vac. The line voltage is indicated
on the meter by actuating a push hut -

ton, and it is adjusted by a variable
control in the primary of the power
transformer.
Several tube sockets of different con-

figurations permit most of the conventional tubes to he tested. Generally, a
roll -type tube chart indicating the
switch settings and voltages is included

in the instrument. In addition to the
tests mentioned previously, an element
short test, gas, pilot -light, ballast -tube,
and, in some designs, elementary transistor and diode tesLs are included.

s sis de*

0(4, ilk kg
Novak=

to

regraearans

0

9
PO
Fig. 22-115B.

E2

The Weston Electrical Instrument Corp. Model 686 laborotory-type
vacuum -tube test panel.
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A typical dynamic mutual -conductance tube tester, manufactured by Stark
Electronics Instrument (Canada) is pictured in Fig. 22-115A. A laboratory type testing panel is shown in Fig. 22115B. This latter instrument is designed
to provide means of duplicating the
tube manufacturer's specifications for a
particular tube. Each individual ele-

ment voltage may be set for a given
condition

and

the

transconductance

measured The socket configuration is
selected by the use of small patch cords.
Many tests not available on the conventional tube tester are possible on this

vacuum -tube voltmeter for measuring

the frequency response of amplifiers,
equalizers, filters, and the overall frequency response of the sound system.
The vacuum -tube voltmeter is employed to measure the signal-to-noise
ratio of the system and is also a part of
a self-contained harmonic distortion
analyzer.

The vacuum -tube voltmeter mea-

sures both ac and dc and is of sufficiently high input impedance that it
may be used for measuring photocell
voltages and the voltage at different
points in a resistance -coupled amplifier
stage.

tester.
22.116

signal in audio-freqnency recording and

The audio oscillator circuit contains
an attennator calibrated In decibels for
making gain/frequency measurements.
Included are circuits for measuring
resistance, inductance, capacitance, and

reproducing equipment when trouble-

leakage of paper and electrolytic ca-

shooting.

pacitors.

A signal is applied to the device
under test and the probe of the signal
tracer is applied to various points in
the signal path. If the device is functioning up to a point, the signal will be

22.118 What is a "Z" angle meter?
-An electronic instrument used for

heard on the signal tracer speaker.

bridge?-A device which makes possi-

When the point is reached where the

ble the measurement of the low -fre-

signal disappears, indicating the trouble
spot, the signal will no longer be heard
on the signal tracer. Usually other tests
are provided besides the listening test.

quency dynamic coefficients of vacuum
tubes and transistors over a wide range

The circuit of a typical audio -frequency signal tracer is shown in Fig.
22-116. The probe of the signal tracer
has a crystal diode in series with the
input lead. This will permit the instru-

The device is constructed so that the
circuits are independent direct -reading

ment to be used in checking rf devices

electrode capacitance is balanced out in

when necessary.

such a manner that correction factors

a signal tracer?An instrument consisting of a high What

is

gain audio -frequency amplifier, speaker,

and test probe. It is used for tracing a

What is an audio analyzer?

22.117

-A

test instrument used by motion picture -theater sound engineers. The
device contains terminations of various
values capable of carrying up to 150
watts of audio power. Included is a

measurement of impedance and phase
angle in ohms and electrical degrees.
22.119

C

is

a

vacuum tube

of values and under a variety of operating conditions.

measurements of the forward and reverse voltage amplification factor, resistance, and transconductance. Inter are unnecessary.

The instrument is strictly a laboratory device used in the development
and research of vacuum tubes. The device is constructed to permit setting up
of special circuits for the measurement
6K6

6AU6
SIGNAL

What

moat
14

Is
MEG

I5OV

250v

Fig. 22-116. Schematic diagram

of oadio frequency signal tracer.
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frequency is the same as the fan rotation, every time the light flashes the fan

blades arc in the same position they
were the last time the light was on.
Thus the fan blades appear to he stand-

ing still. Because the retina of the human eye holds the image until the next
image appears, there is little or no
flicker.

If the light is switched on and off at
1801 times a minute (the fan turning at
1800 rpm), it is flashing slightly faster
than the fan is turning, therefore each

time the light is on, the fan blade has
not quite reached the last position and
the blade is seen at progressively earlier

parts of its cycle and will appear to be
slowly turning backward. If the light
flashes 1799 times per minute, the fan
blade will appear to be slowly moving
forward.

If the flashing rate of the lamp is
known beforehand, it can be calibrated

to read directly in rpm. The practical
Fig. 22-120A. General Radio Co. Model
1531A Strobotac. This instrument may
be used for measuring the speed of rotating machinery and for observing irregularities in the motion.

significance of the slow-motion effects
is that since it is a true copy of the
high-speed motion all irregularities
such as vibration, torsion, chattering,
and whip are present and can be studied. The schematic diagram for a Model

of vacuum -tube parameters of conventional and nonconventional design.
22.120 What is a strobe lightT-It
is a device containing a high -intensity

1531A Strobotac electronic stroboscope

flashing light which is used to illumi-

is given in Fig. 22-120B. The flashing
rate is controlled by an internal oscilla-

tor (VI) which constitutes a bistable
circuit. In such a circuit one section

nate a moving object. The light flashes
may be adjusted to a frequency equal
to the motion or rotation of the equipment nnder observation, or to a multiple or submultiple of its period. When
the time between the light flashes is a

conducts while the other section is off,
and vice versa. Each section is alternately turned on and off at a rate determined by the value of the resistors

multiple of the period of the moving

control. Range switch S2 introduces the
proper -value timing capacitor into the
circuit to increase or decrease the flash-

ohject, the object appears to be at rest.
In this manner, irregularities in the

motion may be studied. In certain designs the speed of the rotating object
may be read directly from a calibrated
dial.

The device pictured in Fig. 22-120A
is a stroboscope manufactured by the
General Radio Co. and is so designed
the flashing light can be synchronized
with any fast repeating motion, so that
the rapid movement appears to be at
rest.

To understand how the device stops
or slows down motion, consider a fan
rotating at 1800 rpm and a light that is
switched on and off at the rate of 1800
times per minute. Since the light -flash

and capacitors in the circuit and the
voltage setting of resistor R3, the rpm

ing rate by a factor of six.
The output of oscillator VI is applied

to a thyratron tube (V2) through capacitor C8. The thyratron together with
C9 and pulse transformer T2 produces
high -voltage pulses for firing the flash
tube. The high -voltage output from the
trigger circuit is capacitively coupled
from T2 to the strobotron tube, V3. The
coupling capacitance is between pins of
the strobotron socket and a brass slug
in the center of a ceramic insulator. The
energy to flash the stmhotron is obtained from the discharge of capacitors
C10, C11, and C14. The correct value of
capacitance for each rpm range is con-
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SRS

Fig. 22-1200

Schematic diagram for General Radio Co. Typo 1531A Strobotac
electronic stroboscope.
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Fig. 22-121A. Transistor curve tracer for both pnp and npn tvses. The circuit polarities arc selected by means of switch Si.
nected across the strobotron by the
range switch. After each flash the active

were plotted point by point. Referring
to the schematic diagram of Fig. 22-

capacitors arc recharged to BOO Vdc. The

121A, series resistor R2 controls the base

unused capacitors are kept charged at

current (h) supplied by a 6 -volt bat-

the same voltage to reduce arcing at the

tery. Resistor RI is a swamping resistor
connected in the base to limit the base
current. The sweep voltage is supplied

switch contacts when the range switch
is changed.

The power supply is a voltage doubler, furnishing plus and minus 400 Vdc,
and plus 250 Vdc. For operation with an

by transformer Ti. The 1N1763 diode
permits only the negative (for a pnp
transistor) half of the ac voltage to be

external synchronizing source, the oscillator circuit is converted automatically to a conventional amplitude -sensitive bistable circuit. The strohotron

applied to the collector circuit, resulting
in a voltage drop across R3 proportional
to the collector current. Thus the
changing values of the collector voltage

can be flashed from 110 to 25,000 flashes

trace the 1./V,i characteristic on the

per minute, over three ranges. Rotating
speeds up to 250,000 rpm can be mea-

oscilloscope.

sured. The flash duration is approxi-

itive (reverse biased) the collector current is cut off, resulting in no deflection

mately 0.8, 1.2, and 3 microseconds, with

a peak light intensity of the high-, medium-, and low -speed ranges of 0.21,
1.2, and 4.2 million beam candlepower
measured at a 1 -meter distance from

When the cathode of the diode is pos-

of the oscilloscope trace. However, when

the cathode of the diode is negative for

the other half -cycle, the diode is forward biased and the voltage is supplied

the center of the beam. For a single
flash the intensity is 7 million bean:

00 00v

candlepower at the same distance.

SConw

22./2/

Give the circuit for a transistor curve tracer.-The design of transistor amplifiers and similar equipment
requires a combination of graphical and
mathematical analysis, the former being
taken from the transistor characteristic

10

a
is

curves supplied by the manufacturer.
The most useful of these curves is the
1./V.. or common -emitter curves.
With the curve tracer such curves
may be easily and quickly displayed on
the face of an oscilloscope. Tracing
transistor characteristics on an oscilloscope prevents overheating the transistor as would occur If the characteristics

GRATICULE
CENTER

I

12

Fig.

.

.

1

1

10

9

22-121B

I

6

2

Graticule for
curve tracer.

0

0

transistor
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to a collector element causing a current
and starting the horizontal sweep. For
measuring a pnp-type transistor the
polarity of the 1N1763 diode is reversed.
Resistor R3 is a 1 -percent precision
resistor. Since the current range in
the common -emitter configuration will
range from 20 to 300 milliamperes, a 500
microampere meter is required.
A plastic graticule (Fig. 22-121B) is

prepared and mounted on the oscilloscope. The X axis of the oscilloscope
(horizontal) is calibrated to read 0 to
10 volts peak -to -peak, and the Y axis
(vertical) reads from 0 to 10 milliamperes peak -to -peak. Curves indicating
the power dissipation in milliwatts arc
also included for easy reference. The
curves for the graticule should match
those shown; however, they may be
made any size as long as the ratios are
maintained.

After the graticule is placed on the
oscilloscope face, the vertical input control is calibrated by applying 1 volt
peak -to -peak (60 Hz) to the input and

adjusting the deflection to match the
graticule scale. The
same is done for the horizontal deflection, using 10 volts peak -to -peak. Both
10 -milliampere

controls are then left in position. The
oscilloscope

positioning

controls

are

then adjusted to bring the start of the
transistor curve to the graticule starting point.

Transistors with internal short circuits will be indicated by a diagonal
straight line, while an open circuit will
show only a straight line along the 10 volt axis Although the described tracer
can be used with any oscilloscope, if a
long -persistence

or

storage

type

is

available, several different traces may
be run and the image retained for
study.

22./22 Describe the basic circuit
and operation of a gain set. -A gain set,
or transmission set as it is sometimes
called, is a device used for measuring
amplifier gain or loss, the frequency
characteristics of filters, equalizers, amplifiers, recording and reproducing cir-

cuits, and similar devices. A gain set
may be used to supply a signal of
known magnitude in voltage or decibels
from a given impedance with respect to
a given reference level.

Gain sets may be designed to use
either one or two VU meters. The two meter instrument is both easier and
faster to use, as both the send and re-

ceive level can be viewed simultaneously during a measurement, with certain precautions.

A typical two -meter gain set is pictured in Fig. 22-122B, manufactured by
the Daven Co., designed for laboratory,
radio -network, recording -studio, and
general routine maintenance work.
Basically a gain set consists of a
group of fixed and variable attenuators
calibrated in decibels, one or more VU
meters, a group of switches for selecting
various sending and receiving impedances, attenuators for the VU meters,
and jacks for internal and external connections with the gain set components.
An external oscillator supplies the test
signal.

The schematic diagram of Fig. 22122B is that of a single -meter unbalanced gain set, consisting of two heavily
shielded sections (A and B), with C the
send -receive

switch, and D the VU

meter attenuator network. The reason
for the use of the term "unbalanced" is
that unbalanced attenuator networks
are used with one side at ground potential (balanced gain sets are discussed

in Question 22.123). The sending irn-

Fig. 22-122A. The Doren Co. Model 6C two -meter tronsmossoon or goin
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Fig. 22-1220. Schematic diagram for a single VU meter gain set.
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pedances for this particular instrument

steps, the receive meter is brought to

are 600, 250, 150 and 50 ohms, although

zero and then the losses added.
Now, again referring to the diagram
in Fig. 21-322C, the output of the oscillator is fed through normal jacks, an

any impedance may be matched by
patching an external pad with the correct impedance ratio (600 ohms to the
desired impedance).

A brief description of how a gain set
is used will aid in the understanding of
the circuit diagram. Suppose that a frequency -response measurement is to be
made on an audio amplifier. The atten-

isolating transformer, and a building out network composed of resistors RI,
R2, and R3, which serve two purposes.

First, the network isolates the output
impedance of the oscillator from the
attenuators, thus preventing an imped-

uators in the gain set are set to their

ance

maximum loss position before the amplifier is connected. The amplifier is

amounts of loss are inserted in the attenuators (one or two dB). Second, the
network serves as a level -correction

grounded to the system ground. The
send terminals of the gain set are connected to the

input terminals of the

amplifier, and the receive section of the
gain set is connected to the output ter-

minals of the amplifier. The send and
receive sections of the gain set are set
to match the amplifier input and output
impedances.

Next,

the VU meter

mismatch

when

only

small

network for the VU meter. The three
network resistors comprise an L -type
attenuator network. Looking into the
oscillator terminals of the gain set, resistors RI and R2 are seen in series and
equal 1200 ohms. Looking from 600 -ohm

variable attenuator P1 toward the oscillator, R3 is in series with attenuator

switch

Pl, which is also 1200 ohms and matches

shown in Section C of the diagram is
thrown to the send position. The audio

the network of R1 and R2.
Under the foregoing conditions, there

oscillator is set to 1000 Hz and its output

will be a 6 -dB or 50 -percent voltage
drop between the output of the oscilla-

key

control advanced until the VU meter
reads a plus 4 dBm or 100 percent. The

point of 100 percent on the meter will
be called the zero-fere/ point and used
as a reference.

The VU meter key is now thrown
to the receive position and loss slowly
removed from the attenuators until a
reading of zero level (100 percent) is
obtained. When the same level is ob-

tained for both the send and receive
positions, the total loss of the attenuators equals the gain of the amplifier
at 1000 Hz. This is true because the oscillator signal -level voltage has been
reduced by the attenuators at the input

of the amplifier to a level equal to the
voltage gain of the amplifier. As an
example. if the input and output impedances are correct and 40 dB of loss in
the attenuators is required to obtain

equal readings on the VU meter, the
gain of the amplifier equals the loss of
the attenuators. The same operational
procedure is used for all frequencies

measured The input signal level (send)
is always set to zero and the attenua-

tor and attenuator P1 across R3. Hence,
if a zero -level signal is to be maintained

at the input of attenuator Pl, the output of the oscillator must be 6 dB higher
to overcome the loss across R3. Thus, if

the VU meter were to be connected
across RI and R2, it would result in a
reading 6 dB too high, when the level
at the input of P1 was actually zero
level. To overcome this condition, the
VU meter is connected across the resistor R2. Doing so drops the signal level

to the VU meter 6 dB, or 50 percent.
Now, if the level across the first attenuator Is zero, the meter will also read
zero, although the actual signal level
from the oscillator is 6 dB higher. Attenuators P1 and P2 have 600 ohms impedance and are of the bridged -T type.

The first attenuator has a total loss of
100 dB, variable in steps of 10 dB. The
second attenuator has a total loss of 10
dB in steps of I dB, while P3 has a total
loss of 1.0 dB in steps of 0.1 dB.
The normal send impedance of this

particular gain set is 600 ohms, with

tors adjusted for a similar reading in

three fixed pads for matching input im-

the receive position. Fractional parts of
a decibel are read on the right side of
the meter zero arid added to the attenuator losses. If the gain set includes a 0 to 1 -dB attenuator calibrated in 0.10 -dB

pedances of 250, 150, and 50 ohms. The
fixed loss of these pads is 10, 15, and 20

dB respectively, and it must be added
to the indicated loss of the variable attentintors when they are employed. The
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three variable -loss attenuators present
a maximum loss of 111.10 dB.

This total loss is variable in steps of
dB. The preceding losses will cover
most applications, and if one is encountered where more loss is required,
external pads may be used and their
1

loss added to the loss of the attenuators

in the gain set. Resistor R4 is used to
terminate the send position of the gain
set when devices having a bridging input impedance are measured.

The VU meter with its attenuator is
shown in Section D of the diagram. It
is designed to cover a range of plus
4 dBm to plus 46 dBm in steps of 2 dB
each. The design and operation of VU
meters is discussed in Section 10. Series

across the receive section, thus eliminating the need for the transfer switch.
Because of the great difference in the
power levels between the send and receive sections, the two sections must
be carefully isolated and shielded to
prevent feedback between the input
and output circuits. Therefore, the output level should not exceed 20 watts if

the receive section is included in the
gain set proper. If the receiving section
is a separate unit external to the attenuator section, it may be designed to
handle considerably more power. Generally, if the power output level Is more
than 25 watts, an external noninductive
load resistance is used and the output
power is measured, using a vacuum -

resistor R5 In the meter circuit is used
for adjusting the meter calibration

tube voltmeter and the wattage com-

against a standard.

It will be noted the return connection of the attenuators is brought to a

The VU meter key switch is shown
in Section C. Resistors R6 and R7 serve
only to replace the load of the meter as
It is switched from the send to receive

positions or vice versa. Their value in.
ohms is equal to the input impedance of
the VU meter. The use of these dummy
load resistors prevents level changes
when the meter load Is removed.
The receive section (Section B) of
the gain set consists of the several terminating resistors (R8 to R18) and

autotransformer Ti, with a provision

puted.

common ground connection, using sep-

arate ground wires. Each ground wire
is individually insulated arid shielded to
prevent leakage at the high frequencies.
Equipment being tested should be
grounded to common ground point
where it connects the actual ground.
If measurements are consistently heing made where the frequency variation
must be read to within 0.10 dB, a variable attenuator with a total loss of 1 dB,
variable in steps of 0.10 dB, may be in-

for connecting the VU meter across its
600 -ohm terminals. The terminating resistors are 1 percent, wircwound, vitreous type, capable of continuously dissipating 20 watts of power because they
carry the greater portion of the output
power of the device being tested by the

cluded In the attenuator group.

gain set.

permanently built into the send circuit
to facilitate its use with balanced circuits. It also has the advantage that the
ground return of the attenuator section
is isolated from grounds in the equip-

Eleven standard output impedances
are provided which are selected by
means of a switch serving a dual purpose: that of selecting the proper ter-

minating resistor and the proper impedance tap on the autotransforrner.
The principal purpose of the autotransformer is to provide a 600 -ohm terminating impedance for the VU meter and
at the same time match the output im-

pedance of the device tinder test. Because of this latter feature, no correction is required for the VU meter when
reading the output level, regardless of
the terminating impedance. Although
the diagram shown calls for only one
VU meter, two meters may he used. one
across the send section and the second

An unbalanced gain set may be used
for measuring balanced circuits by the
insertion of a repeat coil between the

send terminals and the input of the
device being tested. The Daven gain set
shown in Fig. 22-122A has a repeat coil

ment under test.
At times it may be desirable to

ground the lower side of the receive
section; if so, it is grounded at the com-

mon ground point of the system. The
techniques of using a gain set are discussed in Section 23.
22.123 Describe the basic circuitry

for a balanced gain set.-Bulanced gain
sets as a rule employ balanced bridged -

T variable and fixed attenuator networks. In the early design of gain sets,
variable H -type attenuator configura-

tions were used; however, the use of
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such networks increased the contacts
per attenuator (consequently noise) and
increased cost of manufacture. There-

brated plus 4 to 44 dBm. Terminating
impedances of 600, 150, 16, 8. and 4

fore, an improved type of bridged -T

ohms either terminated or unterminated
arc available. The VU meter has jacks

balanced variable attenuator is used in

in the circuitry for use as an external

modem designs. A balanced gain set de-

meter.

veloped by A. C. Davis and manufacFig. 22-123A. It is of the two -meter

The accuracy of the send attenuator
network is plus or minus 0.10 dB for any
setting over a range of 10 to 50,000 Hz.

type, permitting the simultaneous observation of both the send and receive

All circuitry is passive (no amplifiers),
with an induced distortion of less than

levels.

0.20 dB. The frequency response of the

In the send section of this instrument
four variable attenuators are employed
which may be switched from an unbalanced configuration. The first decade
attenuator covers a range of 100 dB in
steps of 10 dB; the second covers 10 dB
in steps of dB, and the third covers
1 dB in steps of 0.10 dB. The remaining
attenuator (at the extreme left) is a

two VU meters is matched and meets
the standards for such meters. The at-

tured by Altec Lansing is pictured in

1

matching network in the send section
for supplying impedances of 600, 250,
150, and SO ohms, either terminated or
unterminated, to the device under test.
The terminated outputs arc for use with
devices employing bridging inputs. The

attenuator networks are
isolated from the oscillator by a 1:1 repeat coil. The attenuator for the send
meter (left) is calibrated plus 4 to 24
dBm. Levels of plus 18 dBm down to
send -section

tenuator section may be used separately
if desired by means of jacks on the front

panel, with a link for ground separation If required. Connections for the
oscillator send and receive and ground
are provided at the rear for rack
mounting.
Since no coil is used in the send sec-

tion, the output is purely resistive, and
if used in the balanced position the circuit is balanced to ground since the
centers of the networks are grounded.
Therefore, if a repeat coil is necessary in
the send section, it must have a broad,

uniform frequency characteristic. The

minus 120 dBm are possible in steps of

use of repeat coils with gain sets is discussed in Questions 23.14 and 23.15.
A basic configuration for a typical
balanced gain set is given in Fig. 22-

0.10 dB.

12311 (See Question 23.24.)

The receive section is well shielded
from the send section and consists of a
load network capable of dissipating 30
watts. This network is composed of an
autotransformer, a group of terminating resistors as described in Questions
22.122 and 22.124, and a VU meter cali-

22./24

Describe the circuitry for a
section employing an
autotronsformitr.-Fig. 22-124 shows the
circuit connections and component values for an autotransformer-type gain set receive section, similar to that degain -set receive

scribed in Question 22.122.

Fig. 22-123A. Balanced two -meter gain set Model 9704 manufactured by Altec
Lansing Corp.
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Fig. 22-123B. Basic configuration for a balanced gain set.

The autotransformer is designed to
provide an impedance match between
a 7500 -ohm VI; meter and 4, 8, 16, 30,
150, 200, 250, 500, and 600 ohms. Resis-

pedance for a given tap on the auto transformer,

because

the

autotrans-

former has both ac Impedance and dc
resistance. Being in parallel with the

vitreous -type resistors and carry the

impedance of the uutotransformer winding, the terminating resistance mug be

full output power of the device being

slightly greater in value to obtain the

tested. Note that the value of the termi-

exact impedance. The primary purpose
of the autotransfonner is to provide an

tors R1 to R9 are 25 -watt, wirewound,

nating resistor is greater than the im-
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Fig. 22-124k Variable termination panel using an autotransformer and a group of
terminating resistors.

impedance match between a given output impedance and the 7500 -ohm impedance of the VU meter.
The proper terminating resistance for

If the receive section described in
the foregoing is to be used with a sin-

any tap may be determined by terminating the 600 -ohm tap with a 7500 ohm resistor, then connecting a resistor across a given impedance tap and

vice versa, provision must be made to
terminate the VU meter connections in
7500 ohms when the meter is removed.
If this is not done, the impedance seen
by the output of the device under test
will not he correct.

varying the value of the resistance until
the correct impedance is obtained when

gle meter -type gain set where the meter

is switched from input to output and

the two are in parallel. This measurement is best made with an impedance
bridge.

The autotransfonner should be designed to carry about 25 percent of the
maximum power to be dissipated in
the terminating resistors. As a rule,
autotransformer receive sections have
good frequency response because of
their design. The frequency response
should be at least 20 to 20,000 Hz.

Fig. 22-1248. AutAtronsforrner with terminating resistor.
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The terminating resistor for an auto transformer panel may be calculated:
R

V Xi! - Z'

where,

R is the terminating resistor in ohms,
Z is the line impedance,

XL is the inductive reactance of the
coil at the lowest frequency of interest.

The basic circuit for these calculations
is given in Fig. 22-12413.

Con on autotranslormertype
termination panel 6c used when making
ing distortion measurements?-Yes, pro22.125

and signal-to-noise ratio in equipment
and systems. The design is such that it
will accept or transmit at a number of
impedances, both balanced and unbalanced. The oscillator is of the RC
bridged -T type, covering a frequency
range of from 9 to 120,000 Hz, explained
in Questions 22.49 and 22.50.
22.127 What is a variable termina-

tion pane1T-A resistive or autotransformer network designed for terminating audio -frequency devices when frequency and power characteristics are
measured. A typical variable terminating network is the receiving section of

vided the autotransforrner is not overloaded. 11 it is, harmonics will be generated due to the saturation of the core

the

material.

- -An instrument coutaining a number
of attenuators or loss pots, calibrated
in decibels, voltage, or resistance. The
purpose of an attenuator is to provide
known values of loss for the accurate

When making intermodulation measurements involving frequencies below
100 Hz, it is best to use a noninductive

resistor as a termination, rather than
the autotransformer termination. If the
autotransformer is to be used, measurements should be made at various power

ratings and then compared to similar
measurements made using a resistive
termination, to ascertain whether intermodulation products are being generated by the autotransformer.
22./26 What is a transmission set?

gain

set

described

in

Question

22.124.

22.128

What is an attenuate!, panel?

measurement of small voltages. A known
voltage is applied to the input of the
attenuator group and is reduced in

known quantities by inserting known
values of loss. Attenuator panels as a

-In the past the term "transmission

rule contain a meter, whereby the input
voltage may be set to a given value before attenuating the signal. In this manner, the ratio of attenuation to the input
voltage is established. (See Question

set" was taken to mean a gain set. How-

22-43.)

ever, this term is now applied to measuring equipment designed for use with
telephone and carrier system measurements. Fig. 22-126 shows such an in-

22.129 What is an intermodulation
onalyserT-An instrument used for the

strument, manufactured by Waveforms,

measurement of intermodulation distortion generated within audio -frequency
devices. An elementary block diagram

Inc., consisting of a signal generator,

of a typical intermodulation analyzer

amplified VU meter, attenuator system,
and power supplies. The instrument
may be used for a variety of measurements, such as gain and loss, frequency
response, distortion, impedance, noise,

connected for the measurement of intermodulation products generated by an
audio amplifier is shown in Fig. 22-129A.
The analyzer section consists of two
sections, a signal generator and an aria -

Fig. 22-126. Waveforms Inc Model 452A Transmission set designed for audio and
telephone carrier use.
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Fig. 22-129A. Elementary block diagram of on intermodulation analyzer and signal
generator, showing how the two Sections of the analyzer arc connected to an amplifier, using the SMPTE method of measuring.

depend on the type of equipment being
its frequency range, and its

lyzer section. The signal generator section generates two signal frequencies,
one high and one low, which arc mixed

tested,

in a predetermined ratio and then applied to the input of the device or circuit to be tested. The analyzer section

To better understand the operation
of an intermodulation analyzer, a brief
review of intermodulation theory is in

is connected across the output termination of the amplifier and measures the
intermodulation distortion generated by

order. The most commonly used method
of measuring harmonic distortion is
shown in Fig. 22-129B. A single sine -

the amplifier in percent of intermodu-

wave frequency is applied to the input
of the device to be tested and then the
harmonics at the output are measured
in percent of the fundamental frequency, using a distortion -factor meter

lation.

The signal frequencies supplied by
the generator section arc usually set
for a ratio of 4:1, the lower frequency
being 12 dB higher in amplitude than

characteristics.

the higher frequency. For certain types
of tests, it may be desirable to use a
ratio other than 4:1. The low frequency
may be any frequency between 40 and
100 hertz, while the higher frequency
may he anywhere between 1000 and

method of measuring harmonic distortion

12,000 Hz. The choice of frequencies will

of on amplifier.

Fig.

OrSTORTION
I AC 'OR
MCTCR

AMP

OSC

22-12913.

Block

diagram

of

the
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22-129C Intermodulation products generated within a nonlinear device when
two frequencies f. and f, ore applied to the input.

Fiq

00% -

75%

50%

Fig. 22-1 29F, Distorted intermodulation
signal at the output of the amplifier under test If, equals 40 Hz, f, equals 2000
Hz, the frequency ratio is 4:11.

25% b

Z

I

1

I- Q

7:

Fig. 22-129D. Intermodulation spectrum
as the analyzer section sees it using the
SMPTE method. Sum and difference frequencies for f. and I, have been omitted

11111111111111111111

lot clarity.
22-129G. Appearance of the distorted signal at the plate of the second
amplifier in the analyzer section.
Fig.

Fig.

22-1 29E. Undistorted intermodula-

tion test signal at output of the signal
generator "send" terminals. The waveform hos been expanded to show the

fig. 22-1 29H. Intermodulotion products
at the output of the full -wave rectifier.

high -frequency component ;f. equals 40
Hz, f3 equals 2000 HzI

or harmonic wave analyzer. (See Questions 22.60 and 22.65 )

Nonlinear distortion is sound recording and reproducing equipment affects
the reproduction by introducing frequency components not present in the
original program material. The effect of

Fig. 22-1291. Distorted signal otter passing through 500 -Hz, low-pass filter.

these added components is to annoy the
listener because of masking effects and

Although the single -frequency method
of measuring distortion has be.% in use
for many years. it is an acknowledges'
fact that such tests are not completely

the interference created with the original frequencies of the signal. This re-

sults in unpleasant reproduction and

often induces listener fatigue.
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satisfactory and do not present a com-

plete picture of the distortion characteristics of a given device. Even systems
which have low -harmonic distortion

will not sound just right to the listener.
It is not uncommon to take two amplifiers of the same manufacture, design,
and harmonic distortion characteristics,
listen to their reproduction and find

they do not have the same listening
quality. What is the difference? The
difference is generally in the percentage
of intermodulation distortion generated

within the amplifiers.
The intermodulation method of measuring distortion

audio -frequency
devices more nearly approaches the
in

manner in which the human ear hears
than any other system of measurement.
Also, the intermodulation system is
several times more sensitive than the

$11111P001111010,

conventional method of measuring harmonic distortion.
Intermodulation measurements have
been used in the motion picture indus-

try for several years and have been
adopted by the Society of Motion Picture and Television Engineers (SMPTE)

and standardized by the USASI, formerly known as the American Standards Association (ASA). Intermodulation measurements relative to motion
picture recording and reproduction are
discussed in Questions 18.274 to 18.281,
and general measurements are covered

in Section 23. A second system kr.own
as the CCIF, recommended by the
International Telephonic Consultative
Committee, also employs two frequencies but in a different manner than that
used by the SMPTE method.
Intermodulation distortion may by
defined as: "The production in a nonlinear circuit element of frequencies

corresponding to the sum and differences of the fundamentals and harmonics of two or more frequencies
which

22-129J. Appcoronce of signal at
the output of the full -wave rectifier
when on undistorted signal is applied to
the analyzer input.
Fig.

are transmitted through that
element." Thus, when two frequencies
are applied to the input of an amplifier,
not only do the fundamental frequencies
appear in the output but also sum and
difference frequencies which are, as a

rule, not harmonically related to the
fundamental frequencies. (See Fig.
22-129C.)

Fig. 22-129K. Appearance of an undistorted signal after passing through the
500 -Ha, low-pass filter.

For two fundamental frequencies I,
and f: the intermodulation products will
consist of second -order terms, (f. f.)

and (1 - f,); third order terms (21,

L), (2f, - f.),

(f, 2f,), and
- 2fc),
and so on for the higher sum and difference frequencies. Frequencies higher
than fifth -order terms need not be measured. However, it is important that the

Fig. 22-129L. Appearance of the 10%
intermodulation calibration signal with
oscilloscope sweep frequency set to show
the modulation pattern.

filth -order harmonics be measured to
obtain complete distortion information.
Fig. 22-129D shows a portion of the
frequency spectrum as it appears to the
input of the analyzer section. Frequen-

cies f, and f- are the fundamental frequencies. The others are the sum and
iliiiiiii11111111111(11111(1(1(114

Fig. 22-129M. Appearance of the 10%
intermodulation signal, consisting of a
2000 -Hz and 2150 -Hz combination to
produce a 10% calibrating signal.

difference frequencies generated within
the amplifier. It will be noted the lower
fundamental frequency f, is taken as
100 -percent amplitude and all other frequencies are plotted relative to this fre-

quency. The amplitude of the fundamental frequency f., being 12 dB lower
in amplitude, corresponds to 25 -percent
amplitude. This is a ratio of 4:1.
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The amplitudes of the sum arid difference frequencies will be dependent
on the amount of intermodulation distortion present in the amplifier. If a frequency of 100 Hz is selected for f,, and
5000 Hz for f, sum and difference frequencies will appear at intervals of 100
Hz. Other frequencies above and below
1., will also appear but these have been

omitted for clarity. Under certain conditions the sum and difference frequencies may assume an amplitude equal in
value to the fundamental frequencies,

L and I.
Referring again to Fig. 22-129A, assume the amplifier is to be measured
using 40 Hz for the low frequency and
2000 Hz for the high frequency, mixed

in a ratio of 4:1; that is, the high frequency will be set 12 dB lower in amplitude than the 40 -Hz signal and ap-

plied to the input of the amplifier in
this manner. The appearance of this
signal at the output of the signal generator section will be as shown in Fig.
22-129E. It will be noted the peaks of
the 2000 -Hz signal superimposed on the

40 -Hz waveform are uniform in amplitude and undistorted and that the combined waveform is symmetrical.
Assume the amplifier has 10 -percent
intermodulation distortion. The wave-

form at the output terminals of the
amplifier will appear as shown in Fig.
22-129F. Here it will be seen that both
the positive and negative peaks of the
2000 -Hz component have been flattened

after passing through the amplifier. To
understand the functioning of the analyzer components, this waveform wall be
followed through the various sections of
the analyzer circuit.

The distorted waveform of the amplifier is applied to the input of the
analyzer, which consists of a 1500 -Hz
high-pass filter which removes the 40 Hz component and its harmonics, leaving only the distorted 2000 -Hz component.

pearance of the high -frequency component at the output of the full -wave
rectifier. Here it may he seen how the
2000 -Hz component was distorted in the

amplifier due to modulation of the 40 Hz component. Both second- and third order harmonics are present. Because
of full -wave rectification, the 2000 -Hz
signal frequency is now 4000 Hz.
The 4000 -Hz component is now
passed through a 600 -Hz, low-pass filter
which removes the 4000 -Hz component.

leaving only the modulation envelope
caused by the 40 -Hz component. Its appearance is shown in Fig. 22-1291 as a

ripple voltage or pulsating dc voltage,
and its waveform is similar to the waveform shown in Fig. 22-129H. The only
difference is that the high -frequency
component has been removed. The amplitude of this ripple voltage is measured by a vacuum -tube voltmeter

which is calibrated to read percent intermodulation distortion.
To further illustrate the functioning
of the intermodulation analyzer section,
suppose that a distortion amplifier is
measured. Applying the same test frequencies and ratio, instead of the distorted waveform of Fig. 22-129F appearing at the amplifier output, the
waveform will appear the same as that
applied to the amplifier input. (Fig.
22-129E.)

This

undistorted

signal

is

passed

through the 1500 -Hz, high-pass filter
removing the low -frequency component
and then to the full -wave rectifier.
Because the amplifier is distortionless,
there will be no modulation of the
2000-}Iz component by the 40 -Hz signal;
therefore the peaks of the 4000 -Hz sig-

nal at the output of the full -wave rectifier all have the same amplitude and
appear as shown in Fig. 22-129J. The
600 -Hz, low-pass filter removes the
high -frequency component, leaving only

a pure dc voltage as shown in Fig. 22129K.

The signal is then amplified in the

As the vacuum -tube voltmeter reads

two -stage amplifier VI and V2 (Fig.

only alternating current or pulsating

22-129A). Fig. 22-129G shows the wave-

voltages, no indication appears on the
meter; thus, no distortion Is indicated.
The waveforms of Figs. 22-129F to I
are for a small push-pull amplifier with

form at the output of the amplifier sec-

tion. The notches in the positive and
negative halves of the waveform are
caused by the flattening of the peaks
as shown in Fag. 22-129F.
The high -frequency component

is

then applied to a full -wave rectifier
circuit. Fag. 22-129H illustrates the ap-

approximately 10 -percent inter -modulation distortion. For single -ended ampli-

fiers and those of other classifications,
the waveform will take on a variety of
appearances.
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The appearance of the 10 -percent

calibration signal used for the initial
calibration of the analyzer before the
4:1 ratio is set is shown in Fig. 22-129L.
When the picture shown in Fig. 22-129L
was made, the oscilloscope sweep was
set to show the modulation of the higher
frequency by the lower frequency. The
frequencies shown are 2000 and 2150 Hz.
Fig. 22-129M shows the same two fre-

quencies, except that the sweep of the
oscilloscope was set to show the beating between the two signals of 2000 and
2150 Hz.

Intermodulation measurements are
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cies are combined in

a ratio of 10:1
(20 dB), they produce a 10 -percent intermodulateci signal (Fig. 22-129L). The
output tubes, V3 and V6, are connected
for cathode -follower operation. The signal is takeu from the cathodes, carried
to a plug, and then to the analyzer section over a flexible cable. The oscillator
signals are mixed in the analyzer sec-

tion by means of a hybrid coil. A fraction of one cycle of a test signal consisting of 40 and 2000 Hz is shown in
Fig. 22-130B.

Decoupling circuits composed of capacitors C17 and C32 and resistors R24

discussed in Questions 23.117 to 23.125
22.130 Describe the signal g

and R46 preveut the oscillator signals
from entering the power supply, thus

tor section for on intermodulation ono-

preventing the mixing of the signals

1y:cr.-The schematic diagram of the

before they enter the mixing circuits in
the analyzer. The harmonic distortion
for any one frequency of the oscillators

signal generator section of a typical intermodulation analyzer is shown in Fig.
22-130A. This section consists of two
Wien -bridge or resistance -tuned oscillators. (See Question 22.50.) Tubes VI,
V2, and V3 constitute the low -frequency
oscillator and supply frequencies of 40,
60, and 100 Hz. Tubes V4, V5, amt V6
constitute the high -frequency oscillator
and supply frequencies of 2000, 7000,
and 12,000 Hz.

Included in this section is a conventional power supply using diode rectifiers, two LC filters (sections LI and
L2), and two gaseous voltage regulator
tubes, V7 and VS, which supply a source

of regulated 300 volts to the plates of
the oscillators and the amplifiers of the
analyzer section. The plate voltage for
oscillator output amplifier tubes V3 and

must not exceed 0.25 percent.

Jacks for the external connection of
variable oscillators are also provided.
However, the fixed frequencies iu general usage throughout the electronic
industry are those specified by the
SMPTE, and are adequate for most
measurements.

It is important that the frequencies
of 40, 60, and 100 Hz be closely adjusted

to their values. Any variation in the
40 -Hz frequency should be to the plus

side rather than the minus side. The
calibration should be held to 40 Hz, plus
2 Hz, minus zero. The 10 -percent calibration frequencies, 2000 and 2150 Hz,
should be held to plus 1 percent minus
zero. The exterior and interior views of

V6 is supplied from the junction point
of the two filter chokes. The ripple volt-

the signal generator section of an in-

tage at the junction of the filter sections

by the Altec Lansing Corp. are shown

must not exceed 15 millivolts, and 5

in Figs. 22-130C and 22-130D.
22.131
Give a schematic diagram

millivolts at the regulator tubes to prevent hum modulation of the signal voltages. The oscillators are composed of
resistors R1 to R9 and capacitors Cl to
Cs, for the low frequencies, and R26 to
R32 and C18 to C23 for the high frequencies, connected in the control grids
of tubes VI and V4. The various combinations of test frequencies are selected
by switches SI and S2.
In addition to the foregoing test frequencies, a frequency of 2150 Hz is provided in the low -frequency oscillator
which is used in combination with 2000

Hz in the high -frequency oscillator for
setting the inttal calibration of the analyzer section. When these two frequen-

termodulation

analyzer

manufactured

for an intermodulation analyser section

for Use with the signal generator, described in Question 22.130.-- The schematic diagram for such an analyzer ap-

pears in Fig. 22-131A. Starting at the
Input terminal upper left, these terminals present an unbalanced 7500 -ohm

noninductive bridging input to the device under test and receive the output
signal. It is imperative that the output
of the device being tested is terminated
in

its normal load impedance with a

noninductive resistor capable of carrying the full output power of the device

under test. The Input of the analyzer
being a bridging impedance is in reality
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Fig. 22-130A. Schematic diagram for signal generator

a voltage -measuring device; therefore
the output power of the device under
test must he dissipated in the load resistance to prevent overloading the input of the analyzer.
The input signal is taken from the
input plus/minus terminal through
7500 -ohm resistor RI to section A of a
six -deck, eleven -circuit function switch,
SI. This switch selects the proper circuitry for calibration and analyzing the
input signal. This switch also provides

Up to 40 -dB attenuation of the input
signal in steps of 10 dB each, for testing
devices with high output level. The final

position connects directly to the vacuum -tube voltmeter for measuring the
internal noise of the device being tested.

The first four positions of function
switch SI are for calibrating the signal
generator section and the analyzer section and are indicated: fl 10% Cal, f2
10q Cal, 11 4:1 Cal, and 12 4:1 Cal. The
first two positions adjust the level of the
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and power -supply section of intermodulation analyzer.

10 -percent intermodulation signals (Fig.

22-129L) during the Initial calibration.
The 10 -percent signal is set to a ratio of
10:1 by a 20 -dB attenuator. A I2 -dB
attenuator is inserted for the 4:1 ratio
(both these attenuators are in the sig-

nal analyzer section). With the function

switch set to zero attenuation

(position 6), the received signal is connected to the upper terminals of a 1500Ilz high-pass filter. This filter is of composite design, having extremely sharp

cutoff characteristics (Fig. 22.13IB) and
consists of a group of toroidal coils. Resistors R2 through R6 compose an input

attenuator network. For intermodulation testing the function switch is set to
one of the five loss positions to reduce

the input signal and to prevent overloading of the high-pass filter and to
present a solid resistive input for the
device under test.

The purpose of the 1500 -Hz highIs to remove the low-fre-

pass filter
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Fed by the secondary of T2 is a full -

wave bridge rectifier circuit, consisting of two 6AL5/5726 twin diodes V3
and V4. It might be well to mention at
this point that semiconductor diodes
cannot be used in this position due to
their higher distortion characteristics.
Also, a full -wave bridge circuit is necFig. 22-1308. Fraction of a cycle of the
intermodulation signol at "send" terminals of the send section. The waveform
has been expanded to show the high frequency signal on the low -frequency
carrier If, equals 40 He, and fi equals
2000 HO.
quency component of the interroodulation signal being analyzed. Thus, only
the high -frequency component is permitted to pass to the analyzer circuits.
The high -frequency signal is fed to

transformer Ti, which has an impedance ratio of 600/50,000 ohms and is ter-

essary because the distortion occurs on
both half -cycles of the waveform being

analyzed. If a half -wave rectifier circuit is employed, the rectifier ignores
the distortion on the unrectified half of
the cycle.
The 600 -Hz low-pass filter following

the bridge circuit removes the high frequency component of the signal being analyzed, leaving only a pulsating

dc or ripple frequency (Fig. 22-1291).
This pulsating dc signal results from
modulation of the high -frequency com-

ponent by the lower frequency of the
test signal. The coils for this filter are
also of toroidal design. All coils must

potentiometer adjusts the signal level

be encased in nested shields of at least
90 -dB attenuation.
A resistive network composed of resistors R19 to R21 and potentiometer P4

applied to two -stage resistance -coupled

is connected at the output of the filter

amplifier VI and V2, tubes which are
heavily bypassed at the cathodes and

to provide an adjustment for setting the

minated on the secondary side by a
50,000 -ohm, Use Calibrate control. This

screen grids. The output of V2 is parallel plate -coupled to interstage transformer T2, having an impedance ratio
of 15,000/50,000 ohms.

carrier -current meter, Ml, to a predetermined calibration point on its scale.
The metering section, a vacuum -tube
voltmeter, consists of two tubes, V5 and

V6. The ripple voltage at the output of

Fig. 22-130C. Exterior view of signal generator section of the Altec Lansing Corp.
intermodulation analyser.
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Fig. 22-130D. Interior view of the signal generator section of the Altec Lansing
Corp. intermodulation analyzer.

the low-pass filter is read directly in
percent inter -modulation distortion on
meter M2. The input to the metering
circuit is automatically switched to the
output of the low-pass filter when function switch Si is in any of the input at-

the signal fed to the oscilloscope switch,

S2. With S2 in the off position, the oscilloscope is grounded; in the in position
the oscilloscope is connected to the output of a hybrid coil in the signal section
and displays the waveform of the signal

tenuation positions. The range of the
metering circuit is controlled by an in-

being sent into the device under test

put attenuator network, resistors R22 to
R27. After amplification the ripple voltage is rectified by four diodes DI to D4,
which are connected in a full -wave

to the in position, the output of the
waveform of the device being tested is

bridge circuit. An 80-pl. capacitor C26
is connected across the meter movement to remove low -frequency pulsations. The lower end of the bridge circuit is returned to ground through potentiometer P6 in the cathode circuit of
V5, a negative -feedback loop which

(see Fig. 22-129E). With switch S2 set
displayed. The modulation position dis-

plays the modulated waveform at the
output of the high-pass filter, and in
the IM position, the generated inter modulation products as seen by the

serves to adjust the gain of the metering

metering circuits.
At the right of sections D, E and F of
Si is a hybrid -coil signal -mixing circuit. Here the test frequencies from the
signal generator arc applied to a resis-

circuit and flatten the frequency char-

tive network for controlling their am-

acteristics.

plitudes and setting the calibration and
testing ratios. Hybrid coil T3 has an impedance ratio of 600-600/600 ohms.
When the coil is balanced by potentiometer P10, the hybrid coil provides a

The attenuator network in the metering circuit employs 1 -percent precision
resistors and provides six full-scale deflections of 0.3, 1.0, 3.0, 10.0, 30, and 100

percent. These same steps provide a
full-scale noise -measuring range from

minus 60 dBm, to plus 10 dBm. The
meter scale is calibrated to read in both
percent modulation and decibels at. the
same time.
Three 100,000 -ohm

potentiometers

P1, P3, and P7 are included in the cir-

cuitry for adjusting the amplitude of

minimum balance of 45 dB at all frequencies between 40 and 12,000 Hz. Test
frequencies arriving from the signal

generator are fed to test signal switch
S3, which permits the selection of the
test frequency either singly or in combinations. Potentiometers P8 and P9
adjust the level of the input signals before they arc passed to the ratio atten-

1400

THE AUDIO CYCLOPEDIA

N.A! A

i!i71

Ai LI
i_trb

T-7

;

5

12

t

2

r

1

.4

1

1 1

le!:121.

17

11111

-n

oI

Fig. 22-131A. Schematic diagram of analyzer

TEST EQUIPMENT

1401

a.?
I

a

5

F

V- 1

11111j1111a.

secteon of an ontermodulofion analyzer.

1402

THE AUDIO CYCLOPEDIA
0

10

20

SO

INSERTION LOSS

02.51041.0.06/
60
O

70
20011s

400112

700s0 I SKr

21042

34IS

600 Hr HP FILTER

Az 12001T
0. 1200112

Cs7301t

nt 06
es 0 6
0066
en

Fig. 22-1310. Configuration and frequency response of a 1500 -Hz, high-pass

uators and hybrid -coil circuit. Hybrid
coils are discussed in Question 8.66.

Two attenuators, one of 20 -dB loss
and one of 12 -dB loss, follow potentiometers P8 and P9. The 20 -dB attenua-

tor establishes the 10:1 signal ratio for
the initial calibration (see Fig. 22-129M)
and the 12 -dB attenuator sets the 4:1
ratio for intermodulation testing. These
attenuators are automatically switched

in and out of the circuit by function
switch Sl.
The secondary of the hybrid coil is
terminated by an attenuator network
somewhat like the attenuator section of
a gain set. Switch S4 permits four 20 -dB

be selected while attenuator
P11 provides attenuation from 0 to 30
dB, in steps of 1 dB. Terminating resissteps :0

tor R38 is used for devices with a bridg-

ing input. Operating voltages arc supplied from the signal generator section
discussed in Question 22.130. The resi-

dual intermodulation is less than 0.05
percent, due to slight unbalances in the
hybrid -coil mixing circuits.
22.132 What is the difference between the SMPTE and CCIF methods

of measuring intermodulationl-In the
SMYTE method, two signals are applied to the input of the device being
tested, one frequency lying between 40
and 100 Hz, and the other between 1000
and 12,000 Hz. The high -frequency signal is set 12 dB lower in amplitude than
the low frequency; the ratio is 4:1.

Because of the nonlinearity of the
device being tested, sum and difference
frequencies will be generated and exist
as sidebands. This is illustrated in Fig.
22-129D. The distortion may be defined:
Nth harmonic of sidebands
High -frequency amplitude

The CCIF method also uses two frequencies, but of equal amplitude, with
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Fig. 2 2-1 3 1C. Configuration and frequency response of a 600 -Hz low-pass filter.
difference in frequency somewhere
between 30 and 1000 Hz. These frequencies are kept at a fixed difference

a

and moved up and down the spectrum,

producing a constant beat frequency,
while f:. - f, remains fixed. Intermodulation products are generated between
each high frequency and the second
harmonic of the other high frequency.
The frequency spectrum for the CCIF
system is shown in Fig. 22-132.
The intermodulation products are
measured by means of a harmonic wave

analyzer similar to those described in
Question 22.65. The distortion may be
defined:

Difference -frequency amplitude
Sum of high -frequency test signals

22.133

What

is

a

difference -fre-

quency intermodulation test?-It is another name for the CCIF method described in Question 22.132.
22.134 What is a decode amplifier

and what is its purpose?-It is a precision amplifier with fixed steps of gain,
generally 20 and 40 dB (amplification of
10 and 100). It is used for increasing the
sensitivity of oscilloscopes, transistor
and vacuum -tube voltmeters, and similar instruments. As a rule, such ampli-

fiers have broad frequency characteristics, reaching into the megahertz region for bandwidth.
The schematic diagram for a transistor -type decade amplifier, manufactnred

by Hewlett-Packard, is shown in Fig.
22-134A. The circuit consists essentially
of a number of cascaded common -emit-

ter amplifier stages. Additional stages

ma%

I
211,12

Ii

I

t2 2f2 -t

22-132. Frequency spectrum seen
using the CCIF method of measuring interrnodulation. Compare this with the
spectrum of the SMPTE system shown
in Fig. 22-129D.
Fig.

have been added preceding and following the amplifier to give the instrument
the desirable impedance characteristics
of high and low output impedance with
additional circuitry added to change the
gain from 40 to 20 dB. An input clipping

circuit. consisting of two diodes and a
resistor R4, protects the amplifier from
accidental

overloads.

Special

biasing
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Fig. 22-134A. Hewlett-Packard Model 466A decade amplifier.

megohm shunted by 25 pF, with an internal output impedance of 50 ohms in
series with 100 µF. Although the internal output impedance is 50 ohms, the

ohms. The internal noise is 75 microvolts for a 100,000 -ohm source resistance. Distortion is less than 1 percent,
10 to loopoo Hz, with less than 5 percent at 1 MHz. The device may be operated either from batteries or an ac
power supply (Fig. 22-134B).
22.133 What is a step generotortA device for testing the linearity of an
amplifier by applying a step wave to
the input of the amplifier and observing
the stepped waveform at output of am-

external load must not be less than 1500

plifier by means of an oscilloscope.

circuits are used to compensate for
temperature and for varying characteristics between transistors of the same
type.

The frequency response of this instrument is plus or minus 0.5 dB, 10 Hz
to 1 MHz, dropping off to less than 3 dB
at

2 MHz. The input impedance is

1
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Fig. 22-1348. Battery and ac power supply for Hewlett-Pockord decade amplifier
Model 466A.
INPUT

r-1
OUTPUT WAVEFORM

AMPLIFIER

STEP -WAVE
GENERATOR

UNDER
TEST

DIFFERENTIATOR

OSCILLOSCOPE

Fig. 22-135. Step generator for testing linearity of amplifiers by increasing input
level in stepped values as shown by the input waveform.
If the amplifier is linear, the observed pulses on the oscilloscope will
increase in height in a linear manner.
If curved upward or downward, it is
an indication of nonlinearity. The block

diagram for such an instrument is

shown in Fig. 22-135.
22.136

What

is

en

octave -band

noise analyzer?-An octave -band noise

analyzer (Fig. 22-136A) is designed for
simple and rapid analysis of noises having complex spectra. It may be operated
directly from a microphone or fed from

the output of a sound -level meter. It
can be used for acoustic measurements
of sound recording stages, auditoriums,
offices, vibration studies, and all types
of frequency analysis, except those re-

quiring a detailed knowledge of the
frequency spectra.

In this

latter

in -

Fig. 22-136A. General Radio Co., Model
1558A octave -band noise analyzer.
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Fig. 2 2-1 3 6C. Frequency characteristics of octave -band filters in General Radio Co.
Model 1 5 5 8A octave -band noise filter.

stance, a harmonic wave analyer similar
to those described in Question 22.65 is
employed.

to 9600 Hz, the response at the nominal
cutoff frequency is 3.5 dB below the response at the center frequency. For the

The basic components of an octave analyzer manufactured by the

all -octave bands, the attenuation is at
least 30 dB at half the lower cutoff fre-

General Radio Co. are given in Fig.
22-136B. At the upper portion of the

quency and at twice the upper frequency. The attenuation is at least 50
dB at one-fourth the lower cutoff

microphone, which includes an attenuator, high -impedance microphone preamplifier, and weighting networks. If

quency and at four times the upper

band

input signal is applied to jack SLM. The
signal for either type of Input is passed
through a group of 1 -octave bandpass
filters with center frequencies ranging
from 37.5 to 9500 Hz, as given in Fig.

frequency. The 75 -Hz low-pass filter
has at least 30 -dB attenuation at 200
Hz and at least 50 -dB attenuation at
400 Hz. These characteristics are given
in Fig. 22-136D. On leaving the filter
section, the signal is again attenuated
and fed to a metering circuit.
In using this meter the sound source
is measured in octave bands which for

22-136C.

acoustical

the instrument is to be driven from
the output of a sound -level meter, the

At the center frequency, the response

's uniform within 1 dB, with a maximum of 1 dB from the all -pass level
(Fig. 22-136C . For the bands from 37.5
UPPER CUTOFF

LOWER CUTOFF
FREQUENCY Ng

CENTER
FREQUENCY 141 4

FREQUENCY 612

ill 75

373

375

75

26 5
53

eliminates

measured in bands rather than as a
whole. Such instruments are widely
used with white- and pink -noise measurements. The use of this instrument
is not confined to acoustical measurements, but whenever octave -band measurements are necessary. (Sec Question 22.56.)

75

150

10G

ISO

300

300
600

424

The normal sensitivity range of the

GOO

1200

8411

instrument is 44 to 150 d13 (re: 0.0002
µbar). However, the sensitivity may be
extended by the use of a special plug-in

1200

2400

2400
4400
1400

600

LOW PASS

212

ISIS

91100

3392
6714

19,200

13,570

73

ALL PASS

GEOMEMC MEAN

Fig.

measurements

many difficulties due to hackgronnd
noise or reflections, as the spectrum is

22-1 36D.

Octavc-fil cr frequency

characteristics.

microphone and preamplifier to 24 to
150 dB. Two frequency characteristics
are provided: one essentially flat, and
a weighted network characteristic (Fig.
22-136E). An output circuit is also provided for driving a magnetic tape re-

THE AUDIO CYCLOPEDIA

1408
I

0

att PASS

-IC
61

20
lah

a

LOW PA 3

so

40

00

20

1000

10.000

20.000

FREOUENCT IN 141
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Radio Co. The instrument includes a
circuit and structure required for the
close -coupler (cylindrical cavity) reciprocity technique, which is the preferred method of calibration for standard microphones. The instrument
shown also includes an analog computer
which performs the calculations neces-

sary to determine the microphone sensitivity. The reversible transducer is a
PZT ceramic microphone. and the auxiliary transducer a PZT cylinder which

forms the cylindrical wall of the cou-

Fig. 22.137A. General Radio Co., Model
15596 microphone reciprocity calibrator.

corder, oscilloscope, graphic level recorder, or wave analyzer.
22.137 Describe a reciprocity microphone calibrator. -A reciprocity microphone calibrator is used to calibrate
microphone sensitivity, and it is the

means used by the United States National Bureau of Standards for such calibrations. Fig. 22-137A shows such a
device, manufactured by the General

pler (Figs. 22-137B and C). The insert
voltage (test signal) is varied in 10 -dB
steps to extend the calibration range
while maintaining a high resolution.
The coupler has a volume of 17.74 cubic
centimeters and is designed to yield the

random incidence response of the microphone over nn extended range without the use of helium.
The PZT ceramic cylinder also serves

as a stable acoustic source when the
instrument is used as a souud-level cal-

ibrator. A meter calibrated in terms of
the sound -pressure level produced indicates the absolute value of the signal
applied to the PZT cylinder. An eaterEvCiTING

VOLTAGE

1

REVERSIBLE

(N(NOWN
V

MICROPHONE

AIR

CAVITY

P

MICROPHONE

V,

X

PIEZO-ELECTRIC RING
/fid
/////41

Fig. 22-1378. Conditions for determining the ratio of microphone sensitivities.
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U
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Fig

REVERSIBLE
MICROPHONE

P

22-137C Conditions fo

determining the product of microphone sensitivities.

A

cal microphone R with sound pressure.

The ratio of the open -circuit voltages
of the two microphones R and X equals
the ratio of the microphone sensitivities.
The ratio of the open -circuit voltage to
the exciting pressure is the definition of
the microphone sensitivity: M= V/P.
The sensitivity is commonly expressed

20 Log.. M (re: 1 V/p.bar). If the two

a

a41N
"o--____

n.ft
Vr

Fig.

22-137D.

microphones are coupled together by a
known acoustical impedance (cavity)
and the reciprocal microphone R is
driven as a speaker, the ratio of the

pt

Ms

Relationship

of

three

transducers in reciprocity calibration.
nal source of audio frequencies capable

of developing a power of 1 watt at an
impedance of 600 ohms is required. A
detector is required to measure the out-

put signal of the calibrator and should
have an impedance of at least 5 megohms and be capable of measuring a
signal level of several millivolts with a
signal-to-noise ratio of 20 dB or greater.
It should also have a meter capable of
indicating 1 -percent change in signal

level. The detector may be a sound level meter or an octave -band analyzer

(usually the instrument under calibration). In making such calibrations, corrections for altitude and barometric
conditions must be considered. A nomograph for this purpose is given in Sec-

tion 25.

The cross-sectional view of the coupler (Fig. 22-137B) shows how the microphone to be calibrated is placed in
the measuring cavity. The accuracy of
the measurement depends on the (1)
resistance values of the attenuator, (2)
mechanical dimensions of the coupler
cavity, and (3) the value of a current sampling capacitor.
Transducer A (Fig. 22-137D) is used
as a speaker which equally excites the
unknown microphone X and a recipro-

open -circuit voltage of microphone X
to the driving current of reciprocal microphone R can be related theoretically
to the product of the microphone sensitivities. By solving two relationshipsthe ratio of sensitivities of microphones
R and X, and the product of these sen-

sitivities-the sensitivity of either microphone can be determined.
22.138 Give the principles of reci-

procity testing.-The principle of reciprocity is stated as follows: The ratio
to excitation is unchanged if the points
of excitation and observation are interchanged, provided the terminal conditions remain the same. The equation in
Fig. 22-138 illustrates the relationship
that follows from the principle of reciprocity for a two -port, four -terminal
electrical network. The design of the
General Radio Co. Model 1559B micro-

phone reciprocity calibrator of Fig. 22137A is based on the forward current
transfer equalling the reverse voltage
transfer.

The previously described instrument
can be used to calibrate microphones in

the range from minus 75 dB to minus
35 dB (re. 1 V/ibar.) Accuracy is plus
or minus 02 dB.
Reciprocity is not restricted to linear
and passive networks: it applies to any
linear, bilateral, or passive network. The
reciprocity technique for microphone is
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MAP

Fig. 22-139A

Basic

General Radio Co. tone -burst generator
Model 1936A.

block diagram to

can be coherent; that is, the gate can
be made to open and close at the same
point in a signal voltage cycle for each
tone burst. Coherence is of value for two

reasons. First, the coherent tone burst
is much more easily observed or analyzed

by

oscillographic or sampling

methods and second, the frequency
content of the tone burst depends on
the phase of the gate compared to the
signal. If the signals are not coherent,
Fig.22-13913. General

Radio Co. tone -

burst generator, Model 1 936A.

the phase, and hence the frequency content, is drifting, and test results are less

reproducible or less clear than with a

a primary method of calibrations

in

which acoustic standards are required.
This method of calibration is set forth
in USASI (ASA) Standard Z24.4-1949.
22.139 Describe a tone -burst generator.-Tone-burst generators are used
for a variety of transient tests and fall
between continuous lone testing and
step -function or pulse testing. Tone burst generators find diverse applications. One of the most useful features of

such instruments

is

the output signal

coherent tone burst. Another useful
feature of these devices is the control
in the tone
burst, which permits the production of

of the number of cycles

tone bursts with consistent and controllable frequency content.

Some of the uses to which this instrument can be put are the testing of
acoustic enclosures, speakers, rectifying circutts,- -recovery time of various
devices, amplifier music -power testing,
speaker -distortion measurements, gen-

POWER AMP

SINE -WAVE

OSCLLATOR

WHITE NOISE

GENERATOR

SOUND

YEMEP

LEVEL

NI -MST

GENERATOR

MAC

METER

[DSCILLO-

I

SCOPE

GRAPHIC

LEVEL
RECORDER

Fig. 22-139C. Tone -burst generator connected in a test setup for measuring the
acoustical characteristics of an enclosure.
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Fig. 22-140C. Logarithmic ac volt and
frequency meter Model 620A manufactured by Waveforms Inc. An external
frequency source is required with this
instrument.

A front -panel view of a tone -burst

Fig. 22-140A. Voltage -controlled oscillator VCO) Model 610B manufactured
by Waveforms Inc.

generator is shown in Fig. 22-13913. A
typical test setup for making an acoustical measurement of an enclosure is
shown in Fig. 22-I39C.
22.140 Describe on automatic frequency -plotting system.-In the making
of daily routine measurements in large
recording plants, many measurements

cration of power -line transients, and
filter and equalizer testing, to name but
a few.

An elementary block diagram of a
tone -burst generator, manufactured by
the General Radio Co., is shown in Fig.
22-139A. The tone -burst generator requires an external source of audio fre-

of frequency response are made. If
these are made manually, several hours
a day can be consumed. The solution to

this problem is making measurements
automatically and recording a graph
that may be stored away to be referred
to later as an analysis of the stability of
such equipment. Automatic plotting is
not confined entirely to the making of
amplifier measurements, but can be
used for almost any equipment. Tests
may include the measurement of impedance, amplifier frequency response,

quency and may be supplied by any
audio oscillator. The audio signal is
gated

by

the

tone -burst

generator,

which has provisions for timing the
opening and closing of the gating circuitry. As will he noted, the audio signal and the timing signal are the same.
The main gate is a transmission gate
of the shunt type which accurately reproduces the input signal at the gated
signal output terminals when the gate is

enclosures, amplitude and
phase balance, comparative tests, constant percentage frequency modulation,

acoustical

and permits no output signal
when the gate is closed. The opening
and closing of the main gate is controlled by a gating signal from a binary
open

phonograph pickups, tape recorders,
and many others. The response is

scaler. The scaler counts once per cycle

Plotted on an X -Y plotter, which is ex-

of the timing signal, and can be con-

plained in Question 22.112.

trolled to set the gate -open and gate -

For making such measurements a
device pictured in Fig. 22-140A and

closed intervals.

sae
RAMP
GIEN

ni

yea

AMP

DETECTOR
(RECTIFIER)

X -Y PLOTTER

Fig. 22-140B. Waveforms Inc. Model 6108 voltage -controlled oscillator IVCO) connected for making automatic frequency response measurements on an amplifier
using an X -Y plotter.
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manufactured by Waveforms, Inc., may
be used. This instrument is a voltage controlled oscillator (VCO) with its

frequency controlled by an internal or
external ramp voltage. A 100:1 tuning
range may be selected between 2 and
2000 Hz and 20 to 20,000 Hz; thus the
flexibility of an electrical nonmoving
part can be achieved. The voltage may
be one of several, viz, the internal saw tooth generator and internal potentiometer for single -range manual sweep,

the potentiometer of an X -Y plotter to
slave the VCO to the plotter, or other
sources of control voltage.
An internal sweep -frequency control generator produces a positive ramp
output voltage (straight-line voltage
with a rising characteristic) which varies between 1 and 10 volts. A 1 -volt
value corresponds to the VCO lowest
frequency limit and 10 volts to its highest (1000 times the lowest). Since the
characteristics of the VCO are approximately logarithmic frequency versus
voltage, the sweep is logarithmic, which
is the plotting characteristic of most
audio -frequency equipment. The ramp
control voltage is also available on the
front panel and may be used to drive

the X axis of a plotter or an oscilloscope. The sweep time may be varied
from 6 to 60 seconds. A typical setup for

measuring the frequency response of
an amplifier is given in Fig. 22-140B,
using an X -Y plotter. The ramp control voltage determines the VCO frequency and controls the X position of
the plotter pen. The horizontal plot (X)
is in three logarithmic frequency decades. The vertical position (Y) is determined by the magnitude of the voltage at the output of the device under

test. The output voltage is rectified so
the plotter Y drive is a de voltage directly proportional to the amplitude of
the output signal. The result is a plot of
amplitude versus frequency. The device shown includes a logarithmic frequency meter and an attenuator system
with 100 -dB loss, which may be used

externally if desired. The reset time is
about 2 seconds and always resets to 20

Hz. The response is plus or minus 0.5
dB. The power output is 2.5 volts in a
600 -ohm line, with THD of 1 percent at
1000 Hz.

A somewhat similar instrument

is

shown in Fig. 22-140C, containing a
logarithmic voltmeter and frequency

meter and the necessary rectifying cir-

cuits for directly driving an X -Y plotter. However, an external source of frequency is required, which may be a
prerecorded magnetic tape, record, film,
or oscillator.
22.141 Describe the basic circuitry
for o transistor test set.-Transistor test
sets arc manufactured in two types: in -

circuit, and for general bench testing.
The first instrument to be discussed is
the Model T.T.164 in -circuit transistor
manufactured by AVO, Ltd.
(England). A front-pauel view of the
tester,

instrument is given in Fig. 22-141A.
This instrument is portable and may be

used for in -circuit testing for both pnp
and npn transistors. In addition, two
low -current ranges are provided for the
measurement of leakage current in silicon transistors, which is considerably
lower than in other types. These two
ranges are amplified by a single transistor amplifier.
Current gain (beta) may be mea-

sured with the transistor in or out of

Fig. 22-141A. AVO Ltd (England) in -circuit transistor tester.
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the base circuit is balanced out. The ac
collector current is monitored by measuring the voltage across a 1 -ohm re-

the circuit over a range of 0 to 150 and
to 300, provided the base to the emitter
loading is over 400 ohms and the collector impedance

is

greater

than

sistor in the collector circuit.
The indicating meter is calibrated to

25

ohms. Collector current is continuously
variable from 0 to 10 pA in steps of 10

read 0 to 150 for measurements of beta,
to 10 for measurement of collector
current and two current ranges of 100
µA and 1 mA for leakage measure-

mA to 30 mA, with continuously variable collector voltage of from 0 to 10

0

volts.

transistor to be balanced out before the

ments, and 0 to 300 for leakage currents
below 3 ALA. There is also a battery
check scale. Overload protection is also

dc operating conditions arc set. Measurement of beta is carried out at frequency of 1000 Hz by means of an ac
bridge, after the effect of impedance in

provided. For in -circuit testing, special
probes are required. Power is supplied
from four 9 -volt batteries regulated to
supply a 20 -volt low -impedance output,

A de bridge circuit (Fig. 22-141B)
enables in -circuit components to the

CENTER TAPPED L0w
OPEDANCE APPLY

CENTER TAPPED LONIt
MAKDAIICE SUPPLY

Fig. 22-141B. Basic dc balance circuit for AVO in circuit transistor tester.
-43

/
a

o

OMR:
OSCILLATOR

MIN 2

TO SASS

BIAS
AC
LIILLEVOLTMETER

Fig. 22.141C. Basic or balance circuit for AVO in -circuit transistor tester.
COLLECTOR NPR

EMITTER PW

+ V,

TRANSISTOR

CAI -LECTOR PRP

EMITTER NPR

300ua

RS

R2
NAVN.

VE

Fig. 22-141D. Basic circuit for measuring dc leakage current in AVO in -circuit
transistor tester.
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Fig. 22-141E. Heathkit Model IM -30 transistor tester.

BIAS
CONTROL

GAM
TEST
CONTROL

R6

GAIN

TEST
CONTROL

R5 (R7- RO)

H
Re
BIAS
CONTROL

R21
MA%

GAIN

RH

ZERO GAIN

LtlIGH o

ME TER

Fig. 22-141F. Bose current measurement.

center tapped to provide 10 volts on
either side.

With switch Si in position 1, the
shunt paths are represented by resistors
RI, R2, and R3, which are balanced out
with the transistor not functioning.

LOW

HIGH -LOW
SWITCH

METER

Fig. 22-141G. Gain test Mc Beta and dc
Alpha).

eration by measuring the voltage drop
across the 100 -ohm resistor R4. The
ratio of the voltage across the 100 -ohm

After balancing, the switch is placed in
position 2 and the collector current is

resistor to the voltage across 1 -ohm re-

adjusted.

measure of current gain.
Leakage -current measurements employ a simple amplifier, as shown in Fig.
22-141D. Germanium diode Dl together
with resistor R5 applies a forward bias
voltage of approximately 0.5 volt to the

Referring to the ac bridge circuit in
Fig. 22-141C, the circuit is balanced first
with Si open, using control minimum -1.

and the transistor inoperative. This is
to nullify the effect of shunt paths
around the transistor. With switch SI
closed, the bridge is again balanced,
using the minimum -2 control and with
the transistor operating normally. Ac
base current is balanced out in this op -

sistor R5 in the collector circuit

is a

base of high -gain transistor Ql. This
ensures not only the linearity of the instrument calibration, but also that the
calibration starts at zero. The zero setting is a factory adjustment; however,

1415

TEST EQUIPMENT

internal potentiometer provides a
zero adjustment should readjustment be
necessary. Preset potentiometers P1 and
P2 provide adjustment for the leakage current ranges.
A second transistor tester, manufac-

an

tured by Heathkit, is shown in Fig. 22-

141E. This instrument tests transistors
and diodes under conditions corresponding to actual operating conditions.
Ac operating conditions are readily
found by testing the transistor for two
different values of bias, and then calculating the ac operating conditions. The
DCOE

41
0.7V

-RI3

Fig. 22-1411 Diode test.

Fig. 22-141H. Collector voltage test.

r

6

4'04*_

;

$-,

.'t$P

i;

0.,

-

1,1 V..

Fig. 22-1411. Schematic diagram of Heathkit Model IM -30 transistor tester.
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various diagrams show the basic circuits which are automatically set up by

voltage of 1.5 volts and using 0.8 -volt

the

designated

500 mA, the series resistance would be
0.8/0.5, which equals 1.6 ohms. The re-

Fig. 22-141F is the basic circuit for
measuring base current (1..) and is indicated by the meter connected directly
in the base circuit. Gain (dc beta and
dc alpha) is measured by the circuitry
in Fig. 22-141G. Here the meter mea-

sistor may be left in the circuit when

operation

of

certain

drop, R = E/I. Thus, for a diode rated

sw itches.

measuring reverse currents as its value
compared to the reverse current resistance is negligible. The schematic diagram for this tester is given an Fig. 22141.).

sures the voltage drop across resistor R.
and that across gain test control R24 By

22.142

adjustment of R24 for a null indication

in the laboratory and for general calibration work. Heretofore such instruments have been quite bulky because

on the meter, the voltage drop across Rs

equals the voltage drop across R24.
Therefore I. (collector current) times
R. equals I. (base current) times R24.

of the large number of vacuum tubes or
transistor's required for their operation.
The counter pictured in Fig. 22-142 is a

Gain and beta are directly proportional
to the value of R24, which is calibrated
to read values of alpha or beta directly.

Alpha equals beta divided by

1

Model 5215A, 12.5 -MHz solid-state gen-

eral-purpose counter manufactured by
Hewlett-Packard. The circuitry of this
instrument employs integrated circuits (IC) for its principal components,
thereby reducing the physical size, cost,

plus

beta.

Collector voltage E. (Fig. 22-141H)
the voltage between collector and
emitter This voltage is selected by the
collector voltage switch. Resistors RI to
R5 represent the meter multipliers. This
voltage is also measured under operating conditions. Other tests include collector current (I.), collector -emitter
leakage (1..0, diode leakage tests, colis

weight and power consumption. The

total power required for this instrument is 20 watts, or less than one -tenth

that previously required for vacuum tube models, The weight of this instrument is 7 pounds as compared with 50
to 150 pounds for older models.
The counter shown displays the readout using seven digits made visual by
seven cold -cathode Nixie display tubes

and in-

lector -to -base leakage

ternal short tests.
The various operating conditions may
be calculated:

= hr. =

Dc current gain h,.

Ac current gain =

A I.

Describe the basic principles

of a solid -slate electronic counter.-Frequency counters are extremely useful

a =13.../(/3., -4- 1)

(E. held constant)

or

1., -

1.,-L, (at the same value of E..)

Dc transconductance Gr. = 1./Es

Ac transconductance Cr. = - (E. held constant) or

E., -

De base resistance = Es/1s

Ac base resistance = Es/L. (E. held constant)

or

E.. -

Dc collector resistance = E./I.
Ac collector resistance = E./1. (lb held constant)
Symbols for transistor characteristics

arc given in Question 11.115.

The circuitry for testing diodes

is

given in Fig. 22-1411. Resistance R. is a
current -limiting resistance and must always be connected externally in series
with the diode. Its value depends on the

current rating of the diode. Silicon diodes generally have an internal voltage
drop of about 0.7 volt. Using a battery

- E,
1.. - I.,

manufactured by the Burroughs Corp.
When the unit is in operation a blanking circuit suppresses the display of unwanted zeros to the left of the most significant digit. An internal 10 -MHz crystal controlled self -checking oscillator is
included as a time base to ensure that
the decade counters, gates, function selector, amplifier, and time base are always operating satisfactorily. The nor-
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Fig.

2 2- 1 4 2.

Front panel

Hewlett-Packard
electronic counter.

view of

mal display time ranges from 50 milliseconds to 5 seconds and may be held
until reset. The accuracy is plus or
minus 1 count, plus or minus the time base accuracy. Gate times range from
0.01 to 10 seconds. Input impedance is
approximately 1 megohm shunted by
is 10 millivolts, rms
sine wave. The input signal may be attenuated in decade steps ranging from
0.01 to 10 volts, with the triggering voltage continuously variable.
In addition to the counting operation,
time intervals of 10 kis to 10 seconds
may be measured, or periods averaged.
By the substitution of an external signal
source (fi) for the internal time base,
and connecting a second source (1,) to

Model

5215A

1 2.5 -MHz

display change. The storage switch also

disables the zero blanking circuits.
22.143 Describe the circuitry of a
solid-state digital multimeier.-Fig. 22143A is a front -panel view of a Fairchild Instrument Division Model 7050
solid-state digital multimeter, with an
interior view of its construction given
in Fig. 22-143B. The instrument consists
of a single chassis housing a power supply, counting circuits, and readout tubes.

It may be operated from a line voltage
of 117 Vac, 50 to 400 Hz. The instrument measures both de voltages and resistance. For current measurement, external shunt resistances arc required.

Four voltage ranges are provided,
ranging from 1.500, 15.00, 150.0, and

provided on the rear apron for a 1 -MHz,

1000 volts full-scale. The 1.5 -volt scale
has a resolution of 1 mV. Resistance
from 1.500K,
measurements
range

3 -volt output frequency as well as

a

15.00K, 150.0K, and 15.00 megohms. The

four -line BCD code as a standard, with
assigned weights of 1, 2, 4, 8 (1 state
positive respect to 0 state).

ohm. For normal room temperatures,

the counter input, the frequency ratio
IA: can be measured. Terminals are

1.500 kilohm scale has a resolution of 1

In operation the instrument is connected directly across the circuit of
which the frequency is to be measured
and read in either kilohertz or megahertz. A reset push button on the front
panel resets the display to zero. The
counter is then ready for counting a
new cycle.

Also included on the rear apron is a
switch for disabling the storage feature.
The display storage provides a continuous visual display while the instrument

is totalizing a count. Only if the count
differs from the previous count will the

Fig. 22-143A. Front panel view of Fairchild Instrumentation Model 7050 solidstate digital multimeter, using dual slope integration techniques with 0.1 percent accuracy.
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the scale accuracy is plus or minus 0.1
percent of the reading plus or minus 1
digit; for the kilohm scale, plus or minus
0.2 percent of reading plus or minus 1

play. The input, measurement, and clock
circuitry are calibrated to result in a

digit. Three digital readout indicators
are provided with one overrange digit,

long enough to prevent a count during
the strobe pulse. By placing a short between the hold terminals, the readout
voltage may be held until the short is

decimal -point indicators, and a plus or
minus polarity indicator. The readout
display is steady without blinking. The
average instrument of this type requires
about 60 solid-state devices for its operation.

Each measurement cycle consists of
two parts. During the first part, current
is drained from an integrating capacitor

by the unknown current, while clock
pluses

feed

continuously

into

the

counter. At 4000 counts from the clock
the counter overspills to 0000 and the
second part of the measurement cycle
begins. At overspill (t, on the tinting
waveforms of Fig. 22-143C) a full-scale
pulse is emitted. This pulse triggers
flip-flop FF1 which in turn closes a reference -current solid-state switch. The
integrating capacitor now recharges at a
rate proportional to the reference current minus the unknown current (t, to
t,). When the voltage across the integrating capacitor reaches zero (t:), the
level detector changes the state of FF1,
then turns off the reference -current
switch and activates a strobe one-shot
multivibrator. These actions temporarily

disable the clock circuit and gate the
buffer storage units, permitting the
count stored at that particular instant to
be applied to the readout tubes for dis-

direct visual readout of the unknown
voltage. The clock circuit delayed just

removed.

Referring to both the block and schematic diagrams of Figs. 22-143C and D,

the voltage to be measured is applied
between the volts and common terminals on the front panel. Input signals
are routed to a function/range switch
consisting of six -ganged wafers. Wafer
SIC switches the input common when
the function switch is actuated. Wafer
SIF sets the range indication by
grounding the cathode clement of the
proper decimal -point indicator in the
readout tubes. Section SID grounds the
of the polarity indicating
lamps when the function/range switch
is in any voltage range. The remaining
cathodes

wafers A, B, and E route the input
signal voltage through a group of attenuating resistors to the input amplifier. Potentiometer R45 is for calibrating the 1000 -volt range; R36, the 150 volt range; and R28, the 15 -volt range.

The attenuated input signal

is

ap-

plied to a chopper -stabilized amplifier.
The chopper is driven at 120 Hz from
solid-state switch Q13. The drain element of Q16, a 2N4142 MOSFET is tied
to the input of the ac carrier amplifier,
with the source element connected to

Fig. 22-14313. Interior view showing the construction of Fairchild Instrument Model

7050 solid-state digital multirneter. The three tubes at the front arc the digital
readout tubes.
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Fig. 22-143C. Block diagram For Fairchild Instrumentation Model 70S0 solid-state
digital nsultirneter.
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the output of the dc amplifier for a
closed loop. When the chopper is operating, any potential difference that exists

between the amplifier input and

output is coupled through capacitor C5
to the amplifier input as an error -signal
voltage. This voltage is amplified and
fed back in phase to the source element
of Q16. When the voltages at the do am-

plifier output and ac carrier amplifier

input reach the same level, the amplifier
is stabilized and the total equivalent unknown input voltage is impressed across
I0,000 -ohm resistor R47. The current
through 1147 is drawn from the charge
on integrating capacitor C10.

When chopper transistor QI6 Is in
the on position, the voltage at its drain
clement (V..) is chopped to the level of
its source. The voltage step (positive or

Fig. 22-143E. Dc amplifier circuit.

J
z8

12

BASE CONNECTiONS

Fig. 22-143F. FS CUL 958 counter and bass connection.
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MI
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22-143G. Chopper -amplifier circuit.

Fig

5 8V
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3P
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-
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R53
V

CHOPPER DRNE

lope

Fig. 22-143H. Chopper -drive circuit.

negative, depending on the polarity of
the input signal) is coupled through capacitor C5, amplified and inverted in
Q10, QI1, Q12,

and then coupled through

C2 to the collector of Q13. At this time
Q13 is off, so the voltage step is inte-

grated (filtered) by R15 and C6 and ap-

plied to the input of the de amplifier.
When Q16 goes from on to off, any voltage change at the drain element is amplified and appears inverted at the collector of Q13. However, at this time Q13
is turned on, and, therefore, the signal is
grounded.
Transistors Q7 and Q8 (Fig. 22-143E)

ment of Q16. The step is in phase with
the input signal; therefore, the voltage
across the chopper approaches zero. Diodes CR18 and CR19 compose a clamp-

ing circuit for positive -polarity input
signals. Resistor R95 and diode CR20
form a clamp for negative -polarity input signals.
The polarity indicators consist of
lamps DS1 and DS2. When ionized, DS1

presents a horizontal bar of light at the
readout panel, and DS2 presents a ver-

tical bar. The two lamps function together to produce a positive -polarity
image, or DS1 on and DS2 off to indi-

constitute a differential amplifier. The
voltage at the base of QB follows the
voltage at the base of Q7. Emitter fol-

cate a negative polarity. When a voltage
range is selected, the cathodes of DS1

lowers Q14 and Q17 conduct (Q14 con-

SID. The anodes are connected through
resistors RI and R86 to plus 200 volts.
In addition the anode of DS2 is con-

ducts for positive input signals; Q.17 for
those of negative polarity) and the voltage step is fed back to the source ele-

and DS2 are grounded through switch

nected to the collector of Q3 in the de
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Fig. 22-1431. Ohms -converter circuit.

,1

AC

Fig. 22-1431

amplifier. For dc voltage inputs of negative polarity, Q3 is turned on and DS2
held off. Thus, DSI remains ionized and
a negative indication results. For positive indication, Q3 is turned off by
solid-state switch Q2 The voltage at the
anode of DS2 rises and allows the lamp

Powar-supply circuit.

to light, indicating the vertical bar portion of the plus indication.
The recharging of integrating capacitor CIO is provided by transistor Q9
(Fig. 22-1430). This current generator
is switched off when the zero detector

is activated, and held off until a full-
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scale pulse is emitted. Reference for the
current source is established by zener
diode CR1. When Q9 is off, current
through CRI is drained through CR2 to
ground. With Q9 in the on position, the
6.8 -volt zener diode across CR1 breaks
down and fixes the voltage at the base
of Q9. Transistor Q9 then conducts to
produce a stable reference current. Potentiometer R5 provides a means of ad-

justing the current amplitude.
Note that one side of integrating capacitor CIO is connected to a voltage
divider (R26 and R39) that fixes the
voltage at a value of plus 12 volts. The
voltage on the opposite side of C10 is
discharged during the First part of a
measurement. During the second portion of the cycle, it is recharged by a
current equal to the reference current
minus the input current. When the
voltage returns to plus 12 volts( plus a
small off -set voltage), the level detector
is triggered.
The level detector consists of transistors Q18 and QI9 connected in a Dar-

lington configuration When the voltacross the integrating capacitor
reaches 0 volts (12.5 volts each side)
plus a small off -set voltage, the base age

emitter junctions of Q18 and Q19 become forward biased. The voltage at
the collector of Q19 drops, and the flipflop steering transistor QC is turned on.
Flip-flop transistors Q5 and Q6 control the action of the current -reference
switch and the strobe generator. Each
time the counter reaches full scale, the
last counting unit emits a positive spike

(full-scale pulse). This pulse triggers
the flip-flop via steering diode CR6.

Rip -flop is turned on and produces a
positive pulse output. This pulse is

coupled through CII to turn Q20 off
Values of C11 and R40 to R42 are chosen

to hold Q20 in the off position for 5µs.
Hence the strobe pulse (A) is a pulse
of minus 0.5 volt of 5 -as duration.
Strobe pulse A turns off the clock temporarily and B gates the buffer storage
units, displaying the counting units.
The time base tQA12) is a 24,000 -Hz

oscillator, consisting of a Fairchild UL
914 dual two -input gate whose outputs
have liven cross connected to form a bistable oscillator. Resistors R79 and R85
and capacitors C20 and C22 are chosen
to produce an output frequency of
24.000 Hz.

The clock output drives three cascaded decade counters (CUL 958 elements) and one binary counter UL 926.
Each UL 958 element consists of four
binary triggered flip-flops modified by
feedback loop to count 1, 2, 4, 8 in binary-coded decimal. A block diagram
of this micrologic component is given in
Fig. 22-143F. The BCD count (Fig. 22143C) produced in the decade counters
is stored in CUL 959 buffer storage elements until a strobe pulse occurs.
Strobe pulses trigger the storage elements, permitting each to transfer its

BCD data to a CUL 960 decimal decoder/driver.
Buffer storage units CUL 959 consist
of four gated latch circuits and a common gate driver. The input characteristics

of the latch circuitry match the

CUL 958 decade counter output characteristics. The buffer stage permits the
state of the counter outputs to be sam-

pled and held for an indefinite time.
Each time a strobe pulse occurs, the
CUL 958 counter outputs are trans-

The positive pulse turns Q5 off, and Q6
is turned on through regeneration coupling. With Q5 off, current -reference
switch Q9 conducts, and current from
the reference source flows to the integrating capacitor. When CIO is recharged, the zero detector is activated
and produces a negative -going output
pulse which turns on switch Q43. This

ferred into the buffer stages.
The decimal decoder/driver units accept the I, 2, 4, 8 BCD output from
their respective storage elements and
transform the BCD count into ten mutually exclusive outputs which directly

action turns Q6 off. With Q6 off, Q5

control the ionizing potentials of gas -

turns on through regenerative coupling.
With Q5 on, the voltage at its collector
is high and the positive spike turns cur-

filled cold -cathode display tubes VI, V2,

rent -reference switch Q9 off and triggers the strobe one-shot multivibrator.
The strobe multivibrator consists of
transistor Q20 and RC network R40 to
R42 and Cll. At time t: (Fig. 22-143C)
in the measurement cycle, Q5 in the

digit display of any number from zero

and V3. Ten individual lines between
each driver -tube pair provide for a one to nine.

When the count exceeds 999, the
eight output from the last CUL 958 element is high and drives Q35. The collector is connected to pin 3 of QA7.
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With Q35 on, the voltage ut its collector
is low and QA7 as triggered. Element
QA7 is a flip-flop and controls bistable
multivibrator Q31 and Q32, which operates DS3. Transistors Q31 and Q32 normally are held off and CR10 and CR11
:ire back biased. During the strobe
pulse, the voltage at the emitters of Q31
and Q32 drops, thus permitting the output state of Q47 to be sampled. If pin 7
is high and pin 9 is low, CR11 becomes
forward biased; Q31 is turned on, and
Q32 off. With Q32 in the on state, Q40
conducts, creating a voltage drop across
DS3 and the number 1 appears as the

for 1500 -ohm range. The voltage drop
across the unknown resistance is mea-

most significant digit in the readout.
The chopper (Fig. 22-143G) is a
FI100 MOSFET. The gate must be biased to approximately 4 volts negative
with respect to its source element before the device will turn on. The chopper drive circuit (Fig. 22-14311) produces a square -wave signal that alternates between plus 1.2 and minus 6
volts. The positive 12 -volt signal is
necessary because of the voltage drop

more,

across diode CR2 and transistor Q13.
Element QA8 (Fig. 22-143D) is the
third CLR.., 958 element in the series
decade counters. The first two counter
elements divide the 24,000 -Hz clock signal by 100. Flip-flop circuit QA8 divides
the 240 -Hz input by two. The resulting
120 -Hz signal at pin 3 of QA8 triggers
driver transistor Q38. The square waveform appearing at the collector of Q38
alternates between plus 1.2 and minus
6 volts. This output signal drives chopper transistor QI6 and solid-state
switch Q13.
The ohms converter (Fig. 22-1431) is
switched into the circuitry when an
ohms range is selected by the function

switch. This circuit consists of a bootstrap amplifier that produces two outputs. One output is used for a 15-megohm range only. This output adds I volt
to the voltage at the amplifier input. The
second output is used for all other
ranges except 15 megohnis This second
output adds 10 volts to the amplifier in-

put. The appropriate output voltage is
connected to the low end of the attenuiitor for a given range. The attenuator
network programs a test current
through the unknown resistance. Test
currents are: 0.1 µA for the 15-megohm
range, 1µA for the 1.5-megohni range,
0.01 mA for the 150,000 -ohms range, 0.1
mA for the 15,000 -ohm range. and 1 mA

sured with the dc voltage -measuring
portion of the instrument.
Transistor Q4 is a current source for
the ohms converter. The zener breakdown potential of CR1 provides a refer-

ence for the current source. Current
from Q4 flows through 1152, R54, R55,
and Q30. Elements Q27 and Q28 compose a differential amplifier. The base

voltage of Q27 is always directly proportional to the value of the unknown
resistance. An increase in V., causes
Q27 to conduct less and Q28 to conduct
thus causing Q25 to conduct
harder because of the increased voltage
appearing at R52. The base voltage of

Q26 rises to follow the voltage at the
base of Q25 and hence to remain 10 volts

above the voltage ut the input to the
ohms converter (Q27). Therefore, the

output at the base of Q26 is always
equal to the voltage at the base of Q27

plus 10 volts. The output for the 15megohm range appears on the arm of
R55. Because of the bootstrap action,
the output voltage is always 1 volt
above the voltage that is present at the
base of Q27.

A solid-state power supply (Fig. 22provides voltage levels of plus
220 volts, plus 25 volts, plus 3.8 volts,
and minus 8 volts. The 220 volts supplies the anode potential for the display
tubes and lamps. The plus 25 -volt and
minus 8 -volt supplies are used with the
control logic and the analog -to -digital
(A to D) converter. The plus 3.8 -volt
supply is used in connection with the
143J)

micrologic elements.

Reference for the plus 25 -volt, 3.8 volt, and minus 8 -volt outputs is established by the zener breakdown of CR14,

a transistor that has its collector lead
open circuited and its base and emitter
terminals connected as shown in detail
in Fig. 22-143H. The emitter -to -base
breakdown potential of CR14 establishes
reference voltage for the emitter of Q37
The base lead is connected to the junction of sensing resistors R74 and R80. If
the output voltage decreases because of
a load change, the decrease causes Q37
to conduct less. The voltage at the base

of series regulator Q33 rises, and Q33
conducts harder to compensate for the
drop in output voltage. Capacitor C26
is a filter capacitor for the plus 25 -volt
supply.

1427
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Reference voltage for the minus 8 volt supply is taken from the plus 25 volt supply Sensing resistors R84 and
R85 are connected between the plus

conducts harder to accomplish regula-

25 -volt output and the minus 8 -volt

put signal. Resistors R73 and R75 form
a voltage divider that fixes the voltage
at the base of Q36. Q36 acts as a constant -current source and fixes the voltage at the base of Q34. When the voltage at the emitter of Q34 tends to drop,
Q34 conducts harder and compensates
for the voltage drop. The plus 3.8 -volt
output is also dependent on the plus
25 -volt supply.

terminals. Assuming that the plus 25 volt output

is

absolutely stable, the

slightest variation in the minus 8 -volt
output will be sensed across R84 and
R85. This variation is sensed at the base

of Q39. For a drop in output voltage
(less negative) the hase voltage of Q39
will rise and Q39 conduct less. The voltage at the base of Q41 drops and Q41

tion.

Diode CR15 rectifies the transformer

output and C23 filters the rectified in-
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Section 23

Audio -Frequency
Measurements
Lord Kelvin once said, "I often say that when you can measure what you are
speaking about, and can express it in numbers, you know something about it; but
when you cannot measure it, when you cannot express it in numbers, your knowledge is of meager and unsatisfactory kind." A measurement, however, is only as
good as the equipment and method used in extracting this knowledge. The USASI
(ASA) has specified the characteristics of certain test instruments, and set forth
standards to be met by equipment under test, but it often fails to specify the manner iu which the measurement is to he made. The generally accepted methods of
such measurements are delineated herein. Although a given device has been
selected to facilitate discussion of certain types of measurements, the information
is usually applicable to other such instruments and similar measurements. Methods
of calculating and plotting the results, correction factors to be observed where
indicated, and proper load terminations are included iu the discussions.
current -indicating instruments are generally insensitive to very
small values of current. Therefore, it is
customary to employ instruments indifrequency,

23.1
How ore the frequency characteristics of an audio amplifier measured?

-Four circuits commonly used for the
measurement of amplifier characteristics are shown in Figs. 23 -IA to D.
The simplest form of measuring the
gain or frequency response of an amplifier is to connect an audio oscillator
to the input of the amplifier through a
suitable attenuator network and send
frequencies of constant amplitude into
the amplifier, measuring the current at
the input with a sensitive current -indicating meter (Fig. 23-1A). A second
meter is used in the output or load cir-

cating voltage rather than current. In
Fig. 23-1B is shown a similar circuit
using a single vacuum -tube voltmeter
for measuring the voltage applied to the
input and the voltage developed by the

amplifier at its output. The ratio of the
input voltage to the output voltage is
then used to compute the frequency
characteristics.

The only disadvantage of this circuit
is that when the meter is switched from

cuit. The ratio of the input to output

input to output, the multiplier of the

currents is then used to compute the
gain of the amplifier at the frequencies

meter must be changed to LI higher scale

of interest.

ment.
One advantage of the preceding
method of measurement is that fre-

to prevent damage to the meter move-

This method of measurement is not
without its difficulties, however, due
primarily to the fact that most audio -

quency errors in the meter are cancelled
12

t,

AMPLIFIER

OSCILLATOR

RECEIVE

AL

Fig. 23-1A. Measuring the frequency response of on amplifier by using two sensitive
milliarnmeters.
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SEND

OSCILLATOR

AMPLIFIER

Fig. 23-18. Measuring the frequency response of an amplifier by using a single
vacuum -tube voltmeter.

Fig. 23-1C. Using two voltmeters to measure the frequency response of an amplifier.
r

1

1

SEND
VI METER

RECEIVE

VI METER

METER
ATTENUATOR
SEND
ATTENLIATOR

------

METER

ATTENUATOR
SEND
JACKS

RECEIVING
TERMINATION
r

AM Pt IFIER
UNDER TEST

AUDIO
OSCILLATOR

RECEIVE
JACKS

SEND SECTION

RECEIVE SECTION

Fig. 23-1D. Basic circuit of a two -meter go in set using an unbalanced configuration.

out because the same meter is used to
measure both the input and output circuits. (See Question 23.25.)
The meter at the input is always connected at the oscillator output ahead of

at the output of the oscillator increases
the signal-to-noise ratio of the readings.
Fig. 23-1C shows a similar circuit
but with two meters, one connected at
the input and the other across the load

the network to provide a high output

instance the input
meter is held to a given voltage for all
frequencies and the difference is read
on the output meter. The disadvantage
of this circuit is that the two meters
must have similar frequency characteristics over the frequency range to be
measured. If the frequency characteristics of the meters differ, the true fre-

voltage to facilitate reading of the meter,
because the voltage at the input of the
average amplifier will be rather low. As

an example, if the voltage at the oscillator output is 1 volt and the attenuator
has a loss of 40 dB, the voltage at the
input of the amplifier is 0.01 volt, or a
ratio of 100/1. Reading the input voltage

resistance. In this

AUDIO -FREQUENCY MEASUREMENTS
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AMPLIFIER

Fig. 23-1E. Block diagram for a

typical gain set (also collod a
SEND

transmission set).

RECEIVE

GAIN SET

'TRANSMISSION
GROUND

OSCILLATOR
OUT PuT
CONTROL
AUDIO

OSCILLATOR

quency response will not be obtained.

nation are available and that all im-

(See Question 23.25.)

pedance matches are satisfied.
Fig. 23-1E is a basic block diagram of

The fourth method of measuring the
frequency response of an amplifier is
by the use of a gain set, as described in
Questions 22.122 to 22.124. The basic
block diagram of a gain set is shown in
Fig. 23 -ID. Here, two meters are again
used; however, in this instance, they are
standard VU meters as described in

a typical gain set and is the one which
will be used for illustrating the various
methods of measurement.
23.2 At what level output should
a frequency -response measurement
be

made on on amplifierl-If the normal
characteristics of the amplifier are rea-

Question 10.3.

sonably flat, measurements are made

The configuration of the attenuator
network used at the input of the am-

8 to 10 dB below the maximum output
level. If the characteristics are not fiat,
the procedure as outlined in Question

plifier will depend on the configuration
of the amplifier input. The network may
be balanced or unbalanced, variable or
fixed in loss; however, it must supply
an impedance match between the oscil-

23.13 is followed.
23.3
making

Describe the procedure for
frequency -response measure-

a

ment using a gaM set. -To illustrate

lator output and the input of the am-

the procedure for making a gain -ver-

plifier.

sus -frequency

The insertion of an attenuator network between the output of the oscillator and the input of the amplifier serves
a triple purpose: (I) It attenuates the
signal voltage to a level suitable for the
input of the amplifier; (2) it provides
an impedance match between the oscillator and the amplifier; and (3) it increases the signal-to-noise ratio of the
oscillator signal by attenuating the internal noise and hum of the oscillator,
which is constant.
The basic circuits shown in this question may also be used for measurement
of overload, power, and distortion. To
simplify the block diagrams of the various measurements to be discussed in
this section, the bask block diagram of

measurement

using

a

gain set, it will he assumed that the
measurement is to he made on a sim-

ple amplifier having symmetrical (ungrounded) 600 -ohm input and output
impedances. The gain set to be used will
be similar to that described in Question
22.122.

The amplifier input, being symmetrical, may be directly connected to the
gain -set send terminals, as shown in
Fig. 23-15A. To prevent possible damage to the gain set and to the equipment under measurement, the maximum loss of the gain -set attenuators is
inserted
started.

before

the

measurement is

a gain set will be used, as it presupposes

Next, the send and receive impedance switches of the gain set are set
to 600 ohms and the amplifier chassis

that an oscillator, send attenuators, input and output meters, and load termi-

is grounded to the transmission ground.
(See Question 23.24.) The amplifier may

1432

now be turned on and permitted to
warm up to bring the tubes to their
normal operating temperatures before
proceeding with the measurements.
If the audio oscillator is of the beat frequency type (see Question 22.51), it

will also require a warm-up period to
prevent it from drifting off frequency
during the measurement. If the oscillator is of the Wien -bridge type (see
Question 22.50, it will require only a few
minutes of warm-up time.
The send VU meter attenuator on the
gain set is set to its plus 4-dBm position.
The receive VU meter attenuator is set
to its highest position for protection until the actual measurement is started.
Set the oscillator to 1000 Hz and adjust

its output for an indication of plus 4
dBm on the send VU meter. Turn the
attenuator of the receive VU meter to
plus 4 dBm and start the measurement
by removing loss from the gain -set attenuators in small steps until a reading
of plus 4 dBm is obtained on the receive

VU meter. With the send and receive
meters both reading plus 4 dBm, the
gain of the amplifier is equal to the loss
in the gain -set attenuators.
If the receive meter indicates a fractional part of a decibel below the zero
calibration mark, remove 1 dB from the
attenuators and read the fractional part
on the plus side of the zero calibration
mark. The gain of the amplifier is now
read as the total loss of the attenuators
plus the fractional part on the receive
VU meter.
To illustrate: If the gain -set attenuator loss adds up to 43 dB and the receive meter indicates 0.5 dB above the
zero mark, the gain of the amplifier is
43.5 dB.

When a fractional part of a dB on
the plus side of the zero mark is read, it
is added to the loss of the attenuators,
and when read on the minus side of the
zero mark, it is subtracted from the attenuator loss.

In some gain sets, the send impedance switch induces a resistive network
which causes an additional loss. This

loss must be added to the loss of the
variable attenuators to arrive at the
true gain of the amplifier. The loss induced by the input network is indicated
on the dial of the selector switch. If an
external attenuator is being used, its
loss must also be included In the final
summing up.

THE AUDIO CYCLOPEDIA

The same procedure is used for mea-

suring each frequency of interest. It is
important that the send signal be main tamed at the same level for alt frequencies.

The basic principles of gain -set operation may be summed up as follows:

A known signal level is sent into the
input of the gain -set attenuator network and sufficient loss is induced by
the

gain -set attenuators to

obtain

a

level at the receive VU meter equal to
that of the send VU meter (assuming
all impedance matches have been satisfied). Therefore, under these conditions
and these conditions alone will the gain

of the amplifier be equal to the loss of
the gain -set attenuators in decibels.
(See Question 23.4.)
23.4 How ore the dials and meters

of a gain set read?-To illustrate the
procedure for reading the attenuator
loss and meter indications of a gain set.
a typical two -meter, two -dial gain set
is shown in Fig. 23-4. Suppose that the
dials indicate 40 -dB loss on the first
dial and 3 -dB loss on the second dial.
This is a total loss of 43 dB. The re-

ceive VU meter is shown indicating
plus 0.5 dB above the zero calibration
mark. How is this fractional part added
to the dial readings?
Referring to the illustration in Fig.
23-4, an amplifier under these conditions would have a gain of 43.5 dB. Because the attenuators read in even steps

of 1 dB and the amplifier has a gain of
43.5 dB. the fractional part of the gain
will he indicated on the receive meter.
If the fractional part appears on the
minus side of the receive -meter zero,
1 dB is removed from the attenuators
and the fractional part read on the plus
side of the zero mark as shown. If the
fractional part is read on the minus side
of zero, it is subtracted from the loss
of the attenuators (44 minus 0.5 equals

43.5 dB). In either instance the total
gain is the same; however, it is more
convenient to read fractional parts on
the plus side when adding up the dials.
To illustrate how the attenuators
function to indicate gain, the signal

from the oscillator is reduced by the
attenuators by exactly the same amount
as the amplifier has amplified it, except
for the fractional parts read on the
receive VU meter. This is illustrated by

the heavy line in Fig. 23-4. In reading
gain, the loss of the attenuators is con-

AUDIO -FREQUENCY MEASUREMENTS
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0

AMPLiE1ER OUTPJT

*0 NIB

4 501Pn

GAIN 43.501

TENUATOR LOSS

-43413m

ATTENUATOR

Loss

Fig. 23-4. Voltage reduction by the attenuotors in a gain Set for on amplifier of
43.5 dB gain.

sidered to be a positive value. If the
gain set includes an attenuator calibrated in 0.10 -dB steps, it

is

adjusted

to bring the receive VU meter to the
the fractional
attenuator dial is then added to that of
the other dials.

The same procedure is followed for
the measurement of each frequency of
interest. The second (oscillator) signal
level is maintained at the same value
for all frequencies. A gain set may also
used to read insertion loss and
power -output levels and to indicate the
be

overload point of an amplifier. These
subjects are discussed elsewhere in this
section.
23.5

If a gain set includes a 0.10 -

the various devices measured. The values of loss, as read from the gain -set
attenuators, are entered in the Run column. Later these values will be used to

convert the measurements to a reference frequency which is entered in the
Delta (A) column.
A typical gain run has been entered
in the Run column to illustrate how the
settings of the gain -set attenuators are
tabulated. The values in the Delta column have been converted to a reference
frequency of 1000 Hz. It is customary to
enter on the reverse side of the sheet

a block diagram of how the measurement was made, indicating the various
pieces of test equipment, operating levels, impedance values, terminations, and
any other pertinent data that would as-

dB ottenuator, how is it read?-It is adjusted to bring the receive meter to

sist in duplicating the setup at a later

zero. Its loss is then added to the other

date. To illustrate how the gain run

attenuators.
23.6 How

shown is converted to a reference frequency, assume that 1000 Hz is to be
used as the reference frequency. The
attenuator loss at 1000 Hz is 40 dB and
remains at this value up to 6000 Hz. At
7000 Hz the attenuator loss is 39.9 dB,
and at 10,000 Hz it is 37 dB. Going
downward in frequency, the attenuator
loss remains 40 dB until 60 Hz is
reached, at which point the loss in-

is

a

frequency -response

measurement tabulated when using

a

gain set?-If a large number of frequency runs arc to be made daily, a
tabulation sheet similar to that shown
in Fig. 23-6 is prepared. The frequency
column starts at 30 Hz and progresses
to 15,000 Hz. Other frequencies may be

used. However, the ones shown will
generally cover most measurements involving recording and reproducing
equipment. Space is provided at the

creases to 40.5 dB; at 30 Hz, it increases
to 43 dB.

bottom of the sheet for entering the

Inspection of the attenuator loss indicates that at frequencies above 6000

noise, distortion, and power output of

Hz, the gain of the amplifier must fall
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TRANSMISSION MEASUREMENT DATA
Date

Equipment

Frequency

Run

A

30 Hz

43.0

+3.0

40 Hz

41.8

+1.8

50 Hz

41.0

+1.0

60 Hz

40.5

+0.5

80 Hz

40.0

0.0

100Hz

40.0

0.0

150Hz

40.0

0.0

200 Hz

40.0

0.0

300 Hz

40.0

0.0

400 Hz

40.0

0.0

800 Hz

40.0

0.0

1 kHz

40.0

0.0

1.5 kHz

40.0

0.0

2 kHz

40.0

0.0

2.5 kHz

40.0

0.0

3 kHz

40.0

0.0

4 kHz

40.0

0.0

5 kHz

40.0

0.0

6 kHz

40.0

0.0

7 kHz

39.9

8 kHz

39.6

9 kHz

38.5

10 kHz

37.0

-0.1
-0.4
-1.5
-8.0

Engineer
Run

A

Remarks

11 kHz

12 kHz
13 kHz
14 kHz
15 kHz

NOISE

-60 dBm.

DISTORTION

0.5% at +4 dBm.

MAX. POWER

+10.0 dBm.

Note: Attach a complete block diagram of the test setup used. Show all impedance values, operating levels, gain, and equipment type numbers.
Fig. 23-6. Typical transmission -run data sheet.
off, because less attenuator loss is re-

quired to maintain a constant level at
the receive meter. At the low frequencies, the amplifier gain must rise, because more attenuation is required to
maintain a constant output level.

Keeping the above facts in mind, the
attenuator loss may now be converted
to a reference frequency to show the
rise and fall of the frequency characteristic above and below the reference
frequency.

AUDIO -FREQUENCY MEASUREMENTS
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The attenuator loss, being the same

A typical plot using a reference frequency of 1000 Hz is shown in Fig.

for frequencies between 80 and 6000 Hz,
indicates the amplifier frequency re-

23-7A. In some instances it may be desirable to plot the frequency characteristic in gain rather than by referring to
a reference frequency. In this latter type
of plot, the actual values of loss are en-

sponse over this range is flat. This fact
is entered in the Delta column as 0.0 dB.
Moving upward in frequency to 7000 Hz,

the attenuator loss at this frequency is
subtracted from the attenuator loss at
1000 Hz, and the difference is entered
in Delta column as minus 0.10 dB. At

tered on the graph (which represents
gain) as shown in Fig. 23-7B.
21.7 State the general rules per-

10,000 Hz the loss is 37 dB, or 3 dB less
than the value at 1000 Hz. Therefore, the
amplifier has a loss of 3 dB at 10,000 Hz.
This is noted as minus 3 dB in the Delta
column. The fractional decibel values

taining to the measurement and plotting
of amplifier characteristics.-In accord-

ance with IHF Standard A-200-1966,
amplifiers are to be tested at a line voltage of 120 volts plus or minus 1 percent,
at 60 Hz, or within 2 percent of the lowest supply frequency given by the manufacturer. The waveform of the line
voltage is to be sinusoidal, with a THD
of less than 2 percent. The ac line input
is to be connected to the power transformer primary tap that results in mini-

are read on the receive VU meter, as
described in Question 23.3, if the gain
set does not include an attenuator cali-

brated in fractional parts of a decibel.
At the lower frequencies the reverse
takes place. At 30 Hz, 43 dB of loss is
required; therefore, the amplifier has a
rise of 3 dB at 30 Hz. The rule to remember when converting attenuator
loss to a reference frequency is: If the
attenuator loss is less than that at the
reference frequency, the device under

mum gain on the highest gain input,
and the connection is not to be changed
during any other test performed on the
amplifier. One side of the sic line is to be
at ground potential.
Before the tests are started, the am-

measurement shows a loss In frequency
response, and if the loss is greater than
that at the reference frequency, the device shows a rise in frequency response.

plifier

is

to be preconditioned by op-

erating all channels at one -tenth the

highest reference power into its stated
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Fig. 23-7D. Frequency response of amplifier considered in Fig. 23-7A plotted
percent gain of 1000 He.
load resistance for at least 1 hour at an

in

bottom plates in position.

cent. Test frequencies arc to be plus or
minus 2 percent of the specified value.
The output of the amplifier is terminated in a resistive load with not more
than a 10 -percent reactive component

Gain or other controls affecting the
output level are to be preset to their

at any frequency up to five times the
highest test frequency and capable of

maximum gain positions. Tone and any

dissipating the full load of the amplifier
while maintaining its resistive value
within 1 percent of the rated value.
Unless otherwise specified, the amplifier
is to be terminated in an 8 -ohm resistive load. Preamplifier outputs are to be
terminated in 0.1 megohin shunted by a
1000-pF (0.001 -AF) capacitor, plus or
minus 5 percent unless otherwise specified by the manufacturer.
To show the complete characteristics
of an amplifier, several different measurements are required. Among these

ambient temperature of 25C plus or
minus 3'C in still air, in its normal operating position, with all shields and

other controls affecting the frequency
response are to he set for the most uniform response. Stereophonic balance

controls are to be set to the normal
position as specified by the manufac-

turer. Automatic control circuits actuated by the input signal are to he disconnected.

The harmonic distortion of the input
signal (oscillator) shall not be greater

than 20 percent of the measured distor-

tion of the amplifier to be tested. This

means, for an amplifier of 1 -percent
total harmonic distortion, the THD of
the oscillator can not exceed 0.20 per -

frequency response, continuous
sine -wave power output, harmonic and
intermodulation distortion, music power
arc
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Amplitudes of a fundamental frequency f,, plo fed in decibels below the
amplitude of f,, using a wove analyzer.

Fig

voltage versus frequency, and again in
Fig. 23-7D as percent gain versus frequency.

Harmonic or intermodulation distortion is plotted as given in Fig. 23-7E,
and with phase distortion it is plotted

a

as shown in Fig. 23-7F. Figs. 23-7G and

OUTPUT

Fig.

23-71. Linearity characteristics of

on ideal amplifier.
transient distortion, linearity,
hum and noise, internal output impedance, damping, phase shift, sensitivity,
and stability. If the amplifier is for
stereo, additional tests for separation
(crosstalk) and tracking error arc to be
output,

included. These measurements arc made

with the input signal applied to both
sides simultaneously. Plotting of these
characteristics are given in Figs. 23-7A
through K.
The frequency response of an amplifier may be plotted several different
ways. Fig. 23-7A shows the most com-

H illustrate two methods of plotting the
amplitude of harmonics, using a harmonic wave analyzer. Linearity characteristics are plotted in Fig. 23-71. The
power bandwidth of an amplifier is determined by plotting a power curve

(Fig. 23-7J), and spotting the points
where the response is down 3 dB. The
plot in Fig. 23-7K, using 3 x 5 log -log
paper, is
23.208.)

Step -generator

measurements

are

made by photographing the input arid
output signals simultaneously on a
dual -trace oscilloscope. The amplifier

departs from a linear device when the
output step pattern departs from the
waveshape of the input signal. The internal output impedance is plotted as
shown in Fig. 23-1388.
23.8 In what position is the send
meter generally set for a normal gain
run on an amplifier?-The send -meter

mon method, using semilog graph paper.
Frequency response may also be plotted
as in Fig. 23-7B, showing the actual gain

in decibels at each frequency. The plot
in Fig. 23-7C is that of the amplifier in
Fig. 23-7A except that it is p otted

that given in IHF Standard

A-201-1966. (Sec Questions 23.207 and

attenuator is, as a rule, set to a plus
4-dBm position. The same signal level
is then maintained for all frequencies.
The relationship of the zero calibration
II
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Fig. 23-7J. Power bandwidth curve for a typical 10 -watt amplifier showing the half power points versus frequency.
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to the actual signal level indicated by a
VU meter is fully described in Questions 10.17 and 10.24.
23.9 Is it permissible to set the receive meter at a higher level than a plus
4 dBm or zees?-Yes, the receiving
meter may be set to any level. However,

for normal frequency -response measurements, it is generally set to the plus
4-dBm level. If so desired, the measure-

ment may be made at a higher output
level such as a plus 40 dBm (10 watts),
in which case, it is made in exactly the
same manlier as if it were run at a
lower level.

bels

to permit a measurement to

be

made. If this is necessary, the increased
level at the send end must be taken into
consideration when computing the final

gain of the amplifier. As an example,
if the send meter is set for a plus 10
dBm, the receive meter is set to a plus
4 dBm, arid the attenuator loss is 20 dB,
the actual gain of the amplifier is 14 dB.
(See Question 23.16.)

To analyze this statement, note that
the send level is plus 10 dBm. The attenuator loss is 20 dB. Therefore the
signal at the amplifier input has a level
of minus 10 dBm. If the output meter

Precautions must be taken that the
input and output leads to the amplifier
are properly separated to prevent feedback and that the amplifier chassis is

indicates a level of plus 4 dBm, the gain
of the amplifier must be 14 dB, because
the input signal was raised from a

grounded

total increase of 14 dB. To further illus-

to

the transmission -ground

system. If this is not observed, oscil-

lation may take place and damage the
receive meter of the gain set.
23.10 Can the signal level at the
send VU meter be set to a lower or
higher level than plus 4 dBm?-Yes.
When the meter attenuator is set to
plus 4 dBm, the signal level at the in-

put of the attenuator network of the
gain set is a plus 4 dBm and then is
reduced to a lower level by the attenu-

ator network. At times it may be desirable to increase the send signal level
or, in some instances, to reduce it below
a plus 4 dBm

If a bridging amplifier of low gain is
being measured, it may be necessary to
increase the send level by several deci-

minus 10 dBm to a plus 4 dBm, for a
trate how the attenuators and meters
are used, assume the send VU meter
reads a minus 2 dBm, the attenuator
loss is 34 dB, and the receive meter
reads minus 2 dBm. What is the amplifier gain under those conditions? With a
minus 2-dBm signal at the input of the
gain set, the level at the amplifier input
will be minus 36 dBm. To raise a minus
36-dBm signal to a minus 2-dBm level
will require an amplifier gain of 34 dB.
The rule for such measurements is:

Whenever the send VU meter reads
higher than the receive meter, the difference between the two levels is subtracted from the attenuator dial readings. If the level of the send meter is
lower than the receive meter, the dif-
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ferencc is added to the loss of the attenuator dials. If the send and receive
meter levels are the same, only the loss
of the attenuators, which is equal to the
amplifier gain, is considered.

typical magnetic -tape playback amplifier response). If a frequency of 1000 Hz
is used for the reference frequency, the
amplifier output must rise 20 dB, which,
depending on the amplifier design,

If the send meter is set to a

might cause serious overload and re-

level below plus 4 dBm, how is the gain
of an amplifier computecIT-Assume the
send meter is set to minus 4 dBm (see
Questions 10.17 and 10.24) and the re-

sult in an erroneous frequency response.

23.11

ceive meter reads a plus 4 dBm, with
20 -dB loss in the gain -set attenuators.
What is the gain of the amplifier? The
true gain is 28 dB.
This statement may be analyzed as
follows: The send signal is a minus

If a frequency of 80 Hz is taken for
the reference frequency, the frequency
response will fall off as 1000 Hz is approached. Thus, the amplifier is prevented from being driven into overload.
After the frequency response has been
obtained in the preceding manner, it is
replotted with reference to 1000 Ilz.
The foregoing statement is particu-

4 dam. The loss of the attenuators is
20 dB. This makes the signal level at

larly true for amplifiers used in mag-

the input of the amplifier minus 24 dam.

zation at the high and low ends may

The receive meter reads plus 4 dBm.
To increase the signal level from a

rise 15 to 22 dB with reference to 1000

minus 24 dam to a plus 4 dBm requires
a gain of 28 dB. Therefore, the amplifier
gain must be 28 dB. It is assumed that
all impedance matches are satisfied and

no correction factors are required for
either meter.
23.12 What relationship does the
attenuate, loss in a gain set bear to the
input signal of a device under measure-

mentl-If the send VU meter is set to
a true 1-milliwatt
reference
level, or 0 dBm, the input level is the
level indicated by the loss of the attenuators. As an example, if the level

indicate

indicated by the send VU meter is zero
dam and 40 dB of loss is inserted in the
attenuators, the signal level at the gain set send terminals will be minus 40
dBm. However, this will only be true if
the gain -set send terminals are terminated in their characteristic impedance.
If the send VU meter is indicating a
plus 4 dBm, then the level at the send
terminals (properly terminated) for 40 dB loss would be minus 36 dBm. (Sec
Question 10.17.)
23.73 What precautions should be
token when measuring the frequency re-

netic -tape recorders where the equali-

Hz. (See Fig. 23-52A.)
23.14 Show the different types of

input circuits used with balanced gain
set.-A balanced gain set consists of a
balanced attenuators using
either a T, bridged -T, or H -type config-

group of

uration. M explained in Question 22123. the center tap of each of these con-

figurations is grounded. Therefore, if a
balanced gain set is used with an unbalanced input circuit, it is possible to

short out a portion of the attenuators
or a portion of the input circuit of the
device under test. To prevent this, a
repeat coil is connected between the
send terminals of the gain set and the
input terminals of the device being
tested. (See Fig. 23-14A.) Three types

of input circuits commonly used with

Fig. 23-14A. Repeat coil connected be
tween the send terminals of a gain set
and the input of a device undo test.

sponse of an amplifier having a consid-

erable amount of equalization?-The
frequency of maximum rise should be
determined by sweeping the oscillator
across the frequency band and noting
the frequency of maximum rise. This
frequency is then used for a reference
frequency.

To illustrate the procedure, suppose
that an amplifier indicates a 20 -dB rise

at 80 Hz with respect to 1000 Hz (a

0

23-148. Input circuits commonly
used in audio equipment. (a) Symmetrical input. (b) Grounded input. (c) Balanced to ground input.
Fig.
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In (a) to (h) of Fig. 23-141D are
shown circuits suitable for use between

Saai-SEI
MgtNuATOrtS

the send terminals of a balanced gain

set and the input circuit of a device
with one of the three circuits illustrated
Fig. 23-14B. It will be noted that
many of the circuits make use of a
in

(a) Unbalanced to balanced input.

repeat coil for isolation. When sending

into the circuits in (a) arid (e) of Fig.
23-14D, where two ground connections

are involved, it might be necessary to
impose a repeat coil in the circuit to
prevent ground noise, particularly if the

physical separation of the two ground
points covers a considerable distance.
(b) Balanced to unbalanced input.
Fig. 23-14C. How an improperly isolated
input circuit is shorted out by the gain set ground.

audio -frequency equipment arc shown
in Fig. 23-14B.

Fig. 23-14C illustrates how the input
of a device being tested could be shorted

out by improper isolation of the two
circuits. The proper terminology and
use of input circuits is discussed in
Question 8.25.

An excellent rule to remember is: When
in doubt, use a repeat coil. Repeat coils,

as a rule, have wide frequency ranges
and produce little or no effect on the
circuits in which they are connected if
the impedance match is satisfied. The
insertion loss is generally between 010
and 0.50 dB. An electrostatic shield is
interposed between the primary and the
secondary windings and brought out to
a separate terminal for grounding. This
electrostatic shield permits transmission
only by inductive coupling between
windings. Electrostatic noises such as
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23-140. External send circuits for a balanced gain set.
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Fig. 23-15. Eaternal send circuits for on unbalonced gain set.
breaking of power circuits and
radio signals are shunted to ground by
the shield. (See Question 23.199.)
23.15 Show the different types of
input circuits used with on unbalanced
gain set.-In Fig. 23-15 are shown sevthe

eral

circuits suitable for use with an

unbalanced gain set when sending into

input circuits such as shown in Fig.
23-103. Other input circuits are also
shown In Fig. 23-15.
23.16 How is a device with a bridging input impedance measured? -When

a device which employs a bridging input impedance is measured, the send
section of the gain set must be terminated in its normal send impedance
with a terminating resistor, as shown in

actual level indicated by the attenuator
dials will not he correct; also, the loss
of the attenuators will not increase or
decrease in exact 1 -dB steps when the
loss is less than 6 dB.
The terminating resistor also provides the terminating impedance for the
bridging circuit. Bridging impedances,
as a rule, have values between 10,000
and 30,000 ohms and are designed to
operate from a circuit impedance of 500
or 600 ohms. Thus, with the correct terminating resistor at the send terminals
of the gain set, the bridging impedance
is measured under its normal operating
conditions and a true measurement of
the gain (if it is an amplifier) is obtained.

(c) of Fig. 23-14D and in (D) of Fig.

At times the bridging impedance of

23-15, to provide the proper load for the
gain -set attenuators.
As a rule, a terminating resistor is
provided in the gain -set send section
and may be switched in as required. If
the send section is not terminated when
measuring a bridging input impedance,
the gain set sees only the high imped-

an amplifier may be specified to be 150
ohms. If so, the gain set is set for ISO
ohms and then terminated in 150 ohms.
The device is then measured in the normal manner. Many times bridging amplifiers arc used across different circuit
impedances. The expected gain for each
value of terminating impedance may be
measured by the previous method. As

ance of the bridging input. The loss or
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As a rule, repeat coils are not used
in the output circuit of a device developing any amount of power. However.
it is not uncommon to use a repeat coil
in the output of an equalizer or filter,
when it is followed by an amplifier or
attenuator to isolate an unbalanced circuit from a balanced circuit or to eliminate a ground loop. If it is necessary to
use a coil in the output of an amplifier,
precautions must be taken to ensure
that it is not overloaded, because this
would affect the frequency response of

the terminating impedance is lowered
in value, the measured gain of the amplifier is also lowered. A terminating
impedance

extremely

of

low

value

should not be employed without consulting the manufacturer's data sheet

for the device, as the frequency response may be materially affected by a
low value of terminating impedance.
23.17 What are the different terms
used to express the gain of on amplifier?
-The term "gain" as used in electronics
is rather a loose term It is usually understood to mean voltage gain, unless
specifically stated otherwise. Other
terms arc power gain and current gain.
If the term "gain" is generalized to
"transfer," it can then include voltage to -current gain (transadmittance) and

the device being measured. The Daven
gain set, described in Question 22.122.
has a built-in repeat coil as a part of its
normal configuration.
23.19 If a repeat coil is used with
a bridging input, where is the terminating resistor connected?-The terminating
resistor is always connected on the side
of the coil nearest the device being
tested, as shown in (d) of Fig. 23-14D,
and Fig. 23-15E. This ensures that the
frequency response of the coil will not
be affected by improper coil loading.
23.20 If an external repeat coil is
used with a gain set, how is its insertion
loss accounted for?-The insertion loss
is added to the loss of the attenuators.
As a rule, the average high -quality repeat coil has an insertion loss of 0.25 dB

current -to -voltage gain (tran.simpedance). The following symbols could

then be used: T., voltage transfer or

Ti, current transfer

and

T., power gain Thus an amplifier whose
T. equals 10' is a transimpcdance-type
amplifier. It requires a current input
and gives a voltage output, the values of

which are determined by multiplying
the input current by 10'. Given in the
table below are four possible ways to
arrange voltages and currents as inputs
and outputs for devices.
23.18 Can an impedance -matching
transformer be connected in the send
section of a gain sett-Yes, provided Its
frequency characteristics arc such that
it does not induce a frequency charac-

at 1000 Hz.
23.21
Il an external attenuator is

used with a gain set, how is its insertion

lost accounted for?-The insertion loss
of the attenuator is added to that of the
gain -set attenuators. This is assuming

teristic of its own. A coil used with a
gain set should have a frequency re-

that the far end of the attenuator is
terminated in its correct load impedance If the attenuator is not loaded

sponse wider than the bandwidth to be
measured. Very often an impedance matching transformer is permanently
connected at the send terminals of the
gain set for convenience of operation. If
the absolute input signal level must he
known, the insertion loss of the coil
must he included in the summing up of
the attenuator losses. Gain sets using
unbalanced configurations often include
a repeat coil in the design to eliminate
the need for an external coil.
INPUT
Signal
Voltage

Current
Voltage

Current

properly, its loss will not be the stated
loss. (See Fig 23-21.)
2 3.2 2

minus 4-dBm calibration mark. The
reason for this is described in detail in
Question 10.17.
23.23 When equipment is measured

at a distant point, how is the formation

OUTPUT

Impedance

Signal

Impedance

High
Low
High
Low

Voltage

Low
High
High
Low

Current
Current
Voltage

If the sero calibration mark

on a VU meter represents a plus 4 dBrn,
where is 0 dBm on the stole? --At the

Equation

& Symbols

Voltage Gain e./e... = T.

Current Gain i./ii. = Ti
Trans -admittance
= T,
Trans -impedance e./i.. = T.
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test as for the transmission -measuring
equipment.
The transmission ground is connected

to a water main or to a special ground
consisting of a copper plate buried in
moist ground. No other equipment is
connected

to

this ground except the

transmission equipment and that under

The installation of transmission
and system grounds is discussed in
test.

EXTERNAL
ATTENUATOR

Fig. 23-21. Use of an external attenua
for with a gain set. The loss of thc eternal network is added to the loss of
the gain -set attenuators.
of ground loops presented? -13y the use

of a repeat coil in the transmission line
at

the send end. This separates the

physical grounds at the two ends of the
measurement, thus preventing a return
circuit via the ground. (See Fig. 22-23.)
In some instances a second repeat
coil is connected at the receive end. In
this latter type of connection, the center
taps of the repeat coils are grounded to

prevent the flow of longitudinal currents, as explained in Question 842.
23.20

What does the term "trans-

ground" refer to? - To the
ground connection of the transmission measuring equipment. Equipment to be
tested is connected to this ground to
mission

ensure that the ground potential will
be the same for the equipment under

Question 24.33.
23.25 Why is if necessary that the
meters in a two -meter gain set have
identical frequency characteristics?-

Suppose an amplifier :s measured and
that it has a frequency response known
to be uniform over a frequency range
of 20 to 20,000 Hz. It will be further assumed that the send meter has uniform

frequency characteristics, but the receive meter connected ACIOs.1 the output

of the amplifier (Fig. 23-25) has a loss
of 2 dB at 15 kHz compared to a reference frequency of 1000 Its. If frequencies are applied to the input of the amplifier at a constant amplitude as read
on the send meter at the output of the
oscillator, the frequency response indicated by the receive meter will show a
loss of 2 dB at 15 kHz.
Now, if the positions of the two meters are reversed and the same measurement is again made, it will be noted
the amplifier frequency response will

rREREAT

SENO

I

i

REMOTE

TRANSMISSION
LINE

I

EetnpmENT
RECEIVEi

05C,LLATOIr

550

ONO

Fig. 23-23. The use of repeat coils in a transmission line to prevent the formation of
a ground loop via the ground.
SEND

OSCILLATOR

RECElvt
AMPLIFIER

RECE,vE

osciLAr3..
1

SEND

Mh
AMPLIFIER

2325. Basic circuits of a two meter gain set to show how the frequency characteristics of the meters will affect the measured response. The frequency response
of each meter is indicated by the line above each meter.
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show a rise of 2 dB at 15 kHz. The discrepancy between the two measurements is due to the fact that in the first
measurement the send meter had a uni-

form frequency characteristic and all
frequencies at the output of the oscillator were sent at exactly the same amplitude; however, the receiving meter
had a loss of 2 dB at 15 kHz, so the amplifier response appeared to he down 2
dB at 15 kHz.
In the second measurement the receive meter is connected across the

2 3.2 7
How are the attenuators in
gain set checked for different combinations of loss?-By connecting an amplifier with a variable -gain control between the send and receive sections, as
for a normal gain versus frequency
measurement. The attenuators are set
for different combinations of loss for

a given setting of the amplifier gain
control.
If the attenuators are operating properly, the gain will be measured the

across the amplifier output Because of
the 2 -dB loss at 15 kHz which is now in

same regardless of the combination of
loss setting for the attenuators. This
test should be made at frequencies of
20 and 15,000 Hz (or the maximum fre-

oscillator output and the send meter
the send meter, the amplitude at the

quency, of measurement specified by the

higher frequencies is increased 2 d13 at
15 kHz Under these conditions the am-

manufacturer). It is to he expected that

plifier will show a rising characteristic
ap-

amount depending on the accuracy of
the attenuators. As a rule, the variation
in a well -designed gain set is not more

If both meters have exactly the same
loss at the higher frequencies. the error

than 0.10 dB
23.28 How is the frequency response

is cancelled; however, the actual signal voltage at the input to the amplifier
will be higher at 15 kHz than at the
lower frequencies. This is not too important, unless the increase of voltage
at the amplifier input overloads the first

of a gain set chocked?-In the manner

the higher
proached.
as

frequencies

are

stage. It should also be pointed out that
if a rectifier -type meter is used with a
vacuum -tube voltmeter, there can be a
wide frequency discrepancy between
the two meters. because of the limited
frequency range of the rectifier -type
meter compared to that of the vacuum tube voltmeter. Also, rectifier -type me-

ters are affected by the magnitude of
harmonic frequencies contained in the
signal under measurement and, in many
instances, will not read the correct voltage. (See Question 22.103.)
23.26 How is the tracking of a two meter gain set checked?-The gain -set
600 -ohm send terminals are patched to
the 600 -ohm receive terminals, both VU meter attenuators are set to plus 4 dBm,
and all loss is removed from the gain set attenuators. Now, adjust the level at
the send VU meter to plus 4 dBm. This
should bring the receive meter to a plus
4 clBin The difference in level between
the two meters should not exceed 0.2 dB
at any frequency between 20 and 15,000

Usually commercially made gain
sets provide an adjustment for setting
Hz.

the meters to absolute zero dBm and for
tracking the meters with respect to each
other.

some variation will be indicated, the

described in Question 23.27. The atten-

uators are set for different values of
and the frequency response is
checked at 20 and 15,000 Hz. If the gain
loss,

is operating properly, the variation
will be on the order of 0.10 dB. However, it should be pointed out that difficulties may arise when making such
set

measurements because of unbalance in
the amplifier circuit, ground loops, leakage, and other sources. All these possibilities must be explored before assum-

ing that the difficulty is in the gain set.
Discrepancies are likely to show up
above 5000 Hz, if any of the previously
mentioned troubles are apparent. The
first test should be a 10,000 -Hz turnover test at medium gain as described
in Question 23.58.
23.29 What frequency is generolly
used for a reference frequency when
audio -frequency measurement data are

plotted? -For most work, 1000 Hz; however, 400 and 800 Hz are often used for
equalizer plotting.
23.30 What ore the standard impedance values used for input circuits?
--50, 150, 250, and 600 ohms. In some
older equipment, 30, 200 and 500 ohms
were also used
23.31

What arc the standard im-

pedance values used for output circuits?
-4, 8, 16, 150, and 600 ohms. For older
equipment, 10, 250, and 500 ohms may
also be included.
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23.32 If on amplifier input circuit is
rated at 600 ohms, can it be assumed
that it will supply a 600 -ohm termination to the source feeding itl--No, because many input circuits, though rated
to work from a 600 -ohm source, do not
necessarily present 600 ohms to the

Fig. 23-34 is shown a symmetrical or

source impedance. This may be checked
by noting whether the secondary of the

8.30, 8.48, and 23.50.

reduce leakage at the high frequencies.
The circuit in (b) of Fig. 23-34 is a
grounded and unbalanced one. As the
ground shown is generally connected
internally in the amplifier, only the
normal chassis -ground connection is required when measuring this circuit.
In (c) of Fig. 23-34, the output transformer winding is center -tapped to
ground and is a balanced circuit. Only

23.33 /I the secondary of on input
transformer is unterminoted, how does

the normal chassis ground is used. In
(d) of Fig. 23-34 is shown the output

the primary impedance appear?-It appears as the reactance of the primary

circuit most commonly used in negative feedback amplifiers. The feedback loop

winding, paralleled

input transformer is terminated by a
resistance. If it is terminated, it may
more than likely present a 600 -ohm
impedance to the source. If the transformer is not terminated on the secondary side, it is treated as an open -circuit
input, as described in Questions 4.75,

ungrounded output circuit. It may be

measured with or without a ground
connection. However, if the amplifier
gain is 60 dB or more, it might be advisable to ground the lower end of the
output winding to insure stability and

reflected

is connected to one of the output taps.

loading of the tube input capacitance
and the reflected characteristics of the

In this type of connection, the circuit
is unbalanced and can only be mea-

secondary winding.
23.34 How are
output circuits
treated with respect to grounding when
using 0 gain
- Four output circuits,

sured using a chassis ground as shown,

by

the

because a ground connection on the

most commonly encountered in

gain -set receive terminals may ground
out the output signal.
The best rule to follow is: Leave the

audio -frequency equipment, are shown

gain -set receive section ungrounded and

the

in (a)

to (d) of Fig. 23-34. At (a)

of

apply a ground as required. When the
output circuit of the device under test
is grounded, use only the chassis
ground. Operating us this manner ensures that ground loops will not be

formed and that the output will not be
grounded out by a second ground connection.
23.35

(b)

How con the gain of on amplifier be measured without an external
pad. of the gain exceeds the maximum
attenuate, loss of the gain set? -If the
total loss of the attenuators in the gain
set is

only 100 dB and the amplifier

gain is 130 dB with a rated power output of 10 watts (plus 40 dBm), the gain
could be measured by setting the receive -meter attenuator to a plus 30
dBm. This would require a loss of 100
dB in the gain -set attenuators. The level

(d)

!r
Fig.

23-34. Output circuits most com-

monly encountered in audio -frequency
equipment. (a) Symmetrical. )b) Grounded
(unbalanced). (c) Center top to ground

(balanced). (d) Grounded with negative feedback loop taken Irons output top
(unbalanced).

at the receive meter would read a plus
30 dBm. Adding the loss of the attenuators to the indication on the receive
meter results in a total of 130 -dB gain.
Very often, when making measurements as previously described, difficulties arise because of internal feedback
In the gain set due to coupling between
the send and receive sections. However,
most gain sets are designed to measure
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at least 110 dB with an output power
level of 20 watts (plus 43 dBm).
A better way of measuring the preceding amplifier is to connect an ex-

The second method of determining
the maximum power output requires
the use of an attenuator, calibrated in
decibels, connected in the input (Fig.

ternal pad of 20- to 40 -dB loss between

23-36B). Assume the amplifier is capable of producing a power output of 10

the send terminals of the gain set and
the input of the amplifier; thus, the signal level is reduced. Using a 40 -dB pad

with a 0-dBm signal from the gain -set
send section would require only 86 dB
of loss in the attenuators for an output
level at the receive section of plus
4 dBm.

If the amplifier output power exceeds

that specified for the gain set, an external termination is used and the gain
is computed on the basis of the loss of
the gain -set attenuators plus the output
level of the amplifier.
23.36 What is a power gain versus
frequency measurement? - To properly
evaluate the frequency and power out-

put capabilities of an amplifier, it is
necessary to make three frequency
measurements: one near the maximum
power output, a second at 0 dBm, and
a

third at 20 dB below 0 dBm. Two

methods may be used to determine the
point of maximum power output.
In the first method the amplifier is
terminated in its normal load impedance, an oscilloscope is connected across

the load termination, and a 400 -Hz signal is applied to the input (Fig. 2336A). The output waveform is observed
as the input signal level is increased. At

the first indication of a departure from
a sine wave, the power developed is
noted

and

taken

as

maximum

the

power -output level.

(plus 40 dBm). Set the meter
across the output termination to read
a plus 40 dBm. Remove loss from the
attenuators until a plus 40 dBm is obwatts

tained. Insert 3 dB of loss in the attenuators. The amplifier output should drop

3 dB (half power), or to plus 37 dBm.
Now remove 1 dB of loss from the attenuators. The output level should increase exactly I dB. Remove an additional 1 dB of loss. The output should
again increase 1 dB. A third 1 -dB step is

removed. If the amplifier is not being
driven into overload, the output will Increase exactly 1 dB. However, as this is
near the maximum power output of the
amplifier, it may be driven into over-

load. Overloading will be indicated by
an increase of slightly less than I dB at
the output for an increase of 1 dB at the
input. (Sec Question 23.14.)

In the average amplifier the maximum power output will increase about

0.8 dB. If the amplifier is driven very
far into overload, the output will show
an increase of only 0.5 dB or less. The
harder the amplifier is driven into over-

load, the less will the output level increase. (This takes place because the
amplifier is incapable of producing any
more power.)
As a rule, when determining the
maximum power point as described, the
maximum power output is taken at the
OSC IL LA SC C Pr

rerirril
AUDIO

OSCILLATOR

1.

(a) Using an oscilloscope.
AraR11E4

?Trim
AUDIO

OSCILLATOR

ITTENuATOR

PAtttL

(b) Using art attenuator panel.
Fig. 23-36. Test circuits that arc used for measuring the overload characteristics of
a power umplifier.
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output level where the amplifier in-

23.38 How is the power output of
high -power amplifier measured? By

creases 0.8 dB for an increase of 1 dB

a

at the input. A frequency measurement is then made holding the input

using a resistive voltage divider across
the output of the amplifier as shown in

voltage constant over the frequencies
of interest. Distortion is now measured.
and the maximum power rating is then
set from the r:sults of these two measurements, stating that the amplifier

Fig. 23-38

has a maximum power output of 10

Suppose that an amplifier rated at
100 watts of output and having a 16 ohm output winding is to be measured.
Four 16 -ohm, 50 -watt resistors are connected in series -parallel across the 16 -

watts with a total rms harmonic distortion at 400 Hz of a given percentage. II
the maximum power output is to be

ohm output winding as shown. A vac-

rated in percent intermodulation, the

sured power is multiplied by four to

rating must be made in accordance with
the data given in Question 23.113.
If an external load resistance is used,
the power across the load resistance R.
may be computed:

obtain the true power. Thus, for an amplifier with a 100 -watt output, a power
of 25 watts will be indicated. Using the

Watts
where,

E is the voltage developed across load
resistor 11,..

If a VU meter is used rather than a
vacuum -tube voltmeter across the load
resistance, and the value of R. is different from that for which the VU meter is

calibrated, a correction factor must be
applied to the meter to obtain the true
value of output power. The correction
factor may he computed:
dB = 10 Log.. (Z,/2)
where,

Z, is the meter impedance,
Z. is the load impedance.

The use of the correction factors and
values most commonly employed are
given in Question 10.32. (See Question
23.38.)

uum -tube voltmeter is connected across
one of the 16 -ohm resistors. The mea-

circuit shown, the power output of the
amplifier Is carried by the terminating
resistors and only the voltage drop
across the resistor is measured by the
meter The accuracy of the measurement will depend on the accuracy of
the resistors. The circuit shown may
also be used for making a power verfrequency run as described in
Question 23.36.
23.39 At what power -output level
should transistor amplifiers be measured?
sus

-The measurement of harmonic and
intermodulation distortion in transistor
amplifiers is treated somewhat differently than that for vacuum -tube amplifiers. It is customary when measuring a
tube amplifier to terminate it in a specified resistive load and then measure

the distortion at the half -power and
full -power points. The amplifier is then
rated at these two points. The same procedure is measured in equivalent sine wave power. (See Question 26.36.)

How is the gain of a recording

Transistor amplifiers are also mea-

system computed?-Starting at a given
input of the system, the losses induced

sured using a resistive termination.
However, since transistor amplifiers
generally employ class -B push-pull

23.37

by the mixer controls and networks,
coils, filters, and other devices are added.

The gain. including the preamplifiers,
booster, and line, and recording amplifiers, is then added. The total loss is

then subtracted from the total gain The
remainder is the new gain of the system.
As an example. if the total gain of the
system is 170 dB and the loss used during normal operation is 86 dB, the net
gain of the system is 84 dB. Thus, if a

bridging bus level of plus 14 darn

This procedure is necessary because of
the crossover or notch distortion in-

duced by operating the output stage
class -B. (See Question 12.227.) Therefore. distortion measurements are made

11,111.41

{

wen/,G_T

is

required, the lowest -level signal that
can be applied to the input for a bridging bus level of plus 14 dBm is minus
70 dBm.

output stages, they arc measured at
several different power -output levels.

Fig. 23-38. Method of measuring the
power output of a high -power audio

amplifier.
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at 3, 7, 10, 13, 17, and 20 dB below the

reference power output. for frequencies
between 20 and 20,000 Hz.

If the input stage does not include a
capacitor, one must be connected in
series with the test circuit to prevent
the low dc resistance of the test circuit
from shorting out the input stage bias
voltage. Similar precautions should be
taken with the output stage as the output transistors may be damaged
required
Measurements are not

above five times the reference distor-

23.41
If the power -output level of
an amplifier is given in decibels, how is
this converted into watts?

-

Power in Watts
dB
Antilog -10 X Reference Level
where,

dB is the output level,
reference level is
or 6 milliwatts
1

23.42 If the power output of an
amplifier is stated in watts, how is it
converted to decibels? Answer:

tion or lower than 30 dB above the
residual hum and noise. Reference

power and distortion are defined as the
values stated by the manufacturers of
the equipment. Power bandwidth is defined by the two frequencies where the
curve of distortion versus frequency
taken 3 dB below the reference power
output crosses the line of reference
distortion (See Question 23.7.)
23.40 How is a resistance -coupled
amplifier input measured using a gain

set?-As shown in (h) of Fig. 23-140,
and Fig. 23-151. If the input of the amplifier circuit includes a bias battery,
a capacitor is connected in series with
the grid side to prevent the shorting of
the battery by the dc resistance of the
repeat coil.
A resistance -coupled amplifier stage
measured in the manner just explained

will not show the actual gain of the
stage, because the high impedance of
the input is considered to be a bridging
input fed from a low -impedance source.
Therefore a correction factor is applied
to the apparent gain to obtain the measure of true gain. The correction factor
may be calculated:
dB = 10 Log.. -z,
where,
Z.
Z:

is the gain -set send impedance,

is the input resistance of the amplifier (grid -resistor value).

A typical example would be a gain -set
send impedance of 500 ohms bridged by

dB- 10 Loge

P,

where,
P. P. is the stated power output in watts,

P: is the reference level in watts.
23.43 How is the voltage gain col
culated for an amplifier of equal input

and output impedances? Answer:

dB = 20 Log, -

E,

where,

E. Is the voltage at the input,
E, is the voltage across the output
load termination.
13.44 How is the voltage gain calculated for an amplifier of unequal in-

put and output impedances? Answer

dB -

E, VZ,

where,

E, is the voltage at the input.

E.: is the voltage across the output
load termination,
Z, is the input impedance,
Z.- is the output load impedance.
23.05 What effect does unbalance
in a push-pull amplifier stage have on

tbs.- amount of harmonic distortion, and
how is it measured?-Unbalance in a

push-pull stage has little eRect on the
harmonic distortion above 100 Hz. How-

ever, below this frequency the distortion rises quite rapidly as the degree of
unbalance is increased, as shown graphically in Fig. 23-45A. The measure-

ent gain of 20 dB has a true gain of

ment data shown were made on a Williamson Ultralinear amplifier using KT 66 tubes in the output with a balancing
control in the cathode circuit, as shown
in Fig 23-4513. To balance the push-pull
stage, a dc voltmeter is connected between the upper ends of the cathodes,
and balancing potentiometer P1 is adjusted for a zero indication on the

50 dB.

meter. This balance is made with the

an amplifier with an input resistance of
500.000 ohms:
10 Log,-

500,000
500

.... 1000

10 Log... 1000 = 10/ 3= 30 dB.

Thus, an amplifier which has an appar-
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using exactly the same power output as

'ID
St*

20

was used for the balanced condition.

S

The results are plotted as shown in Fig.

to

23-45A

0s

has been obtained, a distortion measure-

23.46 How may o phase inverter
driving a push-pull output stage be balanced for minimum distortion?-lt is the
general belief that if the two tubes of a
push-pull amplifier stage are similar in
characteristics, the stage is in balance
and that a condition of lowest distortion
(second harmonic) exists. However, this
is not always true because of discrepancies in components and a difference in

ment is made at a given power output.

the gain between the two sides of the

To measure the effect of unbalance,
balancing pot PI is set for different

phase inverter driving the push-pull

OS

*o

:OS 0, 03 Or Cot

o 01 Of
SALANcr 504 UGC

03 04

OS

0

23-45A. Harmonic distortion in
push-pull output stage due to unbalance
Fig.

of plate current.
Input of the amplifier

terminated to

prevent noise pickup. After a balance

values of unbalance as indicated on the
voltmeter across the cathodes. Distortion
Ls measured at 20, 50, and 100 Hz for

stage. Considerable unbalance can also
exist in the push-pull stage because of
the difference in transconductancc of
the tubes and differences in the coupling

different settings of the balancing pot,

capacitors, grid resistors, and the two

57 66

fig 23-45B Output stage and cothode-baloncing circuit for Williamson Ultrolinear
amplifier employing KT -66 tubes.
FEEDBACK-A--"Mr-1

OSTORT ION
FACTOR

METER OR
INTER.
MODULATION
ANALYZER

VZ

VI

as
47K
OSCILLOSCOPE
Rd

V3
CI
JJll

e
0

CZ

Fig. 23-46A. Phase -inverter and push-pull amplifier stogy. Minimum distortion is
achieved by the adjustment of the variable resistor ,n the cathode circuit of the
phase-splitter tube
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halves of the output transformer. It
then appears that some method of bal-

sistor may be connected in the common
134- lead of the push-pull output stage

ancing the phase inverter should be
provided so that the push-pull stage

shown in Fig. 23-46A. A cathode-ray
oscilloscope is connected in series with

and the phase inverter can be balanced
for minimum distortion. Such a balance

two 1-µF paper or oil capacitors, CI

may be achieved by making a portion
of the load resistance of one side of the
phase inverter variable, as shown in the
circuit of Fig. 23-46A, a split -load phase
inverter. To balance the circuit for
minimum distortion, a signal is applied
to the input of the phase -inverter stage
and the output stage driven to near its
maximum output level but not into

overload. A distortion -factor meter or
intermodulation analyzer is connected
across the normal load resistor of the
push-pull stage and the variable resistor
in the cathode of the phase -inverter
stage adjusted while the magnitude of
the distortion in the output is observed.
Any given adjustment will hold true
only for a particular pair or combina-

tion of tubes. The circuit will require
rebalancing each time the tubes are replaced or their positions changed. The
cathode resistor may be readjusted from
time to time to keep the distortion at a

minimum during the normal life of the
tubes. Tubes for both the phase -inverter and the push-pull stages should be
selected for the closest possible match
by means of a transconductance (mutual -conductance) tube tester.
In the absence of an intermodulation

or distortion analyzer, a 100 -ohm re -

and C2, across the 100 -ohm resistor to
permit the observation of the waveform

in the push-pull stage as the balance
of the phase inverter is adjusted.
The foregoing method is not quite as
satisfactory as measuring the distortion

at the output of the push-pull stage;
however, a condition of balance can he
determined fairly well by the character

of the waveform observed across the
100 -ohm resistor. When the distortion is

at a minimum, the waveform will appear as in (a) of Fig. 23-46B, and when
at a higher value than minimum, it will
appear as in (b) of Fig. 23-46B.
Although a condition of minimum
distortion can be determined fairly

closely by the use of an oscilloscope,
it Is not always true that the distortion
is at a minimum when the peaks of the
waveform are equal. However, since the
difference iu distortion will be quite
small, it may be assumed that

if the

peaks appear to be of equal height, the
phase -inverter stage is in balance and

the distortion is at a minimum.
23.47 Show the effects of o cathode -bypass capacitor in a push-pull stage.

-In Fig. 23-47 are shown the results of
intermodulation measurements made on
a conventional negative -feedback amplifier for conditions of no capacitance
and for values of SO and 100 µE. across
the common cathode resistor. It will be
noted that without the bypass capacitor,
the amplifier produced a power output
of 14 watts with 18 -percent intermodu
lation distortion. Connecting a 50-R.F
capacitor across the cathode resistor re-

sulted in increasing the power output
to 16.10 watts for approximately the
same amount of distortion. Increasing
the size of the capacitor to 100 fi.F increases the power output to only 16.4
watts for the same value of distortion.
No attempt was made to select the

Fig. 23-468. Character of waveforms ob-

tubes or to balance the phase -inverter
stage. The measurement was made as
described in Question 23.113 for making
conventional intermodulation measure-

served across

ments.

it:) i:r.ba!anced
a

100 -ohm

resistor con-

nected in the ft+ lend of a push-pull

output transformer while adjusting the
balance of the phase inverter for minimum distortion

23.48 Whot peculiarity will be noted
when testing the linearity of a class -AB

amplifier?- When testing a class -AB
amplifier for linearity, it will be noted

THE AUDIO CYCLOPEDIA

1432

6

010

E6
5

'

2

4

2

a

6

.2

16

WATTS OUTPUT

Fig. 23-47. Intersoodulation distortion measurements of a conventional negative feedback amplifier with and without a cathode bypass capacitor in the push-pull
output stage.

that a ;incur response will be obtained
up to about one-half the power output.

suremcnts may he made an a number of
different ways. In one method a square wave signal is applied to the input of
the amplifier and pulsed. A second

Then the output will increase at the
rate of approximately 0.8 dB for a
change of I dB at the input. (Sec Question 23.36.) This action will continue to
the point where the amplifier is driven

method also uses a square wave, but
changes the amplitude and time duration of the pulses. The third method as
given in IIIF Standard A-201-1966 is
discussed in Question 23209.
The test circuit of Fig. 23-49A em-

into overload, at which point a sharp
departure from this almost linear re point and then function as class -AB.
This is typical of many class -AB amplifiers, as they function as a class -A

ploys a special pulse generator that gen-

erates a signal waveform as shown in
Fig. 23-49B. The input and output sig-

amplifier up to about the half -power

are monitored by a dual -trace
oscilloscope. Any departure from the
waveshape of the input signal appear-

point and then function as class -AB.
23.49 What is the procedure for
making transient tests? -Transient mea-

nals

AIAPt$T/CP
SINE

PULSE
GICKRAT001

*WE
0501 L ATOR

Fig. 23-49A. Block diagram for transient tests, using o pulse or tone -bur t generator.
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1
Fig. 23-49B. Waveform characteristic used for testing the transient response of on
audio amplifier.
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ing in the output signal is considered to

be distortion. No hard and fast rules
can be given for transient measurements since the circuit components have

a great effect on the output waveform.
Considerably more transient distortion
may be expected if the amplifier employs transformers.
A 10,000 -Hz signal of constant am-

plitude is applied to the amplifier at a
given input level well below the overload point. The level of the input signal
is suddenly increased to a value that
will simulate a reasonable overloaded
condition. This sudden increase at the
output is observed on the oscilloscope
connected at the load termination. Any
distortion of the original waveform will
indicate ringing or hangover of the amplifier. It is highly important that the
increase in level at the input be fast
and with as little rise time us possible.
At the end of the overloaded portion
of the signal, the system is permitted

the primary. Therefore, if the amplifier
response is measured by injecting a sig-

nal in series with the terminating impedance (microphone), the actual frequency response of the amplifier when
terminated by the microphone can be
measured. To obtain such a measurement, the equipment is connected as

shown in Fig. 23-50. A resistor RI of
1 -ohm resistance is connected in series

with the output of the microphone and
the primary of the impedance -matching
transformer contained in the base of the
microphone housing. A second resistor,
R2, of 600 ohms or more is connected in

series with the high side of the measuring circuit (or gain -set send section).
These two resistors form an L pad which
injects the test signal in series with
the primary of the impedance -matching
transformer of the microphone. During

these tests, the diaphragm of the microphone must be covered to prevent
acoustic pickup. For microphones of

to return to its normal input level for
short time. The level is again in-

250 -ohm impedances, resistor RI should
not exceed 5 ohms. For impedances of

only this time for a short
period. This short overload signal close
on the long overload period checks the

50 ohms or less, RI may vary between
1 and 3 ohms.
The loss created by the combination
of RI and R2 should be on the order of
40 to 60 dB. The signal level injected
into the microphone circuit should not
exceed the normal voltage developed
by the moving element, or the microphone may he damaged.
The gain versus frequency measurement is made by sending frequencies

a

creased,

ability of the amplifier to recover after
a long overloaded period. The signal is
again returned to its normal level and
the cycle repeated. The sequencing and
time intervals are illustrated in Fig.
23-49B.

Originally, the term "trunsient- was
employed to describe what took place
when a piece of equipment was turned
off or on, or when some unusual disturbance took place in a piece of equipment or on a power line. It is presentday practice to use the term -transient"
to

indicate any type of nonsinusoidal

disturbance.
23.50 Describe an injection circuit
for measuring the frequency characteris-

from the oscillator of constant amplitude as read on the VU meter. The gain
variation is read on meter M at the
output of the amplifier. If a second fremiCROPHONE

so- 250 n

tics of a microphone preamplifier. - In
measuring the frequency response of
an amplifier using an input transformer
with an unterminated secondary (open
circuit) specified to operate from a
impedance, the transformer primary is, in reality. terminated
by the source impedance.
(The following discussion applies to
ribbon -velocity, moving -coil, or other
microphones of similar design.)

4l.
I

0

given source

In a microphone preamplifier opetating as an open -circuit device, the mi-

crophone supplies the termination for

mICROPIIONE

OV PUT
tRMSFORVER

VINT!

Fig. 23.50. Injection circuit for measuring the

frequency characteristics of

a

microphone preamplifier using a microphone for the primary terminotion
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Fig. 23-51A. Frequency response of a magnetic -pickup preamplifier with pickup or
resistive termination.

quency measurement is made by feed-

ing the input of the amplifier from a
resistive termination as normally used
for such measurements, it will he found
that the frequency response will be
different from that obtained when the
microphone is connected and the injection signal method of measurement is
used.

The true frequency response is that
measured when the microphone terminates the input to the amplifier. Equalization may be induced in the amplifier
to correct for any discrepancies caused

resistor connected in series with the
pickup head.
Fig. 23-51B is an injection circuit

suitable for measuring with magnetic
pickups. A 10 -ohm noninductive resis-

tor R1 is connected in series with the
pickup and input of the amplifier. Resistor R2 is connected iu series with the

output of the oscillator and acts as an
attenuator to provide a means of injecting the signal in series with the
pickup. Frequencies of constant amplitude arc applied to the injection circuit.
The voltage applied across the 10 -ohm

by the microphone if they are of any

resistor should not exceed the pickup

consequence.
23.S I Describe an injection circuit

output voltage normally developed,
which averages 2 to 10 millivolts.
From the frequency response in Fig.

for measuring the frequency characteristics of a phonograph pickup preamplifier.-The difference can he considerable, particularly at the low- and high frequency ends.
Fig. 23-51A is the frequency response

of a magnetic pickup working into a
27,000 -ohm resistive load and measured

using an injection circuit employing a
INU

PICKUP
PRE ALIP

/Ri

VIA

27K

-C7)

io a
REPEAT cOii.

R2

8
8

[

OSCILL ATOR

GOO TO P300

23-51A.

it may be seen that the fre-

quency response varies considerably be-

tween the two methods of measurement.

23.52 Describe the use of an injection circuit for measuring the frequency
characteristics of a magnetic reproducer
preamplifier terminated by a magnetic
head. -An injection circuit for this type
if measurement is given in Fig 23-52A,
and it may be employed to measure the

frequency characteristics of a preamplifier when it is terminated by a reproducing head. The particular circuit
shown is for a 30 -ohm impedance head;
however, it may be used also with high -

impedance heads. A resistive network
consisting of two noninductive resistors
R, and R,is connected in the head cir-

Fig. 23-51B. Injection circuit for mea-

cuit as shown, with a vacuum -tube volt-

suring the frequency characteristics of a
pickup preamplifier using the pickup as
a termination.

meter connected at the output of the
oscillator for monitoring output voltage
over the frequencies of interest. The
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voltage across resistor Hl (10 ohms) is
held constant at a value of 2 to 5 millivolts and the frequency response observed on the voltmeter connected at

the output of the preamplifier. A 1:1
repeat coil is connected in the output of
the oscillator to isolate it from the measuremint circuit. Series resistor R2
(1000 ohms) permits the oscillator to be
operated at a fairly high level, thus increasing the signal-to-noise ratio.
It will be assumed for this discussion
that the preamplifier has been equalized
for the desired transmission characteristics (30

to 600 ohms) and the fre-

quency response plotted for reference.
A ground is connected at the low -potential side of the input transformer to prevent leakage at the high frequencies. If
this ground is not employed, serious
unhalance will be encountered al frequencies above 500 Hz.

The measurement is started by first
adjusting the voltage from the oscillator
across resistor RI to, say, 4 millivolts at
a frequency of 1000 Hz, and the output
level of the preamplifier adjusted for a
value 20 dB below the amplitude of the

peak frequency of the low -frequency
equalization to prevent overloading of
the amplifier. A turnover test is then
made at 10,000 Hz by reversing the output from the repeat coil and noting any
change in the amplitude of the signal at

the output of the preamplifier. If this
test indicates more than a 020 -dB unbalance, the unbalance must be cleared
before continuing the tests. The output
of the preamplifier is tested in a similar
manner.

When conducting injection tests on a
bench, the magnetic head is placed in a

grounded Mumetal container, then ro-

the minimum pickup from

tated for

PRE AMR if IE R
INPUT TRANSFORMER

MAGNETIC
HEAD

ZR 300/50.00011

(NW 5011)

V'VM

Rt.

-(72)

t.

600 fl

113

MU ME TAL
SNIELO

R2

+ Grin
II REPEAT
COIL

OSC

Fig. 23-52A. Injection circuit for measuring the frequency characteristics of o magnetic reproducing preamplifier. using the magnetic head as a termination.
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Fig. 23-52B. Comparison of transmission and injection measurement for a magnetic
reproducer head.
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stray magnetic fields. The pickup

as

indicated at the output of the preamplifier should be on the order of minus 50
to 60 dBm. Pickup effects may also be
reduced by rotating the amplifier position relative to other equipment on the
bench. Shielded leads must he used between connections from the test equipment and the network, with the shield

these effects, secondary impedances of
25,000 to 50,000 ohms are generally em-

ployed. It might be well to mention at
this point that the input transformer
must be of the hum -bucking type, and
it must be enclosed in a nested shield.
(See Questions 831 and 8.98 and 23.58.)

Generally, preamplifiers designed for
reproducing magnetic sound track have

grounded at one end only, and to a common ground point.
After the above tests have been com-

a maximum output level of about plus
20 dBni Therefore, it is extremely im-

pleted, the actual frequency measure-

reference level to prevent overloading
at the peak frequency of the low -fre-

ment is made by starting at 1000 Hz and

continuing at a constant voltage down-

ward in frequency. As the lower frequencies are approached the vacuum -

tube voltmeter sensitivity will have to
be decreased

to compensate

for the

riaing frequency characteristic of the
preamplifier at the lower frequencies.
(This may be 15 to 25 dB with reference to 1000 Hz.) After the low -frequency response is measured, the oscillator is returned to 1000 Hz and the
measurement continued up to 12.000 Hz.

In this area the voltmeter at the output
of the preamplifier will require that its
sensitivity be increased to allow for the
decreasing high -frequency response.
When the measurement is completed,
it is plotted against the transmission
measurement (30 to 600 ohms) and
compared (Fig. 23-52B). If necessary,
the equalization is corrected to offset
the

discrepancies

between

two
curves. As a rule, they are held to withthe

in plus or minus 0.25 dB of each other.

After the installation of the head in
the recorder and the azimuth and other
basic adjustments have been made, a
standard tape or magnetic film is played

back and the high -frequency end

is

adjusted by connecting resistor R3 ac cross the head. For a 30 -ohm impedance

head the value of R3 may vary from

portant that it be operated at a 1000 -Hz

quency equalization.
23.53 Describe the procedure

for

measuring transistor input and output
impedances. -A typical transistor QI
whose input and output Impedances are
to he measured is shown in Fig. 23-53,
with a second transistor Q2 being used
as a current regulator. The voltage and
component values are for a typical

transistor and can be altered to fit the
particular transistor under test.
It is a well-known fact that maximum
power is transferred from a generator
to its external load when the external
load impedance equals the generator
impedance. Therefore the maximum
power in a transistor circuit is transferred when the external load equals
the internal output impedance of the
transistor.

Referring to Fig. 23-53, the current -

regulating circuit of Q2 offers an impedance of over I megohm at the audio
frequencies. Resistors R3 and R4 form a
bias voltage divider to stabilize the

operation of transistor Ql. The procedure for measurement is:
1. Set resistor RI in the emitter circuit of Q2 to its maximum value
of 10,000 ohms.

from minus 2 d5 to plus 4 dB around

2. Adjust current control R2 for the
proper collector current In Q2
(about 1 mA).
3. Adjust RI for the proper collector
current through Ql.

12.000 Hz.

4. Close SI and apply a 1000-11z sig-

100 to 800 ohms and will permit the adjustment of the frequency response between 500 and 12.000 Hz, over a range

If during the injection measurement
resonant effects

indicated above
5000 Hz, they may be caused by reflections from the secondary due to the
are

input capacitance of the tube and the
inherent distributed capacitance of the

nal from the signal generator (El)

to the input of Q1, with resistor
R5 set to zero resistance and load
resistor R6 open. Measure voltage
E2.

5 Adjust resistor R6 to reduce the

to ansfurnicr secondary. This is particularly true if the secondary impedance is

value of voltage E2 to one-half its

on the order of 100,000 ohms. To prevent

setting.

value. Leave resistor R6 at this
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Fig. 23-53. Circuit for measuring the input and output impedance of a transistor.
The values given arc typical and will r equirc some alteration for a given transistor.

Measure input voltage El with S1

6.

w.r.eTC,

P.. and

open.

7. Close switch SI and readjust resistor 115 until voltage El is reduced to one-half its value.
8. With R5 at this new setting and
R6 open, read the output voltage

are the input and output

powers respectively.

Input and output powers may be expressed:

E2.

9. Readjust R6 to reduce E2 to onehalf its value.
10. Repeat Steps 6 and 7.
11. Record the values of R5, R6, El,
and E2.
While the measurements are in prog-

ress, the oscilloscope display must be
continuously monitored for overloading
and subsequent distortion of the signal.

23.51 How can the ottenuator section of a gain set be used to supply a

voltage?-The send section of a
gain set is an attenuator network similar to that shown in Fig. 23 -MA. If a
known voltage is applied to the input
of the network, a known voltage may
known

be obtained at the send terminals by

Input and output impedances may be

converting the attenuator loss to a volt-

calculated:

age ratio. This may be done by refer-

RL.R5}Z,

R...

R6 =

where,

R,.. is the input Impedance,
115 is the value of the input resistor,
Z, is the impedance of the signal generator,
R... is the output impedance,
R6 is the load impedance.

ring to the graph in Fig. 23-54B.
To obtain a correct value of voltage
at the output terminals of the network,

the network must be terminated in a
resistive load, as shown, which is equal

in value

to

the attenuator resistance

which, for this illustration, is 600 ohms.
As an example, if volt is applied to
1

The power gain may now be calculated:
Et

( it

)

X

( RS RS Z

where,

E. and E.. are the Input and output
voltages respectively.

Power gain may be converted into decibels:
dB

10 Log,. (P..,/Pi.)

the input of the network and 40 dB of
loss is inserted in the attenuators, the
voltage at the output terminals will be
0.01 volt, or a ratio of 100:1. If 60 dB of

loss is inserted, the voltage at the output will be 0.001 volt, or a ratio of 1000:1.

The VU meter in the send section of
is. in reality, a voltmeter
calibrated in decibels. By referring to a

a gain set

decibel versus voltage chart, such as
the one in Fig. 23-54B, the VU meter

THE AUDIO CYCLOPEDIA

1458

&GOA

4005

6005

i0011014

OAR IN

144 IN

10 MI STEPS

i-015 STEPS

010-eM STEPS

6005

TEI.
INPUT
vOLTAG

INATWO
ae ISTOR

...-

6005

-..

,...

vu
grOMETER

A

01

PuT

VC

TAGE

1VOILT

Fig. 23-54A. Attenuator section of a gain se connected to supply a known source
of voltage.
120
110

100

.-- -i .
--:..1
r=,

=

v.

.

:::

I.
.

I:

-

I

:tx

L.mitillrglii
......E.11.
........

0
0
E

a

-i-or:
ireiiIiiiiia

iCtit

111!..r.ii

z
,7

4
0

PE

,,,,..,,
5,, iiiiil
40
mr.t...::
50 -- ilinifi'llilliliti
,,

;

L

0

lir

.

:-,
VOLTS 000001v
MICROVOLTS INV

-.___

lt-

.

:

1

--

g

I

.

:

_

1,000uV

;

t

NRIT

Sialli
:lux,. =rev mw
iii:
4: iii iiintiPli 1.1111gg 4...
--.1gh
't.

i

--

;

,__,_:: .,..i,

t

lisi.s_-

'

0.0IV

41

01V
100.00011V

10,000aV

,....

:::si

tiu...

1

tii

11 i

iiii-,

:11!IIIIIPI i 11111111,1111116;."

11111n:

LI
?...,
:3:4
s. : s : L
000IV
00001V

100 vv

Eli!

-Ni.i,i

Iliti:
Pi!

. Ku-

htr
111111Eli:

__

20

raw misag:::rititessiiiii

RI!: Ka

....

50

EC"....-::!1.3...11HL':i:

_

:

s

ammaiiir.: Ziacipm:ii apaiiia!iiiii
1

E.

4:::.sessuilt.r..:1

EIF.NOtlillaiiiii
""'"'''""17"
-WM="":.=.1
:::
ni-em"..F.0"^

cm-.

--Ta!;;iiikill
70 ffreasniirma
110

0
I-

:.

..

..........

xxa

-

N 90

= ::: ::
018::::

illiii:.
$91:::
Ilti:::

----

...
I OV

10 OV

1000,000vV

OUTPUT VOLTAGE

Fig. 23.548. Voltage at the output terminals of an attenuator pond for a given
voltage at the input.

may be set to indicate a known source
of voltage at the input of the attenuator
group. As an example, a level of plus

DEneE acre

2 dBm Ls equal to 0.975 volt.
23.55 How is the insertion loss of

Mai Set

a device measured using a gain setlThe device to be measured is connected
as shown in Fig. 23-55A. The send- and
receive -meter attenuators are both set

Fig.

to the same level All loss is removed
from the gain -set attenuators. A signal
is sent into the device and the reduced

23-55A. Measuring low insertion
loss using a gain set.
e
Demi .11.

the

receive meter reads a minus 10

dl3m the insertion loss is 20 dB.
If the insertion loss is too great to be

read by either of these methods, an

Aresslita

asSTATOn LOIS

output level caused by the insertion loss
of the device is read on the receive
meter. If the insertion loss is beyond the

range of the meters, the sending levc:
is increased and the loss read on the
lower figures of the receive meter. In
either instance, the insertion loss is the
difference in decibels between the two
meter readings. As an example, if the
send meter reads a plus 10 dBm and

tt

srseasoan LOIS

Fig.

1

CA, UT

23-558. Measuring high insertion
loss using a gain set.
vsvseC)
ss

010sAATon

tCt%t TO K
oscaSulK0
vtVIN

Fig. 23-55C. Measuring of insertion loss
using two vacuum -tube voltmeters.
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amplifier of known gain is connected in
the circuit, as shown in Fig. 23-55B. The
gain of the amplifier is measured first;
then the device with the insertion loss
is connected in the circuit, and the gain
is measured again. The difference in
gain for the two measurements is the
insertion loss of the device under measurement. It is extremely important that
all impedance matches be satisfied when
making insertion -loss measurements;
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rating for 5 minutes. For example, a
50 -watt, 16 -ohm resistor was measured
to be 15.80 ohms when cold. After oper-

ating at 25 watts for 5 minutes, its resistance dropped to 15.60 ohms. When

such a resistance is used for a power
measurement, the power dissipated in
the resistance is computed on the basis
of the hot resistance.
It is true that the small change in

otherwise, the measurement will be in

resistance will amount to only a fractional change in the output power.

error.
Insertion loss may also be measured

However, if the amplifier is being tested
close to its overload point, the small in-

using one or two vacuum -tube voltsertion loss is the ratio of the input to

crease in output power could cause it
to overload and increase the distortion, particularly the intermodulation

output voltage:

products.

meters as shown in Fig. 23-55C. The in-

To reduce the effects of heating in a
resistor, it is good engineering practice

Insertion loss (dB) = 20 Log,. --

to select a resistor that has a wattage
rating at least 50 percent greater than
the maximum power to be dissipated.

where.

E. is the voltage at the input,
E, is the voltage at the output.

Regular wirewound vitreous resistors

When insertion loss is measured, the
signal frequency must be such that it
passes through the center of the pass band of the device. As an example, if
the insertion loss of a 400 -Hz bandpass

filter is to be measured, the oscillator
signal is swept through the passband
and set for the lowest loss (highest output). In the case of a high-pass filter the
oscillator frequency must be well above
the cutoff frequency. The same reason-

ing holds true for any device

to

be

measured.

23.56 What type of resistors are
most suitable for termination purposes?
-The most convenient and economical
terminating resistor is the wirewound

vitreous noninductive type, since they
can be obtained in almost any value of
resistance and with up to several hundred watts of dissipative capacity. Although these resistors are called non inductive, some small part of inductive
reactance is always present; however, at

audio frequencies it may generally be
ignored. The two cardinal points in the
selection of such resistors are the wattage rating and the resistance value.
Terminating resistors used for precise measurements must be noninductive and within plus or minus 1 percent
of the desired resistance. Before putting
the resistance to use, two measurements
are made of its resistance value: one at
normal room temperature and a second
after it has operated at half its wattage

may also be used for terminations, although they are not entirely noninductive. The inductance, however, is still
quite small, on the order of 2 to 25
microhenries for values of 10 to 600
ohms, with wattage ratings of 10 to 50
watts. Typical resistors of this type are
illustrated in Fig. 5-87.
It is worthwhile to note a few precautions to be taken in the selection of
resistors for terminating the input of an
amplifier. As a rule, the resistance can
be of the composition type, although in
some instances such resistors can generate considerable internal noise, and

when they are used with an amplifier
system of high gain the generated noise
appears in the output as amplifier noise.
Also, some of these resistors appear to

be of the composition type when they
are actually wirewound and have considerable inductance. This latter type of
resistor should be avoided unless it is
known to be noninductive. Resistors

used for input terminations are generally mounted in a shield, and the
shield grounded to the amplifier chassis.
Five -percent accuracy is acceptable for
input terminations.
(Sec
Question
23.218.)

IHF Standard A-201-1966 for terminating resistors specifies that the resistor is to have not more than 10 -percent
reactive component at any frequency up

to five times the highest frequency of
interest. Also,

the resistor is

to

be
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capable of dissipating the full output
power of the device under test while
maintaining its resistance within 1 percent of its rated value. (See Question

does not normally require one. Although

23.56.)

cuit.

What does the terns "double
termination- moan, and what is its

If no turnover is indicated when the
input connections are reversed, invert
the output connection to the gain -set
receive section. If the output of the device being measured is designed to operate with one side grounded (such as

23.57

effect? -A double termination occurs
when a device has been terminated in
its normal load impedance and is terminated a second time, either accidentally or intentionally, as shown in Fig.

the following information mentions the
use of a gain set, the basic rules are
applicable to any gain -measuring cir-

negative -feedback amplifiers), it can-

23-57.

not be operated in the reverse direc-

A double termination connected at
the output of an amplifier will cause

tion. However, if the circuit is of a level

the amplifier to overload and increase
its distortion products. Also, a double
termination will often cause the frequency response to he altered as well
as reduce the power output.
For certain types of devices a double
termination may be used intentionally

coil may clear the difficulty. Good
transmission practice dictates that if

to obtain a particular effect or char-

the difficulty, the turnover may be in

acteristic. However, generally speaking,
double terminations are to be avoided.
23.58 What is a turnover testl-It
is customary, before making a transmission measurement, to make a turnover

the system under measurement. This
can be determined by checking for improper grounding of a balanced or unbalanced circuit, or by grounding an

test to determine whether any unbalance exists in the system to be tested
or in the test setup. This is particularly

phasing of input and ouput circuits
between the several different pieces of
equipment in the system and by patching out certain units, such as an equalizer or filter.

important if the system contains a number of amplifiers and unbalanced or bal-

anced circuits such as are to be found
in a recording channel.
The test is made by sending a signal
of 10.000 Hz through the system and
rioting the gain. The send circuit of the
gain set is then reversed and the gain
measured. If the gain increases or decreases by more than 0.5 dB, the system
shows indication of an unbalance which
should be eliminated, if possible, he -

cause the gain versus frequency characteristics arc not the same for the two
phases and, if a turnover in the connections between the units should occur,
the frequency response will not be the
same. Many times, unbalance in a circuit can be eliminated by connecting a
repeat coil in the input of the device
under test, although the input circuit
SECOND

tERMINATION
AMPLIFIER
NORMAL
TERMINATION

Fig. 23-57
to

Double termination applied

the output of an amplifier.

in which a repeat coil can be used, a
the turnover

is 0.5 dB or greater, it
should be eliminated before proceeding
with the measurement.
If the insertion of a repeat coil in the
gain -set send circuit does not correct

unbalanced

circuit, by checking the

Turnover is caused by the distributed
capacity to ground of a circuit or piece
of apparatus in the system. Applying
10,000 Hz to the system facilitates the
measurement of unbalance because the
reactance of the distributed capacity is

lower than if measured at a frequency
of. say, 100. As a rule, turnover cannot
be detected at a frequency below 6000
Hz. Many times when an amplifier of
high gain is measured, it will indicate
considerable turnover. This is generally
caused by unbalance between the mea-

suring circuit and the input of the amplifier. The connection of a repeat coil
in the input will generally clear up the
difficulty.

If the gain -set receive section

is

grounded and the system being tested
is also grounded, the ground should be
removed from the gain -set receive section. The ground connection of the attenuator section (send) should never he
removed for any measurement, because

to do so would cause serious leakage
in the attenuator section, resulting in
erroneous measurements.
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coupling

measure the hum level at the output.

measured in an amplifier? - Magnetic

Some revision of the transformer posi-

23.59

How

is

magnetic

coupling in an amplifier is caused by

tion may be necessary. In this latter

the close proximity of the power trans-

measurement, both the magnetic coup-

former and filter chokes of the power
supply to other components of the cir-

ling and other magnetic fields due to
current are measured. As a rule, high -

cuit. Also, magnetic coupling takes place

quality input

due to magnetic lines of force induced
in the metal chassis by the power transformer and chokes. These lines of force
couple with the internal wiring and
cause hum frequencies of 60 and 120

Hz to be induced into the signal frequencies.

A simple method of measuring the

and interstage transformers are well shielded and are designed to be rotated for minimum hum

pickup.
The use of a single -point ground sys-

tem will often eliminate many difficulties due to hum -frequency pickup. Such
ground systems are discussed in Section
24.

degree of magnetic coupling caused by
magnetic lines f force in the chassis
is to remove all tubes from the circuit,
including the rectifier tube. Terminate
the output winding of the output transformer in its normal load resistance.
Connect a vacuum -tube voltmeter in
parallel with the load resistor. Apply

23.60 What are the procedures for
measuring the frequency characteristics

the ac voltage to the primary of the

with a vacuum -tube voltmeter. If the

power transformer. The primary of the

configuration of the filter is unbalanced,

power transformer will now he energized along with the ac high voltage of
the rectifier circuit. Also, the heater

it must be grounded as shown. If the
filter is of a balanced configuration, it

circuit will be energized.
Set the vacuum -tube voltmeter to a

sistive network as shown in Fig. 23-60B.
Frequencies of constant amplitude are

of wave filters?-Referring to Fig. 23-

60A, the input of the filter is fed from
a resistive network of an impedance
that matches the input impedance of
the filter. The output of the filter

is

terminated in a resistive load paralleled

must be grounded using a balanced re-

If more convenient, the power trans-

applied from the oscillator to the input
of the filter and the resulting frequency
response is measured at the output of
the filter across the load termination.
The meter used across the output termination must have a rather large
range of sensitivity to allow the mea-

former may be left as is, and the output
(if used) transformers
may be rotated.
After noting the position of the transformers. install all the tubes and again

cutoff frequency of the filter.
If two vacuum -tube voltmeters arc
used as shown, they must have identical frequency characteristics; otherwise,

scale that will result in a convenient
reading. (This will generally be on the
order of minus 30 to 40 dBm.) Loosen
the mounting screws of the power
transformer and rotate it for a minimum
reading on the vacuum -tube voltmeter
or interstage

surement of frequencies beyond the

FILTER
110.-0-6 LOSS

OSCILLATOR

.-E1T

AL

V TVI.4

L

Fig. 23-60A. Circuit for measuring the frequency response of an unbalanced ware
filter fed from a resistive network.
FILTER

Fig. 23-608. Circuit for measuring the frequency response of a balonced wave filter.
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greater than 0.20 dB, it is an indication

of leakage, and the circuit should be
grounded at the exact electrical center

of the shunt resistor of the input netFig. 23.60C. Amplifier used with voltmeter to increase

the sensitivity.

fiLTt
VT VM

work.
In some instances, it might be desirable to connect a 6- to 10 -dB pad be-

tween the output of the filter and the
input of an amplifier or vacuum -tube
voltmeter as shown in Fig. 23-60D to
isolate any effects of the amplifier or
vacuum -tube voltmeter. For this type of
measurement the terminating resistor

23-60D. A 6- to 10-d8 pad connected in the output of a filter to isolate
the effects of the measuring circuit.

is connected at the output of the pad.
The attenuator resistance must match
the output impedance of the filter. The

a true frequency response will not be

measurement is
manner.
23.61 What

Fig.

possible. The subject of frequency discrimination in meters is discussed in
Question 2325. If there is any doubt
as to the frequency response of the
two meters, one meter may be used by

switching it from input to output.
The input meter must be connected
as shown and not across the input of
the filter, because the reactive elements

filter network will affect the
meter readings, resulting in an erroneous frequency characteristic. Because

made

in

the

usual

is the procedure lot
measuring the frequency characteristics

of a high -or low-pass filter by using a

gain set?-The filter and gain set are
connected as shown in Fig. 23-61. The
output of the filter is terminated in a
resistive termination and a bridging

amplifier is connected in parallel with
the termination. The bridging imped-

bridging input impedance of 10,000 ohms

ance of the amplifier should be at least
10,000 ohms and of flat frequency response. The gain of the amplifier is
adjusted for a value that will permit the
frequency characteristic beyond the
cutoff frequency to be measured down
to the noise level, which will be apparant when the measurement appears to
flatten off.
If the amplifier input impedance
matches the output impedance of the
filter, an attenuator of at least 6 dB,
and preferably 10 dB, should be connected between the output of the filter
and the input of the amplifier to isolate
inductive effects of the input trans-

or greater, with fiat frequency charac-

former.

in the

of the characteristic of the iron cores
used in filter coils, it is important that
the filter be measured at a signal level
commensurate with the manufacturer's
specifications for the particular filter.
if the sensitivity of the output meter

is not sufficient to read the levels beyond the cutoff frequency, an amplifier
of known gain may be connected between the output of the filter and the
input of the meter, as shown in Fig.
23-60C. The amplifier should have a

teristics. This will permit the filter to

If the gain set employs a balanced
a
repeat coil will be

be terminated in a resistive load rather
than an inductive one as when an am-

configuration,

plifier of the same impedance as the

(c) of Fig. 23-14D. A ground is then

filter is used. The circuits shown may be
used to measure any type of filter configuration.
If the oscillator employs a grounded
output, a repeat coil should be connected between it and the resistive network when measuring balanced filters.

connected to the low side of the filter.
If the filter has a high-pass configuration as shown in Fig. 23-61, the frequency run is started at the upper end

A ground may or may not be necessary with a balanced filter configuration. This can be determined by the

the gain of the amplifier to measure

turnover test described in Question

subtracted from, or added to, the mea-

23.58. U the difference in turnover is

sured loss.

necessary in the input, as shown

in

of the passband. If it is a low-pass filter,
the run is started at the low end of the
passband. If it is necessary to increase

the frequency response in the cutoff

region, the increase of gain must be
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NIGNPASS
FILTER
TERMINATING
RESISTOR FOR
BRIDGING -

INPuT ONLY

Fig. 23-61. Circuit for measuring the frequency characteristics of a high-pass filter,
using a gain set.

surement is started by finding the center

to permit the equalizer to be grounded.
As a rule, an amplifier is connected
at the output of the equalizer network

frequency and then measuring first in

for the purpose of providing enough

one direction and then measuring in the
other direction.
Band -elimination filters are started

gain to permit a reasonable amount of
loss to be inserted in the gain -set attenuators. If the amplifier has a bridg-

by finding the center frequency and
then measured similarly to the band-

ing input, the ouput of the equalizer

Bandpass filters are measured in a
similar manner, except that the mea-

pass filter.
23.62 How ore thu frequency characteristics of an equalizer measured by
using a gain set? As shown in Fig.

23-62A. If the gain set has a balanced
configuration, a repeat coil is necessary

in the send circuit to isolate the balanced circuit of the gain set from the
unbalanced equalizer circuit and, also,

is terminated by a resistor.
The measurement is started by making a turnover test as described in
Qnestion 23.58, by checking the maximum rise (or dip) of the equalizer, and

then by setting the gain of the amplifier. If the equalizer has a rise, the
gain of the amplifier is set at the peak
of the rise and the measurement made.
This ensures that the amplifier will not

TERIAiNATING
RESISTOR FOR
BRIDGING INPUT ONLY

Fig, 23-62A. Circuit for measuring the frequency response o an equalizer, using a
gain set.
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(OuALizER

OSCILLATOR

Fig. 23-62B. Circuit for measuring the frequency characteristics of on unbalanced
equalizer, using an isolating pad and vacuum -tube voltmeters.
-L TYRE 20UALIZER

--fcf-

to 10

IOW

VW

TierA.

OSCILLATOR

R2

LOSS
Nevt.

ht.

viva

VT

Vic!)

Fig. 23-62C. Circuit for measuring the frequency response of on "L" type equalizer.
A 6- to 10 -dB pad is connected in the output to supply the proper termination.

be overloaded as the rising characteristic of the equalizer is aproached.
As an example, if the equalizer has
a rise of 10 dB at its resonant frequency, the gain of the amplifier is
adjusted for a given amount of attenuatiou loss in the gain set. The gain control is left at this particular setting and
is not changed throughout the rest of
the measurement

It will be noted that other frequencies will be lower in amplitude by the
amount of the rise (10 dB). Therefore,
the amplifier cannot be overloaded by
the rising response of the equalizer. The
response is then plotted with respect to
either 400 or 1000 Hz, depending on the
purpose for which the equalizer is

Fig. 6-29A and B. Generally the transmission characteristic is used because it

pictures the action of the device in a
transmission circuit. Insertion -loss plots
ore used in design procedures.
As a rule, the characteristics of

equalizers and wave filters are plotted

using the major lines

on

the

graph

paper to represent 5 dB and each minor
line representing 1 d13. In special cases
where it is necessary to expand a certain area, the plot of each major division
can be used to represent 1 dB and the
minor lines can represent 0.2 dB.
Equalizer and filter characteristics
are discussed in detail in Sections 6 and
7, respectively

designed.

If a gain set is not available, the frequency response may be measured by
using one of the two circuits shown in
Figs. 23-62B and C. The procedure and
precautions are the same as described
for the measurement of a filter in

(a)

High-pass.

Question 23.60.
23.63 How ore the frequency char-

acteristics of wave filters and equalizers
plotted?- As shown in Figs. 23-63A and

B. For wave filters the reference frequency is generally 1000 Hz. For equalizers either 400 or 1000 Hz is employed,
depending on the use of the equalizer.

Filters or equalizers may be plotted

(b) Low-pass.

Ic

g
1

(e) Bandpass.

(dj Band -elimination.

to show their insertion loss or their

Fig. 23-63A. Frequency -response charac-

transmission characteristics as shown in

teristics of wave filters.
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nated in 16 ohms, with a vacuum -tube
voltmeter connected in parallel. It will
be observed that the input voltmeter is
connected on the high side of the network to prevent reflections from the

fc

active dements of the network from

(a) Nigh -frequency peaking.

affecting its readings.

The measurement is started with the
low-pass section. The oscillator is set to
a frequency of 30 Hz as a reference frequency. The output meter readings are

'1\

and tabulated. The high -frequency side is now measured by setting
the oscillator to 10,000 Hz as a reference

noted

(b) Loin -frequency boost.

frequency. Frequencies down to 3 octaves below the crossover frequency are
applied and their amplitudes noted. The

results of the measurements are then
plotted as given in Fig. 23-64B. For a
properly designed network the crossover frequency will be down 3 dB from

(c) Hiok-frequency pre -equalizer.

fd; High-frequericif post -equalizer.
Fig. 23-63B. Frequency -response charac-

teristics of equalisers.
23.64 Describe the procedure for
measuring the characteristics of a

speaker crossover network. - Crossover
networks employing air -core coils (as
most are) may be measured as given in
Fig. 23-64A Since the coils are air core.

they may he measured at a low level
because the characteristics of such coils
arc not affected by thy power level. For
this example of measurement it will be
assumed that a 450 -Hz parallel -type
crossover network of 16 -ohm impedance

the reference frequency.
Series -type crossover networks are
measured as given in Fig. 23-64C. The
same measurement procedure is followed as is used for parallel networks.
Insertion loss may be measured by
noting the voltage at the input and out-

put of a given section, at a frequency
somewhat near the center of the pass band The loss is then computed:
dB = 20 Log... (EI/Eri)

Power = IL =
where,
E.

is the voltage at the input of the

network,
E. is

the voltage across the output

termination of the section under
measurement,
R,

is the terminating resistance.

measured. An impedance matching network of 600116 ohms is
connected between the oscillator and

The characteristics of crossover networks can also he measured by using
the amplifier normally employed for
driving the speaker system. For such

the input of the network. The output
terminals of the network are termi-

measurements the test circuit of Fig.
23-64D is used. Some difference in the

is

to

he

VT WA

i5. 08
'SOL A T tON

R.

CROSS

NETWORK

NC T *OAK

600/16R

11111a

VTVM

rv.
Fig. 23 64A Test setup for measuring characteri tics of a parallel crossover network.
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Fig. 23-648. Frequency response of a parallel crossover network.
VTVM
CROSSOVER
NETWORK
IAn

VTVM
HF

OVTVIM

ibn

Fig. 23.64C. Test setup for measuring characteristics of a series Crossover network.
MO

OSCILLATOR

AMPLIFIER

E2

tr

El

16n

VTVM

Win
C

HF

L

Ifin

E2

VTVM

l.0i

r

Fig. 23-64D. Test circuit for measuring the characteristics of a crossover network,
using its normal driving amplifier.

characteristics of the network may be
expected when measured in this manner, since the internal ouput impedance

of the amplifier is not a perfect match
to the crossover network input, as is
the impedance -matching network. The
first measurement is an actual measurement of the network characteristics,

while the measurement with the driving
amplifier is a practical or operational
measurement. (See Question 20.90.)
Networks employing more than two
sections are measured in a similar man-

ner (Fig. 23-64E), taking care that all
unused sections of the network are
properly terminated and that the mea-
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vTvM

Fig. 23-64E. Method of measuring the frequency response of a three -section, 16 -ohm
crossover network.

surement is made in a portion of the

channel with the high- and low-pass

passband removed from the crossover
frequency. The insertion loss variation
between sections should he very small.
This will be indicated by the difference
between the input voltage and the output voltage of the various sections in the

filters removed is given in Fig. 23-65A.
Fig. 23-&5B shows the same channel
using high- and low-pass filters.
In addition to the overall frequency
response, it is customary to make frequency measurements of each Individual piece of equipment in the channel,
to facilitate the servicing of individual
units. These plots should include, besides the frequency response, the gain
for a given set of conditions, the maxi-

passbands. The design of crossover networks is discussed in Section 7.
23.65 How are the
fl frequency
charade
s
of a recording channel

plotted? -The frequency characteristic
is measured from the input of the microphone preamplifier to the output of

mum power output, the harmonic or
intermodulation distortion, the signal-

the amplifier driving the recorder. A
plot of a ypical magnetic recording

to-noise ratio, the
compression
ratio

equalization, the
and
breakaway
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letz

2imr

i0knr

51141

20Iou

stE0uENCT IN HERTZ

Fig. 23-65A. Method of plotting the overall frequency response of a magnetic
recording channel.
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Fig. 23.656. Frequency characteristics of a typical recording channel using high and low-pass filters.
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points, and any other measurements

maximum loss positions or off positions.

that may be used for reference. A stan-

The gain of the amplifier is set for a

dard method of plotting should be
adopted for the preceding character-

convenient measuring level at the gain set receive terminals. Usually 30 dB of
gain will suffice.

istics, so that the various graphs can be
laid over each other for comparison.
One of the major lines (counting up
from the bottom) of semilogarithmic
graph paper such as is used throughout this book is referred to us the zero
line. Each major division represents 5
dB and each minor line dB. The fre-

After the measurements of the network characteristics have been made.
the response of any equalizers or high or low -frequency attenuators is then
made.

quency range of the paper is 20 to 20,000
Hz. The usual plotting range for a

For motion -picture production and
rerecording, the frequency response is
generally plus or minus 1 dB from 40
to 10,000 Hz. For radio broadcasting, it

motion -picture recording channel is 40

is 30 to 16,000 Hz, plus or minus 1 dB.

to 10,000 Hz.
23.66 How ore the frequency characteristics of a mixer network meat
urea-The mixer is connected as shown

23.67 How is the leakage between
positions of a mixer network measured?

1

-The mixer network is connected as
shown in Fig. 23-67 Suppose the leakage of a four -position mixer is to be
measured at a frequency of 10,000 Hz.
Positions 2 and 3 are terminated in their

m Fig. 23-66. If the gain set is the balanced type, a repeat coil is connected

in the send circuit and the mixer network is grounded as shown. An amplifier is connected at the output of the
network and returned to the gain -set

normal input impedances using a resistive termination. Position 4 is also
terminated and a vacuum -tube voltmeter connected in parallel with the
termination. The attenuators of positions 2, 3, and 4 arc set to their maxi-

receive terminals. 11 the amplifier has a

bridging input, the output of the network is terminated in its normal operating impedance by means of a resistor.
The mixer input control used for the

measurement is set for about 15 to 20
dB of loss. This is about the normal

mum loss or the off position. An audio
oscillator is connected to position 1, and
the attenuator of that position is set to
approximately 20 dB of loss (this is

operating position for the average
mixer. All other controls are set to their

about the loss that would be used in
the average mixer pot). The output of

MISER NETWORK

1

1,

RR

OUTPUT
TRANSFORMER

Er

Fig. 23-66. Circuit for measuring the frequency response of a mixer network.
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OSCILLATOR
1061ta
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SET TO ABOUT
20-011 LOSS

P2

TEMA.

orFZS)

Fig. 23-67. Circuit for measuring the leakage between the
various

positions of
network.

a

TERMINATION

OUTPUT

mixer

V TVM

P3

TERN

OCCS)
GROUND

P4

vTv1.1

CRIS)

SET TO orr
OR MAXIMUM
ATTENUATION
POSITION

the oscillator is set for a level comparable to the highest signal level that will
be used under normal operating conditions. For motion -picture rerecording,
this will range from minus 24 to minus
10 dBm. For normal microphone pickups using a conventional preamplifier,

the level will range from minus 25 to
minus 12 dem.
With the test signal applied to input
1, the leakage is read on the vacuum tube voltmeter across position 4, with
that attenuator set to maximum loss.
For a well -designed mixer, the leakage
will be at least 70 dB or greater. If the
leakage is less than 70 dB, it is generally caused by multiple grounds, ground
loops, or inadequate shielding between
the pairs connecting the input and out-

put circuits of the mixer controls.
The lowest leakage is obtained by the
use of a single -point ground system of
wiring as described in Question 9.37 It
is essential, when a leakage measurement is made, that the mixer network

be grounded to the transmission ground
of the measuring circuit.
The leakage between the output circuit and a given control is measured in
a similar manner, except the
fourth
control is terminated and the vacuum tube voltmeter is connected across the
output terminating resistor. The oscillator is set for a level comparable to that

normally applied to the input circuits
and is connected to each input (with
the control closed and the other controls in the off position), and the leakage Is measured at the output.

The attenuation of the various controls may be measured by setting them
to various positions of loss and noting
the reduction in level at the output.
(See Question 23661
23.68 How is the insertion loss of

a mixer network measured?-The mixer
network is connected as shown in Fig.
23-68. Mixer networks have two losses:
one variable and the other fixed. The
variable loss is dependent on the setting

Fig. 23-68. Method el measuring the insertion loss of a mixer network.
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of the mixer control; the fixed loss, the
value of the building -out resistors, and
the type of controls used.
The fixed insertion loss is measured
between a given input and the output

than that measured with a mixer of the

same number of positions using T or
bridged -T potentiometers.
As an example, a six -position, 250 ohm network using bridged -T attenua-

of the mixer network. The difference

tors has an insertion loss of 15.6 dB.

between the input signal level and the
output level Is the insertion loss of the
network. The measurement is made

The same network using ladder poten-

with the mixer control of the input
under measurement set to its minimum -

loss position (wide open) and the con-

trols of all other positions set to their
maximum loss or off positions.
The only loss measured under these

conditions will be the loss induced by
network components R. (building -out
resistors). However, this statement is
true only for networks using plain -T
or bridged -T attenuators For networks
using ladder potentiometers, the meas-

ured loss will be 6 dB greater (the insertion loss of a ladder potentiometer)

tiometers will have a loss of 21.6 dB.
The path of the test signal is shown by
the dotted lines in the diagram. Insertion losses for configurations of different
impedances and numbers of positions
are given in Fig. 9-44.
The insertion loss of any mixer network may be calculated:
dB loss = 20 Log, N
w here,

N is the number of input positions.

If the network uses ladder pots, 6 dB
is added to the calculated insertion loss.
23.69 Now ore the frequency characteristics of on audio transformer meaN

V Tvla

nsA

POWER
SUPPLY

Fig

23.69A, Circuit for measuring the frequency characteristics of a single -ended
audio transformer.
Ti

RI
4

T2

Au000
OS CIL LAT OR

Fig. 23-698. Circuit for measuring the frequency characteristics of a push-pull inter stage transformer.
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?:

AMMO

OSOLLATOR

Fig. 23-69C. Method of measuring the frequency characteristics of
isolation coil.

a

repeat or

surcd?-As shown in Fig. 23-69A for

voltmeter connected across load resistor

single -ended
transformers,
shown In Fig. 23-69B for

R,..

and

as

push-pull

transformers. RI is a noninductive resistor equal in value to the plate impedance that the transformer is designed to match. R.. is the secondary
load impedance, and C is a large capacitor with a reactance sufficient to pass
the lowest frequency to be measured.

A dc power supply applies a current
equal to the normal plate current that
will be passed by the primary of the
transformer.
The actnal measurement is made by
applying frequencies of u constant am-

plitude to the primary of transformer
T2. This amplitude is read on vacuum -

tube voltmeter MI. The frequency response is read on vacuum -tube voltmeter M2. If two meters are used as
shown, they must have similar frequency characteristics for the reasons
explained

in

Question

2325.

Trans-

former T1 has a low -impedance secondary on the order of 30 to 50 ohms.
When measuring is push-pull inter stage transformer, only one-half of the
secondary winding is measured at a

time This will avoid shunting the total
secondary winding with the input capacitance of meter M2, which may affect the response at the higher frequencies.

Output transformers may be measured in a similar manner: however, it
is generally better to measure such
transformers in an amplifier with characteristics similar to those in which it
is

to be used.
Fig_ 23-69C shows the method used

for measuring the frequency response
of a repeat or isolation coil. The output

The insertion loss is measured by
noting the voltage across the primary
and the secondary for a given frequency
(generally 1000 11z). The loss in deci-

bels is then 20 Log,. of the ratio of the
primary to the secondary voltage.
23.70 How may the frequency response of a transformer be calculated at
the lower frequencies if the primary reactance is known?-The equation given
below is based on the amount of low frequency voltage that will appear
across the primary turns of a transformer when it is connected in series
with a resistance equivalent to the rated
primary impedance. The expression for
each frequency is:
Insertion loss in dB
20 Log,

where,

L, is the primary inductance in henries at the selected frequency,
01

equals 2ef,

f is the frequency in hertz,
R. is the rated primary impedance
with the following correction.

For transformers snch as an input or
interstage working into an open circuit
(no secondary termination except for
the input capacitance of the tube):
R. =

are fed into the primary side, and the
response is measured by a vacuum -tube

Fti +

where,

R, is the de resistance of the primary
winding,
R, is the rated primary impedance.
For transformers loaded on the second-

ary side, such as a driver or output
transformer:

of the oscillator at the left is matched
to the input impedance of the coil by
means of a balanced or unbalanced attenuator network. The secondary aide
is terminated in a resistive load, R,..
Frequencies of constant amplitude

1

VI -A- (R./aiLi.)'

R,

.

-1i-R./R:
RR

Re = (R. -f-

Rs = (R. f ROCN.
-2)
where,
R. is

the dc resistance of the sec-

ondary,
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I

23-7IB shows the insertion -loss
curves for a conventional output transformer, and Fig. 23-71C shows those
Fig.

for an ultralinear transformer used in

T

a Williamson -type amplifier.
The foregoing insertion -loss curves
should not be confused with a power versus -frequency response curve. Such
curves are run with the negative -feedback loop connected.

Fig. 23-71A. Method of measuring the
insertion loss of an output transformer.
R. is the secondary load resistance,

N. is the turns in the primary,

the secondary

N. is the tnrns in
winding.

23.72

What is the procedure

23.71
Hoir may the insertion foss of
an output transformer be measured? As shown in Fig. 23-71A. A signal is

Fig. 23-72, the secondary (Z,) and the
two primary windings (Z, and 7.,) are
each terminated with a resistor equal to
the recommended impedance. A vac-

applied to the output stage with the
transformer secondary terminated in its
normal load impedance. If the amplifier
employs negative feedback, the feedback loop is disconnected. The voltage
is measured across the total primary
winding, and the power is computed:

uum -tube voltmeter is connected across

the terminating resistor of primary
and a signal of 1000 Hz is applied across
primary Z,. Resistor Z, is made variable

during the test and for the average coil
will be about 250 ohms. Later, this resistor is replaced with a fixed resistor.
The signal level from the oscillator at
Z, may be set at a level of 0 dl3m or at

E'

where,
Z is the plate impedance.

the normal operating level. The vacuum -tube voltmeter is set for a convenient reading, and variable resistor
Z, is adjusted for a minimum reading

(For a push-pull stage, the voltage is
measured from plate to plate.)
The power in the secondary is computed in a similar manner. The ratio of

on the meter across Z,. The meter sen-

sitivity is adjusted as the resistor is
adjusted. The opposite side (although
balanced) may be checked for balance
by reversing the procedure. A good
coil will generally show about 45 di) of

the two powers may then be converted
to decibels:
dB .= 10 Log,,

-

P,
P,

where,

isolation at frequencies between 30 and
10,000 Hz. The value of resistor Z. is

P, is the power at the primary,
P, is the power at the secondary.

p 11

S

1

+41011.12 5WATTS

0
5

[

5

WJ

5

.5

G

o

;

s

a

II

4.404108 10 WATTS

0

9

for

balancing a hybrid coif)-Referring to

437;18" SWOTS

L

.5

+30,11111, IrTT

0

?ON: SON:

S014:

KEN,

Fig. 23-71B. Insertion loss

1Pir
2000.11303M1 50014:
FMEOUrNe

in

21540 UN:

Wog

i0krot

200 me

dB for conventional push-pull output transformer.

AUDIO -FREQUENCY MEASUREMENTS

1473

5
1

+ 41/5o. it sears

0

.."'....."414

5

5
'4
-1
Cs

ft 10VOTTS

+

0

'"+.1........

5

5

'4.

+37dlla MUTTS

0
5

+5

L.

0

ILWM
I

-5

i
2010 30H:

100H.

SOHt

200H: 30010 SOO15

01114

5tH

2EH53kHt

IOW/

20Ittlt

FREOUENCY

Fig. 23-71C. Insertion loss in dB for ultrolincor output transformer.

generally quite critical and is only effective when the terminating impedance
across the primaries is constant. If a
meter is bridged across resistor Z,, the

signals in windings Z, and Z: may be
monitored simultaneously.
The degree of isolation

23.73 How ore the frequency characteristics of a magnetic recorder moosured?-lks shown in Fig. 23-73. The signal level from the oscillator is adjusted
for a recording level at least 10 dB

(preferably 20 dB) below the normal
between

windings Z. and Z, is stated in reference to 1 milliwatt or 0 dBm; however,
It may he stated with reference to the
signal level at the opposite primary
winding. A typical coil of this type is
the LS -141 hybrid coil manufactured
by the United Transformer Co. The
losses encountered in a hybrid coil and
other data are discussed in Questions
8.66 to 8.71.

1

recording level,

as

indicated by the

level -indicating device of the recorder.
Making the frequency -response measurement in this manner prevents overloading of the magnetic tape.
If possible, a 20,000 -Hz low-pass filter, similar to that described in Question
7.107 should be connected in the output
of the playback amplifier to remove the
effects of the high -frequency bias current on the meter employed to read the
frequency response. The filter is used
only when frequency and noise measurements are made. It should be removed when a distortion measurement
is made. The frequency response of the
filter is such that frequencies up to
18,000 Hz are passed without discrimi-

Fig. 23-72. Circuit for balancing a hy-

nation.
If the machine is equipped with a

brid coil.

separate playback head, the frequency

MI

0,12

201115

low - PASS

MAGNETIC
RECORDER

OSCILLATOR

FILTER

RLY
re

ECORO

AYeACK

Fig. 23-73. Circuit for measuring the frequency response of a magnetic recorder.
The 20 -kHz low-pass filter is used to remove the effect of the high -frequency bias
current on the meter M2.
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V TVA. FOR
MEASURING
BIAS CURRENT

400Nt
RECORD

OSCILLATOR

MAGNE TIC

PLAY
214:4

RECORDER

RL

M

Fig. 23.74A. Circuit connection for making distortion and bias -current measurements on magnetic equipment.

response may be observed as the oscillator frequencies are applied. If not, the
tape is recorded and then played back.
Before a frequency measurement is at-

tempted, the heads should be aligned
as described in Questions 17.104, 17.109,
17.110, and 17.111. A frequency -response

measurement made in this manner is
called a record/playback frequency response and includes the frequency response of the record and playback amplifiers.

meats on magnetic recording equipment
is to establish the correct operating bias
current, the maximum operating levels,
and the signal-to-noise ratio for a given
operating level.
Both the motion picture industry
and manufacturers of professional magnetic recording equipment have established 1 percent as maximum total har-

monic distortion (THD) for recording
and reproduction. The 1 -percent THD
represents 100 -percent sine -wave mod-

In some recorders the record and

ulation of the system. In earlier equip-

playback equalization can be individually adjusted for the best response. if
such controls are available, they should

ment a 3 -percent THD was used and in
some instances the distortion was stated

be adjusted to the manufacturer's specifications; if not, serious overloading of

the amplifiers may result
It is advisable to demagnetize both
the recording and reproducing heads
before making any adjustments, because
a magnetized head will increase the distortion, reduce the signal-to-noise ratio,

and may partially erase the high frequencies. (See Question 7.107.)
23.74 Describe the procedure for
making distortion measurements on magnetic recording and reproducing equip-

ment.-The equipment is connected as
shown in Fig. 23-74A. The principal
reason for making distortion measure

Harmonic -distortion

measurements

are made by applying a signal from a
low -distortion oscillator to the recording channel and then measuring the
amount of harmonic distortion at the
output of the playback amplifier. Distortion measurements should be made
at several levels above and below the
normally specified recording level for
several different values of bias current.
These tracks are then played back and
the distortion and signal-to-noise ratio

Bins

Current
in mA

in terms of intermodulation distortion.
However, to date no standards have
been established for intermodulatlon
testing of magnetic recording equipment. The following tests to be described are applicable to both magnetic
film and tape.

Percent Distortion
+12
+8
+10
1

k

20

1.0

1.6

2.55

22

0.9
0.7

1.5
1.35

2.4

24

2.2

512

26

0.6
0.55
0.50

1.2

2.0

1.1

1.75

§.

1.0

15

28
30

S/N

-59 dB -61.5 dB --62 dB

Fig. 23-7 4 8. Tabulation of percent distortion. Bias current versus recording
level lin dElm).
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Fig. 23-74C. Harmonic distortion versus
bias current for magnetic film recorder
130 to 12,000 Hs).
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measured. The combination of bias current and recording level resulting in the

SIM: MIS

greatest signal-to-noise ratio with the
lowest distortion and best frequency
response is the correct recording level.

memp:miiiiillriiiiill

ca

anows

(See Questions 17.48, 17.49, and 17.52.)

at the recording head with a bias current of 25 mA. A vacuum -tube voltmeter is connected at the output of the
recording amplifier (or where specified
by the manufacturer), and sound tracks
are recorded (at 400 Hz) at levels of
plus 8, 10, 12, and 14 dBm with bias
currents of 20, 22, 24, 26, 28, 30, arid 32
mA. A few feet of unmodulated sound

track is left at the end of each recording to permit the signal-to-noise ratio
to be measured. The tracks are played
back, and the harmonic distortion and
ratios are

measured.

These are then tabulated

as in Fig.

signal-to-noise
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Fig. 23-74E.
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Record -playback response

of Vs" magnetic tape recorder of 40 and

2000 Hz and tope speed of 7!it

ips.

Plotted as bias current versus intermod-

ulation distortion and output level.

23-74B, and, when plotted, will appear
.
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The procedure for making the measurements is as follows. Assume a magnetic film recorder is specified to operate at a recording level of plus 12 dBm

lull:

MIIIIIIiiiimmommIllinill

ruoure
vi 0
yW

puundh

1

-011
MENEM-

IMIROIMON
8

It

awns
....

10

sim

1

Intifinit

mown'2-

, ''''

NO/OS'islin
.t..-..k.sigamin

s ...ss
ammumm.
emismoompsmommossum
o .ssumasm.m..sensuellalill

10.........

!
101,10,11404550

,.,

1145S t1/M11011 Vs a.

ss

HASCUrIREMT

Fig. 23-74D. Record -playback response

of 1/4 magnetic tape recorder at 400 Hs
and tope speed of 7IS ips. Plotted as
bias current versus harmonic distortion
and output level.

Fig. 23-74F. Record -playback response
of '"4" magnetic tape recorder at 40 and

7000 He and tape speed of

7!'S

Plotted as bias current versus intermod-

ulation distortion and output level.
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as a family of bias curves such as those
shown in Fig. 23-74C.

in series with the recording head and
a vacuum -tube voltmeter in parallel

Alter selecting a set of conditions
that appears to have the best signal-

with the resistor. The results were
plotted as harmonic distortion versus

to-noise ratio with the lowest distortion,
a frequency -response measurement
is
made using the selected bias current
and recording level. If the value of
bias current is too high, it may erase
the high frequencies as they are being
recorded. Therefore, it is important that
the frequency response he measured

bias current. The upper curve

before settling for a given set of conditions.

As a rule, a compromise is generally
made. If the signal-to-noise ratio is 60
dB for a given set of conditions and the
frequency response is better for a signal-to-noise ratio of 58 dB, the 2 -dB
difference in noise level would be negligible if the frequency response were
materially improved. It is assumed that
before the foregoing group of measurements is made, the head alignment will
have been checked and the heads thoroughly degaussed. (See Question 17.91.)

Although the value of 1 -percent THD
is specified, operating the
equipment at a slight amount above
MAXIMUM

1 percent will have little effect. Also, if
the signal-to-noise ratio will permit,
operating the equipment below a 1 -per-

cent THD is permissible. In the family
of bias curves, Fig. 23-74C, the point of
operation has been selected for a dis-

tortion value of

1.20

percent, with a

signal-to-noise ratio of 61.5 dB.

It will he noted that for a recording
level of plus 10 dBm, using a bias cur-

rent of 28 to 30 mA, the distortion

is

approximately 1 percent. This would be

a good point at which to operate if
the frequency response is satisfactory.

However, with a bias current of 28 to
30 mA, some difficulty may be experienced with erasure at the higher frequencies. If difficulty is experienced
with the high -frequency bias current
leaking into the output and affecting

is the

variation in output level due to changes
in bias current.

Fig. 23-74E shows a similar group
of measurements obtained by the use
of an intermodulation analyzer. The frequencies used for the intermodulation
measurements were 40 and 2000 Hz
mixed in a ratio of 4:1 (low frequency
12 dB higher in amplitude than the high
frequency).
Fig. 23-74F is the same recorder using

40 and 7000 Hz for a similar group of
measurements. A record/playback frequency

response

is

shown

in

Fig.

23-74G.

One of the attractive features of
magnetic recording is that it is inherently free of even -harmonic distortion.
The magnetic characteristic is not necessarily linear but is symmetrical for
opposite directions of magnetization. In
practice, however, wave analysis of the
playback of a sine -wave recorded from
a distortion -free source will frequently
show appreciable second and higher
even -order harmonic distortion. When
this situation is encountered, it is usually indicative of some malfunctioning
of the recording equipment.
If the amplifier system when measured by itself shows negligible distortion, it may he assumed that the observed distortion from the tape is being
caused by the recording process itself.
Distortion in the recording process
is caused by a direct -current component
or magnetization which prevents the recording heads from modulating the tape
around a point of symmetry. The asym-

metric influences may he clearly visualized at the recording head; but if the
erase head leaves the tape in a magnetized condition the same result can
occur. High harmonic distortion can, as

the measurements, a capacitor of 0.25
µF may be connected across the output

a rule, be traced to the erase, recording,

of the playback circuit, if the output is

coming in contact with magnetized tools,

of 600 -ohms impedance.

or to excessive transient currents gen-

Fig. 23-74D depicts the record/playback harmonic distortion measured on

erated in the switching circuits. Magnetization of the heads can also occur

magnetic -tape

from leaky coupling capacitors, permit-

recorder to show the total rms harmonic distortion for different values of

ting direct current to flow through the

a

professional

1/4 -inch

bias current. The bias current was measured by connecting a 1 -ohm resistor

or reproducing heads magnetized by

head in question.

If no direct current is present, then
the observed distortion may be caused
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by high distortion of the bias oscillator
waveform or a badly overloaded recording amplifier.

External stray de
fields will also have the same effect ns
a direct current through the head circuit.
To test for the existence of an asym-

metrical field, a small permanent magnet is held near the recording head If
a given position of the magnet causes a
reduction of the even -harmonic distortion, the polarity of the magnet is noted.
The polarity is reversed, and the distortion measured again. If the distortion

stant-amplitude, constant -velocity recording characteristic (see Question
14.G) is shown in Fig. 23-75A.
The usual manner of reading a light
pattern is to view it in sunlight or by
means of a small light located some
distance away from the disc so that the
light rays strike the disc nearly parallel
to its surface. The pattern is then observed from a distance of about 4 feet,

using one eye, or it may be photographed and read. Light patterns are a
simple and effective means of making
an overall calibration of a recording

value is increased or decreased, second is indicated. The
heads should be demagnetized by using
a degausser as described in Question

harmonic distortion

,Okrot

gin

17.90.

Bug

It will be noted that when the source
of distortion is removed, the signal-tonoise ratio will be increased.

71.41

9i5,

23.75 Describe the procedures for
recording disc -record light patterns and
their measurement. - The making of
light patterns for plotting the frequency
characteristics of cutting heads and

5tos
041
31.kis

2 is!

disc -recording channels was first devised by Buchman and Meyer. Light
patterns are recorded by applying frequencies of constant amplitude to the
recording channel and then recording
them on a disc record. Each frequency
is recorded for approximately 10 seconds with an unmodulated groove of

45005.
0200.4.
500 Ho

2505:

as,,.
SON:
SCSI

5 seconds between each frequency. The
recording is started with the highest

frequency on the outside of the record
to reduce the effect of lower groove
velocities at the smaller diameters. A
typical light pattern made with a magnetic cutting head using a modified con -

Fog. 23-75A. Typical monophonic light
pattern mode with a magnetic cutting
head using a modified constant-ansphrude,

constant -velocity recording char-

acteristic IRIAA. Speed 33' I

rpm.
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Fig. 23-750. Frequency response of a magnetic cutting head plotted from measurements of frequency -band amplitudes.
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or

checking

the

frequency

characteristics of a cutting head. The
theory of the light pattern may be explained as follows. At the center of the
pattern, an unmodulated groove makes
an angle of 90 degrees with the incident

ray and reflects a beam of light to the
eye. Other parts of the groove appear
dark. When the groove is modulated,

reflections are visible despite the departure of the groove axis from the
90 -degree direction. A point will exist
on each waveform where the angle due
to the modulation cancels the 90 -degree

angle because of the change iu mean
direction.

Again, for a short distance within
each waveform, the groove is at the

Fig. 23-75C. Monophonic light pattern of a pre -equalized recording channel showing
the results of either improper equalization or improper cutting -head frequency response. Pattern mode at 331/4 rpm.

Fig. 23-75D. Monophonic light pattern of a cutting head mode at 78 rpm showing o
midrange frequency peak and a loss at the high frequencies. The response from this

head would be accentuated in the midrange frequencies with a loss at the high
frequencies.
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R/C NETWORK
1
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ATTENUATO
OSCILLATOR
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CUTTING
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RECORDING

a

AmPLiFIER
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Fig. 23-75E. Circuit for measuring the frequency characteristics of a magnetic cutting head. The RC network is the normal recording network specified for the head.
SO -degree position or parallel to the

tangent at the center of the pattern. At
a given distance from the center, the
groove angle becomes so large that the
cancellation of angles no longer occurs.
This is the edge of the pattern.
As

the

groove

diameters

become

smaller, the mean curvature increases,
but the waveforms are becoming shorter

and the modulation slope for a given
frequency and amplitude increases in
the same proportion. Thus, the width

of the pattern

is

not affected by the

changing groove diameter. A light pattern is principally a method of com-

paring the width of various frequency
bands with each other, one band being
a reference frequency. Light patterns
may also be measured by playing back

the pattern using a magnetic pickup.
The results are plotted as frequency
versus decibels as for any frequency
characteristic. The width of the pattern
is proportional to the voltage output
from a constant -velocity pickup. If the
amplitude of the frequency bands is
measured mechanically, either by pho-

tographing or by viewing, variations
from the reference frequency may he
plotted in decibels:
A,

dB - 20 Log,. where,
A, is the reference frequency,

A, is any frequency of interest.

A light pattern recorded using a modified

constant -amplitude, constant -ve-

locity recording characteristic will show
whether the velocity is constant, by its
having straight sides between the turn-

over frequency and the highest frequency at the outside of the disc. Below

the turnover frequency, the frequency

using a modified constant -amplitude,
constant -velocity recording characteristic and is typical of a well -adjusted
cutting head. The recorded frequencies

are indicated at the left of the pattern.
The reference frequency is 1000 Hz, and
the turnover frequency Is 500 Hz. Variations in the amplitudes of the fre-

quency bands are due to slight variations in the frequency response of the
head. The variations are in the order
of a few tenths of a decibel.
Fig. 23-753 shows a light -pattern
frequency characteristic plotted from
information obtained by measuring the
amplitudes of the frequency bands. The
reference frequency is 600 Hz.
If the frequency response of a cutting
head appears to be satisfactory, a second pattern may be made of the complete recording channel to determine
whether the recording characteristic
(including the equalization) is correct.
This is made in a manner similar to that
used for the cutting -head light pattern,

except that the equalization normally
employed during recording is left in the
circuit.

A light pattern made using pre equalization in the recording circuits is
shown in Fig 23-75C. It may be seen
the frequency response is not correct
because the high frequencies fall off
quite rapidly. To be correct, the high
frequencies should continue to increase
in amplitude.
Fig. 23-750 depicts a light pattern of
a cutting -head response at a speed of 78

rpm. In this pattern, the middle frequency range is increased while the
higher frequencies drop off, resulting in
a peaked frequency characteristic.
Some difference must be expected in
the frequency response of a cutting

characteristic slopes off at a rate of 6 dB
per octave, if amplitude is constant.
(See Question 14.6.)

Therefore, a compromise is made if it

The light pattern in Fig. 23-75A was
made with a magnetic cutting head

Recording characteristics may vary
with different styli. Therefore, the styli

head made at speeds of 331,', and 45 rpm.

is to be used at both speeds.
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should be spot checked by recording a
reference frequency band, then one at
the high frequencies and one at the low
frequencies.

The circuit for making a light pattern
of the frequency response of a cutting
head is shown in Fig. 23-75E. Only the
recording amplifier that is normally
used and the RC network permanently
connected in the cutting head are used.
The initial recording level is set to the
reference frequency (100 -percent modulation) and all other frequencies to be
recorded are sent into the recording

amplifier at the same amplitude. The
amplifier must have a uniform frequency response to slightly below and
slightly above the frequency range to

be recorded by the head in order to
prevent frequency

variations

in the

light pattern due to frequency discrepancies in the amplifier.
When a light pattern of a complete
recording channel is to be made using
pre -equalization in the recording circuits, the initial level (100 -percent

modulation) must be set at the ampli-

going characteristics may be recorded,
provided

the

reference frequency

is

taken at the point of maximum equalization for the two forms of equalization
to prevent damage to the cutting head.
Although the described light patterns
were made using a monophonic cutting
head, the procedure is the same for
stereophonic light patterns. Corrections
to the frequency response are made by
adjustment of the negative feedback in
the stereo cutting -head driving amplifier. (See Questions 14.2, 17.228, 18.330,
and 18331.)
23.76 What is the procedure for

measuring turntable rumble and high frequency noise?-The NAB Standard
of March 1964 specifics that for a monophonic disc reproducing system, the
low -frequency noise (rumble) gener-

ated by the turntable, pickup, and preamplifier, when playing back an essentially rumble -free silent groove, shall
be at least 40 dB below a reference level
of 1.4 centimeters per -second peak velocity at 100 Hz. The electrical response

tude of the highest equalized frequency.

of the preamplifier is to conform to the
standard NAB reproducing curve (Fig.

If this precaution is not observed, the
cutting head will be overloaded and

13-95), and as Question 13.103.
The test circuit in Fig. 2.3-76A is used.

possibly damaged.
If the recording

The test amplifier and indicating meter
channel

is

pre -

equalized to complement the RIAA and
NAB Standard (17.17 dB at 15,000 Hz)
this frequency is used as the reference

are

to have uniform response withiu

plus or minus 1 dB between 10 and 250

maximum amplitude, all other frequen-

Hz, with 500 Hz being 3 dB below the
100 -Hz response, and an attenuation
rate of at least 12 dB per octave at frequencies above 500 Hz. The amplifier

cies will be lower in amplitude. However, if the recording channel and cut-

and meter are to decrease at the rate of
6 dB per octave below 10 Hz. The meter

ting -head characteristics are correct, the
pattern will appear on the disc as would

is to have the ballistics of a standard

frequency. As this frequency has the

the RIAA frequency response of Fig.
13-95.

VU meter. If the meter fluctuates, maximum values are to conform to this requirement. The pickup -arm resonance

Since the advent of hot -stylus re-

must fall outside the passband or be

cording (see Question 15.59) the problem of getting the correct frequency response on the disc has diminished.
If diameter equalization is used, it is
measured separately and added algebraically to the characteristic of the
cutting head.

sufficiently damped as to not affect the

An overall pattern of the two forePREOJIP

measurement.

The measurement reflects the electrical effect, not the aural annoyance
value, of low -frequency noise. Experi-

ence indicates that a strong low -frequency noise (rumble) at a frequency
below audibility will cause severe inFilTER
/31.

4.1e

VM

0

Fig. 23-76A. Test circuit for measuring low -frequency noise (rumble) of a turntable.

AUDIO -FREQUENCY MEASUREMENTS

0 521/F
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Filter for measuring the

relotive rumble loudness level
!after Sourer).

RRLL)

termodulation products to be generated
and is more serious in a wide -range
reproducing system than is an audible
low -frequency noise. The reference
level of 1.4 centimeters per second at
100 Hz corresponds to an amplitude of
7 centimeters per second at 500 Hz: thus,

this falls in the constant -amplitude section of the recording characteristic.

As a rule, the rumble or low -frequency noise developed in

below 500 Hz. The response at 15,000 Hz
is to

a

0
Fig.

1481

a

profes-

sional turntable will he at least 50 dB
or more below the signal. Rumble can
generally be traced to bearings, gears,
motor -drive systems, pucks, and motor
vibration. Rumble will be greater at the

larger diameters than at a smaller radius. The waveform error of the amplifier measurement must be negligible
down to 10 Hz, as rumble frequencies
are of steep wavefront configuration
and fall below 20 Hz.
High -frequency noise is measured on
a flat velocity basis over a range of 500
liz to 15,000 Hz, and it is to 1)e at least

55 dB below the level obtained under
the same conditions of reproduction.
using a reference tone of 1000 Hz, recorded at a peak velocity of 7 centimeters per second. The response of the
measuring system at 500 Hz is to be 3

be 3 dB below the response at

1000 Hz, and then to fall off at a rate of
12 dB or more, above 15,000 Hz.
For stereophonic noise measurements,
the electrical requirements for the mea-

suring equipment are the same, except
that the low -frequency noise (rumble)
is to be not less than 35 dB below a reference level of 1 cm per second peak
velocity at 100 Hz in either plane of
modulation. This corresponds to an amplitude of 5 centimeters per second

peak velocity at 500 Hz, operating in
the constant -amplitude portion of the
recording characteristic. High -frequency noise is to be at least 50 dB below 100 Hz, at a peak velocity of 5 centimeters per second.

A method of measuring turntable
rumble, suggested by Baurer of the
CBS Laboratories, includes the use of a
filter network which compares the level
of a 1000 -Hz, 5 em/s rms lateral tone
on a test record with a level of the
turntable rumble weighted with a 6 -dB

per octave network having a 500 -Hz
turnover point. This conforms to the
NAB practice of attenuating frequencies above 500 Hz at the rate of 12 dB
per octave

to

eliminate the surface

noise. The configuration of the relative
rumble loudness level (RRLL) is given
in Fig. 23-76B, and its frequency characteristic is shown in Fig. 23-76C. The
procedure for such measurements follows. The system is first adjusted for
the conventional NAB-RIAA frequency
response, and the output of the system
is set for a convenient level indication,
using a 1000 -Hz test frequency with a
lateral displacement of 5 cm/s rms.

0
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Fig. 23-76C. Frequency response of filter network for measuring relative rumble
loudness level I after Bourer).
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After noting the level, the network is
inserted in the circuit, terminated, and
the output voltage again is read using
an unmodulated groove. The ARIL may
now be computed as 20 Log. times the
ratio of the two voltages.
For stereophonic reproduction, two
readings are required: one with the
pickup connected for lateral reproduc-

tion and the other with the pickup in
the vertical mode. The total rumble is
then the square root of the lateral and
vertical voltages. The RRLL is the quotient of the overall rumble voltage and
the 1000 -Hz tone voltage expressed in
decibels. It is important that the net-

work be properly terminated at both
the input and output sides.
23.77 What is an N -A beam test
record?-A special test record developed
by the Cook Laboratories for testing the
percentage of intermodulation distortion of a record reproducing system. II
the system has 2 -percent intermodula-

tion distortion or greater, the listener

will hear a code letter, N (-). If the
inter -modulation is less than 2 percent, a

letter A is heard (-).
The test record consists of two frequencies which sweep the audio band
while maintaining a constant 1000 -Hz
separation. One signal sweeps a coded
letter N signal from 19,000 Hz down to
3000 Hz, while the second signal (uncoded) sweeps from 20,000 Hz down-

ward to

4(000

Hz. During the sweep

period of the above frequencies, a 1000 -

Hz constant -frequency coded A, with
au amplitude of 2 percent of the average carrier envelope, is used as a reference for the 1000 -Hz difference between the two sweep frequencies.
If the intermodulation distortion is
2 percent, the 1000 -Hz frequency A predominates. Over 2 percent, the A signal
overrides the 1000 -Hz frequency and

becomes the letter N.
23.78 How is a cutting head stylus
tested for noise so as to obtain the
ratio? --- As
greatest
signal -to -none
shown ir. Fig. 23-78. A vtvrn is con -

nected across the cutting head. The recorder is started and an unmodulated
groove is cut while the noise generated

by the stylus as it cuts the recording
medium is observed. Many times a very
slight realignment of the recording stylus will reduce the cutting noise by
several decibels. The noise level be-

tween different styli may be measured
in a similar manner. It is not uncommon to find new styli with unacceptable
noise levels. It is common practice in
recording activities to make this test

at the outside diameter of the record
before each recording by switching the
necessary equipment into the circuit
before the start of each take.
23.79 How is the translation loss
due to decreasing groove velocity measured? -13y recording a frequency of
10,000 Hz of constant amplitude, starting at the outside diameter of the disc

and continuing down to the smallest
diameter normally recorded. The disc is
then played back and the signal level is
measured as the pickup travels across
the disc. The grooves at the outer edge
are used as a reference level. To obtain
a true measurement of translation loss
in the preceding manner, the signal to
the recording system must be carefully
maintained at a constant amplitude.
(See Question 13.49.)
23.80 How may the acoustical frequency response of a microphone be
measured if an onechoic chamber is not

availoblel-Unless an anechoic chamber is available, the true acoustic frequency response of a microphone cannot be measured. (See Question 2.83.)
However, if a standard microphone or
one of known frequency characteristics
is available and it is of the same design
as the one to be tested, a comparison
measurement may be made, which, for
all practical purposes, will be acceptable. The equipment for measurement is
set up as shown in Fig. 23-80A.
A speaker of good frequency response and low distortion is supported
on a stand, with the microphone to be
used as a standard set at a distance of
about 12 to 18 inches from the speaker
and on the axis of the speaker voice coil.

The speaker is driven by an amplifier
of low distortion connected to an audio
oscillator and attenuator. A vacuum 23-78. Circuit used for aligning
recording stylus for the greatest signal-

tube voltmeter is connected across the

to-noise ratio.

maintain a constant input voltage to the

Fig.

output of the amplifier and is used to

1403

AUDIO -FREQUENCY MEASUREMENTS

vacuum -tube voltmeter or VU meter is

speaker diaphragm, the room acoustics
will have little effect on the frequency
response, because the majority of the
sound picked up by the microphone will

connected.

be direct rather than reflected sound.

speaker. The output of the microphone
is connected to a preamplifier, attenua-

tor, and voltage amplifier to which a

After a measurement of the standard
microphone has been made, it is removed and the microphone to be compared is connected in its place. A second measurement is then made in a
similar manner.
It may be necessary to increase or
decrease the gain of the voltage amplifier to obtain the same output level as
was used with the standard. If a large
group of microphones similar in design
to the standard is available, a comparison of their sensitivities may be made.
If the output level appears to be down
several decibels compared to the standard, it is an indication that the magnets may need recharging.

The measurement is started by setting the oscillator to 1000 Hz and adjust-

ing the level of the speaker output to
a plus 10 dBm. The voltage amplifier at

the output of the microphone is then
adjusted for a reading of 0 dBm on the

meter. This reading is then used as a
reference level. The desired frequencies
are applied to the speaker while a con-

stant voltage is maintained across the
output of the driving amplifier. The
variation an frequency response is read
at the output of the voltage amplifier
and is the frequency response of the
microphone plus the speaker and the
room acoustics. If the microphone is
placed within 12 to 18 inches of the
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Fig. 23-130A. Method for measuring the frequency response of a microphone using a
standard microphone for comparison.
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Fig. 234013. True curve of a dynamic microphone and a curve mode using the comparative method.
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Fig. 23-80C. Frequency response o two microphones measured using the comparison

method for determination.
Measurements plotted using the com-

parison method appear quite different
from those supplied by the manufacturer of the microphone. However, this
is of no particular consequence because
the suspected microphone is being directly compared to one of known quality. Any variations noted between the
standard and the suspected microphone
are an indication that the suspected microphone does not meet the characteristics of the standard. Under no circumstances should the frequency response
obtained using the comparison method

he construed as a true frequency response of either microphone.
In Fig. 23-80B is shown the true

curve (supplied by the manufacturer)
of a standard microphone of the dynamic type (moving coil) and a curve
of the same microphone plotted with the
comparative method of measurement. It
will be noted there is a considerable
difference in the characteristics between

the two methods of measurement. although the two curves are representative of the true characteristics. The
peaks and valleys of the comparison
curve are due to the microphone characteristics. room acoustics, and speaker
frequency response.
Fig. 23-80C plots the standard microphone of Fig. 23-80B and a microphone
suspected of needing repair. This microphone appears to have lost its sensitivity

at both the low- and high -frequency

be placed in the exact position the
standard microphone occupied, and the
levels to the speaker must be the same.
The acoustics of the room in which the

tests are conducted must not be disturbed by objects which would add to
or reduce the reflections as originally
measured using the standard microphone.

The results of the measurements are
plotted as shown. The graphs are then
laid over each other, and then 1000 -Hz

matched. The two graphs are
next placed over a light box or held
up to a light and the differences between the standard and the suspected
levels

microphone are compared.
23.81 How con a microphone be
tested for extraneous magnetic field

pickup?-By placing the microphone in
a large loop of wire excited by a source
of 115 -volt, 60-liz current as shown in
Fig. 23-81, to test the effectiveness of
the magnetic shielding used around the
impedance -matching transformer in the
microphone.

A coil of large diameter and small
cross section appears to be the hest
design for this type of test because of
the greater uniformity of the magnetic
field close to the center of the coil. This
assists in positioning the microphone as
the position is then less critical.

The measurement of magnetic field
pickup is made by placing a standard

ends.

microphone, or one of known sensitivity
to magnetic fields, in the exact center of

The principal points of importance
in making comparative measurements
are that the microphone under test must

the coil and rotating it for a maximum
deflection on a vacuum -tube voltmeter
connected across the output of the mi-
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FIELO COIL

VARLAC

SAC

ISOLATION
TRANSFORMER

75 TO POO TURNS

OF No 16 MIRE
5 FOOT DIAMETER

Fig. 23-81. Test for measuring the ac field pickup of a microphone.
crophone. The output of the microphone

a

is measured open circuit, by using a
vacuum -tube voltmeter with an input
impedance of
mcgohm or greater.
Other microphones are then placed in
the coil and their sensitivity to magnetic pickup compared to the standard

for such measurements must have
low harmonic distortion.
(b) Harmonic analysis-This measurement is made by the use of a

1

microphone.

This device is quite helpful when a
large number of microphones are to
he measured for magnetic pickup. The

intensity of the magnetic field picked
up by the microphone may be calculated as:

H=
where,

0.2rrNI
r

H is the magnetizing force in oersteds,

N is the nuinber of turns in the coil,
I is the current in the coil,
r is the radius of the coil in centimeters.

The magnetizing force of the test coil
should he kept between 0.10 and 0.50
oersted to assure that the field being
measured is that of the coil and not the

ambient field strength of the location
where the measurement is being conducted.

distortion -measuring set as described in Questions 22.62 and 22.63.
The audio -frequency oscillator used

harmonic wave analyzer, such as that
described in Question 22.65, con-

nected across the output of the amplifier. The amplitude of each individual harmonic generated within the
amplifier is measured relative to the
fundamental frequency. The total
harmonic distortion is then computed

in percent of the fundamental frequency.

(c) Interrnodulation distortion-Two
frequencies, one high and one low
and mixed in a given ratio, are ap-

plied to the input of the amplifier.
Sum and difference frequencies are
measured at the output of the amplifier with an intermodulation analyzer, as described in Question 22.129.

(d) Difference -frequency intermodulation-Two frequencies, one low and
one high and mixed in a ratio of 1:1,
are applied to the input of the amplifier and varied in frequency while a

In some instances, it might be advisable to excite the field coil with 120 or
even 180 Hz because this frequency is
many limes encountered around power
supplies and is the cause of considerable interference.
23.82 What ore the different meth-

constant

ods used for measuring the distortion of

wave having a fast rise time is ap-

an amplifier?-The distortion products
of an amplifier may be measured in
several different ways. They are:

plied

(a) Single -frequency harmonic distortion-A single frequency is applied to the input of the simplifier

and the amplitude of the harmonies
generated within the amplifier is
measured at the output by means of

difference

frequency

is

maintained between them. The sum
and difference frequencies in the amplifier output are measured by means
of an intermodulation analyzer, described in Question 22.133.
(e) Square -wave response-A square

to the input of the amplifier.
The distortion of the square wave
caused by passage through the amplifier is observed by means of an
oscilloscope. With a square wave applied to the input, both distortion and
transient effects may be observed.
Square -wave generators are discussed in Question 22.54.
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(f) Transient distortion - Transient
distortion is treasured by applying a
series of sine -wave pulses to the input of the amplifier as described in
Question 23 49. The efTect of these
pulses is observed at the output of
the amplifier by means of an oscilloscope connected across the load termination. The method given in the
IFH-A-201-1966 Standard
cussed in Question 23.208.

is

dis-

(g) Linearity-A signal of constant
amplitude is applied to the input of
the amplifier. The input level is increased in steps of exactly 1 dB. If
the amplifier is linear, the output
level will increase in steps of exactly

1 dB. At the level where the ampli-

amplifier is InereaNed to develop a given
output level, or power, at the output of
the

amplifier. The distortion

is

then

measured and tabulated as power output versus harmonic distortion. The
foregoing procedure is used for several
different output powers below the max-

imum rated power output and slightly
above the rated output.
The results of these measurements
are plotted as shown in Fig. 23-7G. The
same procedure is used for a recording
channel or other amplifying device.
However, in the instance of a magnetic
recorder, if the distortion is being mea-

sured while the machine is recording,
a 20 -kHz, low-pass filter must be connected in the output, as shown in Fig.

in

to eliminate the effect of the
high -frequency
bias current.
(See
Question 23.74 )
23.84 Show the waveform of an
overloaded sonata- and double -ended

Question 23.36 or by means of a step
generator described in Question

amplifier.-Fig. 23-84A shows the appearance of a 400-1Iz waveform in an

22.135.

overloaded, single -ended amplifier.

(h) Phase distortion-This measurement can be made several different
ways. The most common way is by
the use of a dual -trace oscilloscope,
a single -trace oscilloscope in combination with an electronic switch, or

will he noted the upper side of the

fier output does not increase 1 dB for
an increase of 1 dB at the input, it IS

departing from its linear characteristic. Linearity measurements may be

made by the method described

a phase meter as described in Question 22.108. Phase distortion can also

be measured using Lissmous patterns, as described in Question 23.111
23.83 What is the procedure for
making a harmonic distortion measure-

ment on an amplifierl-The amplifier is
connected as shown in Fig. 23-83. The
signal may be applied from an oscillator
and attenuator or from a gain set. The
proper input circuit is selected from
Fig. 23-14 or 23-15. The output of the

amplifier is terminated in the recommended load impedance.

A distortion -factor meter of any one
of the several different types described
in Section 22 and a VU meter or vacuum -tube voltmeter are connected

23-73,

waveform

is

It

flattened off while the

lower side, although driven into overload, is only partially flattened off. The
distortion of the amplifier was approximately 20 percent and contained principally even -order harmonics.
Fig. 23-84B is the appearance of a
400 -Hz signal at the output of a low -

wattage amplifier producing a power
output of 12.5 watts. The distortion was
approximately 12 percent and consisted
of odd -order harmonics. The waveform
in Fig. 23-84C is the appearance of the
signal in the cathode circuit for the
amplifier in Fig. 23-84B.

The trace in Fig. 23 -MD is the appearance of the distortion of a pushpull amplifier measured to show the
change in the linearity of the amplifier
as it is driven into overload. Although
this amplifier is overloaded, it is being
driven into overload in a symmetrical

across the output termination of the

manner; that is, it is being overloaded
by being driven into saturation and cut-

amplifier. The signal at the input of the

off by equal amounts. The distortion

Mi

I1/412

(i)TERriiNATION
OSCILLATOR

Fig. 23-83

I AMPLIFIER

DISTORTION
FACTOR
METER

Block diagram for measuring the harmonic distortion of an amplifier.
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ore indicated?-Even-order harmonics.
;See Fig. 23-84A.)
23.86 If a sine wove it flattened on

both peaks, what order harmonics ore
indicated? -Odd-order harmonics. ;See
Fig. 23-8411)
23.87 II two amplifiers, one haying

3 -percent harmonic distortion and the
other haring I percent, are connected in
tandem, is the total harmonic distortion
23-84A. Single -ended amplifier
driven into overload. Bias voltage high.
Fig.

Even -order harmonics arc indicated.

4 percent?

No. 'The distortion products
cannot be directly added. However, the
total distortion may be calculated, if the
percentages of the individual harmonics

are known. If the amplitude of the individual harmonics is measured using a
harmonic wave analyzer as described
in Question 2265, the total harmonic
distortion for the two amplifiers can be

Fig. 23-84B. Output signal of on overloaded

push-pull amplifier. Odd -order
harmonics are indicated.

computed. A more practical way is to
connect the two amplifiers in tandem
and measure the total harmonic distortion as described in Question 23.83
23.88 What is a weighted distortion

factor?-A harmonic measurement in
which the harmonics are weighted in
proportion to the harmonic relationship.
23.89

A
23-84C Waveform of a 400 -Hz
signal at the cathodes of on overloaded
push-pull amplifier.
Fig.

Fig. 23-840. Symmetrical overloading of
a push-pull amplifier. Curvatures of the
ends of the trace indicate odd harmonic
distortion, but the amplifier is being
driven equal amounts into saturation
and cutoff.

shown is approximately 5 percent. The
circuit in Fig. 23-92A was used to
obtain the trace shown.
23.85 If a sine wave is flattened on
one peak only, what order harmonics

-modulation

modulation.
23.90 What

is scale distortion?Frequency discrimination noted when
program material is reproduced at a

level

I

What causes

products in on amplifier?-When a tone
of constant amplitude is present with
one which is varying in both amplitude
and frequency, the constant -amplitude
tone is modulated by the second tone
and is distorted. This is called cross

greater or lower than that

at

which it was originally recorded. Scale
distortion may be corrected for by the
use of a loudness control, as described
in Question 5.65.
23.91
What oro combination tones?
--Combination tones lire frequencies

produced in

a

nonlinear device, such

as an audio amplifier, having an appreciable amount of harmonic distortion. Frequencies generated in the am-

plifier because of nonlinearity consist
of the original and sum and difference
frequencies between the fundamental
and the harmonic frequencies of the
original frequencies. This type of distortion is commonly known as inter modulation distortion and is described
in Question 23113 (Also see Question
22.129.)

23.92 Con on oscilloscope be used
for the measurement of harmonic distor-
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ATTENuATOR
AMPLIFIER

OSCILLATOR

V

I
Fig. 23-92A. Connections for measuring harmonic distortion using a cathode-ray
oscilloscope.

tion?-Yes, except it is rather difficult

point of the amplifier, the pattern will

to see small values of distortion unless
the oscilloscope has a magnifier for
spreading the image. As a rule about
3- to 5 -percent distortion is about the

appear as a straight line, as in (a) of Fig.

least that

can be seen on

a

5 -inch

screen. However for higher -order harmonics, this limit may extend downward to 3 or even 2 percent under certain conditions. It
highly important
that the vertical and horizontal amplifiers have equal phase -shift characteristics.

If this is not known, it should he

measured and corrected before such
measurements arc made. (See Question
23.110.)

To check harmonic distortion using
an oscilloscope, the oscilloscope is connected across the amplifier output load

termination. The gain of the amplifier
is increased to a point where the wave-

form shows the first indication of departure from the true sine -wave pattern. A frequency of 40 to 60 Hz is generally used for this test, although other
frequencies may be used, depending on
the circumstances.
A method of measuring harmonic
distortion with an oscilloscope is shown
in Fig. 23-92A. The vertical input of the
oscilloscope is connected across the amplifier load termination. The horizontal
input of the oscilloscope is connected to
the signal source ahead of the attenua-

tor network at the input of the amplifier. The internal sweep oscillator of the
oscilloscope is turned off.
For output levels below the overload

23-928, and leaning either to the left
or right, depending on the number of
stages in the amplifier. When a straight
line has been obtained at a low level by
adjusting of the oscilloscope controls,

the input signal to the amplifier is increased until the trace starts to show a

curvature at either top or bottom, or
both, as in (b) and (c) of Fig. 23-92B.

If the curvature is at the top of the
line (b) of Fig. 23-92B, even -harmonic
distortion is indicated, and if it is curved
at both ends (c) of Fig. 23-92B, odd harmonic distortion is indicated.
The only drawback to this measure-

ment is that it is difficult to judge the
harmonic distortion and, at
best, it is only an indication that distortion is present and consists of a given order harmonic.
23.93 What effect does a rectifier type meter hove on harmonic -distortion
measurements?-If, when making a harmonic -distortion measurement, a VU or
volume indicator meter employing a
rectifier element such as copper oxide
or selenium is used for setting the output level, the meter attenuator must be
turned to its highest setting after adjusting the output level. If this precaution is not taken, harmonic distortion
may be added to the measurement, resulting in erroneous values.
The added distortion is caused by the
percent

rectifier element clipping or squaring
off the peaks of the sine -wave signal
used for the distortion measurement. As
the squaring off of the sine -wave peaks
causes the generation of harmonics, the
total measured harmonic distortion is
increased. The effect of the meter may

Fig. 23-928. Distortion patterns seen on
an oscilloscope using the connections in
Fig. 23-92A. la) Initial adjustment. Ib)
Even -harmonic distortion. Ic) Odd -harmonic distortion.

be easily demonstrated by measuring
the distortion of a low -powered amplifier such as a preamplifier at all output

level of plus 4 dBm, leaving the VU
meter attenuator set to the plus 4-dBm
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a

plitude sound track, recorded to increase in 1 -dB steps from a fairly low
level to 100 -percent modulation of the
sound track. (Test films arc available
from the SMPTE.)
The output of the projection system
is terminated in a resistive load, and
the gain control Is set for a level ap-

higher level after adjusting the output
level inserts a higher value of resist-

proximately 10 dB below the maximum
rated power output level. The test film

ance in the attenuator network and isolates the rectifier element of the meter
from the output circuit of the amplifier.
23.91 New is the linearity of en
amplifier neeasuredT-By setting up the
amplifier as for a normal distortion
measurement, as described in Question
23.83. The output level is set for a value

is run through the projection system,
and the point of overload is observed
on an output meter connected across

approximately 20 dB below the rated
maximum power output. Loss is removed from the input attenuators in

overload point is that level where the
output does not increase 1 dB for an

position. A second measurement is made

the same output level, except this
time the VU meter attenuator is set to
its highest point, or around 30 dBm. It
will be noted the harmonic distortion
has been reduced by several tenths of
at

a percent.
Setting the meter attenuator to

1 -dB steps. For each step removed, the

output should increase exactly 1 dB.
This procedure is continued until the
removal of 1 dB (or less) results in a
change of 0.10 to 0.20 dB at the output.

The level where the amplifier just
starts to become nonlinear is the point
where the output does not increase 1

dB for a change of 1 dB at the input.
As a rule, this test requires an input
attenuator that may be varied in 0.10 dB steps to arrive at the exact point of
departure from linearity. (See Question
23.36.)

23.9S How ore the characteristics of
a motion picture projection system measured? --Special test films for both magnetic and photographic sound -track re-

producers are available for measuring
the frequency response, overload, and
distortion. These films are run through

the projection system, using the test
circuit shown in Fig. 23-95. Overload
is measured by using a constant-am-

the

resistive termination,

as

in

Fig.

23-95.

In a normal system, the output level
should increase in 1 -dB steps in a linear
manner up to the point of overload. The

increase of 1 dB from the test film. The
frequency response is measured as for
any amplifier system, using a test film
of the type described in Question 19.68.
23.96 What is the procedure for
measuring the frequency rhoracte r i rr ics

of a telephone or transmission lineThe line is terminated at both ends,
a balanced attenuator network
with 6 to 10 dB of loss. The purpose of
the pad is to snpply a solid termination
to the line and to isolate the measuring
equipment from the line. Frequencies
of constant amplitude are sent from an
oscillator at the far end of the line, as
in Fig. 23-96. After establishing a reference level at the receiving end, readings are made for each frequency and
plotted with reference to 1000 Hz.
If the line is to be equalized, series
resistance R of the equalizer configuration is adjusted for a uniform frequency
response The equalizer is always connected at the receiving end of line as
shown. Design of telephone -line equal -

using

'Al MTR.

PRA AMP
MAGILTIC

OiM

OR ORTiCk.
TEST FILM

Fig. 23-95. Test letup for measuring the frequency response, overload, and distortion
characteristics of a motion picture projection system for both magnetic and optical
sound track.
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Fig. 23-96. Circuit for measuring the frequency response of o telephone or transmission line.
izers is discussed in Questions 6.37 to

duction of an unwanted signal into one
circuit by another, causing interference.
Such interference is caused by inductive or capacitive coupling between circuits, as in Figs. 23-97A and B. Cross
talk may also be caused by leakage be-

pacitive coupling causes unbalance by
inducing an emf into another circuit by
virtue of the capacities existing between pairs 1 and 2 and ground, as
shown in Fig. 23-97B. The capacitance
to ground is shown by the two dotted
capacitors, C, and C. These two capacitors may be considered to be in series.
Therefore a voltage exists across each
capacitor. Assuming that the capacitors

tween pairs.

have

The strength of a magnetic field
around a wire varies with the square

drop across each is of the same magni-

6.43.

23.97
is

What is cross talk and what

its cousel-Cross talk is the intro-

of the distance from the wire. The mag-

netic held has the same waveform as
the current which is producing it. If
the current is alternating, the magnetic
field will also alternate. If the field cuts
an adjacent conductor, an alternating
emf will be induced in the second wire.
The magnitude of this induced emf will
vary inversely as the distance between
the two conductors. This is termed inductive coupling (Fig. 23-97A). Ca -

equal

capacitance,

the

voltage

tude but opposite in polarity.
In a second circuit, pair 2 is running
adjacent to pair 1. As shown, each wire
of its pair is linked by the field existing

at that point. The inner wire of pair 2
will have a stronger induced field than
the outer wire. This causes the inner
wire to be raised to a higher potential
than the outer wire, and this unbalance
of potentials causes cross talk in pair 2.
The unit for expressing cross talk is

the cross -talk unit (CU). As this unit
generally involves the use of small values of current, the values are multiplied

by 10' if the circuits are of equal im-

PAIR I

PAIR 2

Fig. 23-97A. Causes of inductive cross
talk.

pedance, using the ratio of the currents
in the circuits. When the circuit impedances are different, the amount of coupling is expressed by using the square
root of the power ratio between the two
circuits. Cross talk is directly propor-

tional to the amount of coupling, expressed in CU between circuits. The
greater the value of CU, the greater
will be the cross talk.
Coupling between circuits can also
be related to the strength of the signal
in the disturbed circuit and the power
in the disturbing circuit, by stating
the ratio of the two powers in decibels.
As this will result in a negative power
gain, it is stated as a positive value and
designated coupling

loss

in

decibels.

Therefore, coupling loss in dB is inFig. 23-978. Causes of capacitive cross
talk.

versely proportional to the amount of
cross talk.
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Fig. 23-97C. Relationship among Cu, dB, and dBx.
Cross talk is also stated in dBx,

which takes into account the interfering signal effect on a 1000 -Hz reference

signal. M a rule, cross talk measurements are made using a standard test
set employing a given weighting characteristic.

(See

Questions

2.93

calculating the loss of an audio -frequency line, neglecting the phase angle?

and

10.36.) The relationship between cross
talk and coupling in CU, dB, and dBx
is shown in the graph of Fig. 23-97.
a

cable pair?-About 40 dB below the
maximum signal level transmitted over
the line.
23.100 What is the equation for

dB = 20 Log,

Z. is the source impedance,
Z. is the terminating impedance,
Z,

transposed.
23.99 What

is

Thus, for a loop one -mile long having
a dc resistance of 4.02 ohms with a
250 -ohm source and terminating impedance, the loss is:
dB

PAIR I

in

20 Log..

250 + 250 + 4.02

504
20 Log,. 51fj0

20 Log,. 1.01

= 20 x 0.0043
= 0.086

the maximum cross-

talk keel that can be tolerated

is the dc resistance of the line in

ohms per loop -mile.

of the pairs as shown in Fig. 23-98. It
posed or crossed over. This induces a
greater emf in sections A and B. Similarly, a smaller emf is induced in wires
C and D. This makes the resultant emf
induced in the whole circuit nearly
equal. Because unbalance has been reduced, the cross talk is at a minimum.
In actual practice, pair 1 would also be

Z,,
Z, 4- 7,

where,

23.98 How is cross talk reduced in
transmission line?-By transposition

will be noted pair 2 has been trans-

Z,

a

2.14 L

Fig. 23-98. Reduction of cross talk by transposition of pairs.
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What is near -end cross -talk

23.101

and how is it measured? - Near -end
cross talk is interference between two
transmission lines which is propagated
in the disturbed pair in a direction opposite to that of the transmission of the

disturbing pair. If a signal is sent into
pair I at Station A in Fig. 23-101, and
the cross talk measured at Station A in
pair 2, it is called near -end cross talk.

23.102 What is far -end cross folk
and how is it measured?-Far-end cross

talk is interference which travels along
the disturbed circuit in the direction in
which the signal normally travels in the
circuit. To measure far -end cross talk,
the test signal is transmitted on pair 1

at Station A and the cross -talk level
measured on pair 2 at Station B as
shown in Fig. 23-102.

23./03

What effects does the type

of terminating impedance hare on a long
transmission line? ---Fig. 23-103 shows
the effect of terminating a long line

OSA

with two different values of terminating impedances and the effect when the
line is terminated using a 600 -ohm pad

of 10 -dB loss at each end of the line.
The best characteristic is obtained when

Fig. 23-101. Measuring near -and cross
talk in a cable pair.

the line is terminated using the pads,
as may be seen by the wide variation
of impedance when only a terminating
resistance is used.

Terminating the same line with a
6 -dB pad resulted in the impedance
rising to 700 ohms at 50 Hz and dropping to 450 ohms at 10,000 Ilz (not
shown).
23.104

What is the purpose of phas-

ing en amplifier and how, is it accornplished?-1t is the practice in large in-

Fig.

23-102. Measuring far -and cross
folk in a cable pair.

stallations such as recording and broadcast networks to completely phase the
system from the microphone to the
transmission line or recording equip-

ment. This is particularly important in

1400

1200

--6005. TERM
-- 1505. TERI.
4-0 1045 PS060046
DC 115.5151ANCI 540a

X SOD
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400

o20

30

50

100

Mr
2145 3550
500
iREODENCY la HERTZ

200 300

55545

101041

201.14r

Fig. 23-103. Characteristic impedance of a long line when terminated using a pad
and a terminating resistor.
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HEADPHONES

23.105 How is a complete recording
system checked for phosingT-By applying an unsymmetrical waveform to the

input of the system and observing the
waveform at the output of the system
by means of an oscilloscope as shown
Fig.

Amplifier connected for

23-104.

phasing input and output circuits.
a system employing optical film -recording systems using noise -reduction am-

plifiers. Phasing the various units of a
transmission system facilitates patching

of equipment, with the assurance that
equipment may be substituted in an
emergency without running a complete
test to determine whether the system is
functioning properly.
Amplifiers may be tested for phasing

by connecting the input and output
terminals in parallel with a set of headphones as shown in Fig. 23-104. If a
high-pitched squeal or no sound is

in Fig. 23-105A.
In an optical recording system used
for the recording of speech, it must be
so phased that the noise -reduction sys-

tem of the optical film recorder is at
its position of maximum opening when
the long side of the pressure wave
(acoustic) at the microphone is applied
to the light modulator. This is particu-

larly true for a variable -area film recorder, because if this is not observed,

the peaks of the modulation may be
clipped.

The most practical way of phasing a
recording channel is to place a common

door buzzer in front of the microphone
and observe its waveform on an oscillo-

heard, the amplifier input and output
are out of phase. If a low -frequency
motorboating type of sound (putt -putt)
is heard, the amplifier is in phase. Out of -phase conditions may be corrected

by reversing the leads to either the
input or output, but not both. When
proper phasing has been established.
the upper terminals of both the input
and output are marked with a plus -or minus sign

WYTYTTYTTMMTTYYTITTY
1111111111111111111114111
Fig. 23-105B. Nonsyrnmetrical photographic sound track used for phasing
sound heads and recording systems.

BR, DOING BUS
TERMINATION

MIXER
NAG
RECOR

OPTICAL
BOOSTER
AMP.

REPRO

MAGNETIC
REPRO

--II-

(0 RECORDING
ARP

It
FILM

MDR

.6

INC

BUZZER

NOISE REDUCTION
AMPLIFIER

Fig. 23-105A. Procedure for checking the phasing of a recording channel. The distorted image of the buzzer at the microphone, or a distorted sound track must all
appear to have the same phasing from points A to D.
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scope connected at the output of the
system. If the waveform is not sufficiently unsymmetrical, the adjusting
screw on the buzzer is turned until the
waveform on the oscilloscope appears

similar to that in Fig. 23-105A.
With such a waveform applied to the
microphone, the pressure wave (when
the microphone diaphragm moves inward) will be in the correct phase. The
noise -reduction amplifier is phased by
reversing the audio input leads to obtain a maximum opening when the light
modulator
modulation.

is

deflected

to

80 -percent

To phase a group of optical soundtrack reproducers, such as arc used for

rerecording, an optical sound track of
1000 Hz and of nonsymmetrical waveform is required.
This nonsymmetrieal sound track can
be made by connecting an oscilloscope
across the output of a single -ended amplifier and overloading the amplifier
until a nonsymmetrical waveform is
obtained, as shown in Fig. 23-105B. The
distorted waveform is recorded on a
photographic film recorder at 80 -percent modulation. Since only the negative will be used, no prints are made.
The distorted sound track is repro-

duced on each sound head in the installation, while the attitude of the
waveform is observed on an oscilloscope
connected across the bridging bus. The

attitude of the waveform must he the
same for each sound head; that is, the
peak of the distorted waveform should

be either above or below the oscilloscope reference line for all machines.
The attitude of the waveform may be
reversed by interchanging the leads
from the photocell -amplifier output.

It is equally important that magnetic
recording and reproducing equipment
be in phase with the optical equipment.
This is necessary to ensure that when
magnetic sound tracks are transferred
to optical, the signal voltage will be of
the correct phase to open the noise reduction equipment to its maximum,
relative to the long side of the waveform.

To accomplish this latter phasing
operation, the distorted optical sound
track is played back and a magnetic
sound track recorded. This sound track
is then played back on each magnetic
reproducer. The waveform must be of
the same attitude as that of the optical
reproducers. If not, the phase may be
reversed by turning over the lead to the
magnetic reproducer head, or the leads

at the output of the reproducer amplifier, but not both.
The magnetic recorders are phased

by playing hack the magnetic sound
track from a reproducer known to be in
phase with the optical sound heads. If

the waveform from the magnetic recorder is reversed, it may be corrected
by reversing the leads to the recording
head or the input of the recording
amplifier.
As a final check, the distorted 1000 -

Hz sound track is again played back
from an optical reproducer and the
oscilloscope patched to the output of

each individual piece of equipment in
the system. The waveform must have
the same attitude for each piece of
equipment. If the channel is also used
for dialogue, the microphone input must
be phased to correspond. This is accom-

plished as described in the beginning
of this Question.

PREAMPLiriER

'ERWIN
OSCILLOSCOPE
A,ION
!RESrslOR

Fig. 23-106. Phasing procedure for monophonic mixer console.
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Amplifier phasing

is

accomplished

as described in Question 23.104.
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bridging buses are set for plus 14 dBm.
Before starting the tests, precautions

The polarity of the oscilloscope can
be determined by the used of a flashlight cell as described in Question

must be taken to ensure that the four

23.192. The polarity of the oscilloscope
must he maintained the same throughout the phasing operations.
As a rule, most professional recording equipment is phased in advance by
the manufacturer and, if the polarity
markings are observed at the input and
output terminals, the system will automatically be in phase.

A suitable network with

23.106

How

are

mixer

networks

phosecH- Mixer networks are first
wired in phase; that is, the mixer pots
and associated equipment are phased
by color code, making certain that the
grounds are connected to the same sides

of the circuits. After the wiring has
been completed (unless the network includes a coil), it should be possible to
buzz from the ground terminal of each

input to the ground side of the output
circuit.
If the mixer network includes transformers, it is phased using the techniques outlined in Question 23.105. (See
Fig. 23-106.)

Mixer inputs must be in phase with
each

other;

otherwise,

microphones

which are in phase will be out of phase
when used close to each other, resulting in a loss of level and increased distortion. The phasing of microphones is
further discussed in Questions 4.84 and

branches of the combining network and
its patch cords are in electrical phase.
a

600 -ohm

impedance is given in Fig. 23-107B.
The tests are started by opening
mixer control 1 to a position where the
levels at bridging buses 1 and 4 (composite) indicate a plus 14 dBm. Leaving
control 1, set control 5 (section 2) for a
plus 14 dBm at bridging buses 2 and 4.
The signal level at bus 4 will increase
slightly or remain essentially the same.
If the level at bus 4 decreases, the sections are out of phase with each other.
Applying the test signal to controls 2 to
4, and 6 to 8, in turn, will determine if
the turnover is in a single control, or if
it is a complete section. If a control or
section is found to be out of phase, the
difficulty must be corrected before continuing the tests. The test signal is now
applied to inputs 1 and 9 in section 3,
and similar group tests for phasing are
made.

The three sections are now tested by

applying the test signal to mixer controls 1, 5, and 9. First, the level is set to
plus 14 dBm for section 1, then for sec-

tion 2, and finally for section 3. If the
three sections are in phase, the signal
will increase at bus 4 as each section
input is opened. With the three sections
operating, the signal will increase from

2 to 4 dB (above 14 dBm), with slight

4.85.

fluctuations because the different phase

23.107 Describe the procedure for
phasing a multiple or split -section mixer

delays between the sections, cause a
beat between the three signals. This is
quite normal. If the sections are out of
phase, the level will decrease when the

network.-For multiple or split -section
mixer networks phasing of the individual sections and their components is
essential for proper operation. Suppose
that a three -section mixer network, descrihed in Question 9.47, is to be phased.
Refer to Fig. 23-107A. a simplified dia-

gram of the mixing network. It will be
assumed that the components have been

phased by observing color codes and
terminal markings, amplifier gains have
been adjusted, and all equalizers and
filters have been keyed out of the circuit. An oscillator test signal of 400 Hz
is applied to mixer controls 1, 5, and 9,
through a resistive combining network
consisting of four branches. Mixer controls 1 to 12 are turned to their off positions (maximum attenuation). The attenuators of the four VU meters at the

out -of -phase input is opened.
After completion of the phasing tests,

the oscillator is set to a frequency in
the center of the passband of each filter
and the filters are keyed in and out of
the circuit. Some small irregular action
of the meter across bus 4 may be expected as the three sections are tested
together since the delay time is slightly
different for each filter section. Equalizers, however, present a somewhat different problem. Although each equalizer may be set to the same frequency
and value of equalization, because of
manufacturing tolerances a slightly different phase shift is presented to bridging bus 4, and a beating effect will be
noted.
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characteristics for each
amplifier.
With older -model oscilloscopes, the
phase -shift characteristics were not alphase -shift

ways the same, and therefore phase shift measurements were made by connecting directly to the deflection plates
inside the tube. However, unless con150 0.

Fig.

23-107B. Combining network for
phasing tests.

It should be remembered that when
the mixer network is being used the
three sections are independent of each
other. This is important, since each sec-

tion must be in phase within itself and
in phase with respect to the other sections. If not, cancellation will affect the
recording of single tracks from bridging bus 4, as all three input sections of
the network feed this bus through the
combining networks at the input of amplifier 28. This is the reason why the
three head tones (one for each track)
when applied to a three -track recorder
are recorded in sequence rather than
simultaneously. If they were recorded
simultaneously, the level at bridging
bus 4 would vary from 2 to 4 dB with a
beat effect between the three tones. The

tone would then be useless for setting
future levels, such as could be required
for transfer or for the matching of additional sound tracks.
How ore stereophonic mixer
23.108
networks phasedl-The same general
procedures as outlined in Questions

23.106 and 23.107 are followed. Each individual channel must be in phase
within itself and in phase with the

other channels. The best procedure to
follow after the wiring has been buzzed
out is to apply an unsymmetrical waveform to the input of the channel and to
check the phasing at each individual
component. Alter installation, each
channel is to be checked against the

siderable signal voltage is available,
this method is not recommended.
23.170
How ore the phase -shift
characteristics of an oscilloscope measured? - When phase -shift measure-

ments are made on an unknown piece
of equipment, both the horizontal and
vertical amplifier of the oscilloscope
being used for the measurement must
have the same phase -shift characteristics. If the phase -shift characteristics

are unknown, they may be measured

by connecting the inputs of the two
amplifiers in parallel, as shown in Fig.
22-110.

First, the signal is applied to the
horizontal amplifier and its gain is adjusted for a convenient deflection of
the signal (6 centimeters pk-pk) with

the beam centered on the graticule ver-

tical and horizontal lines. Leaving the
gain control set, the signal is then applied to the vertical amplifier, and its
gain control adjusted for a similar deflection. The signal is then applied to
both amplifiers simultaneously. If the
amplifiers have similar phase shift, the
display will be a 45 -degree straight
line. The amount of phase shift in degrees can be determined as discussed
in Question 23.111.
If the oscilloscope is of dual -trace

design, the two traces may be superimposed, one on the other, and compared. This same measurement should
be made at various settings of the input

attenuators, and for both the vertical
and horizontal attenuators, particularly
for the positions of high attenuation. As

other channels, the several sections
being checked for similar phasing.
23.109

O

OSCILLATOR

What precautions must be
0

observed when making phase -shift mea-

surements with on oscilloscope?-lf the
internal amplifiers of the instrument
are to be used, they must have identical frequency and phase -shift charac-

teristics. As a rule, the manufacturer
states in the instruction manual the

0

t
23-110. Connections for checking
the unknown phase -shift characteristics
of an oscilloscope.
Fig.
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Fig. 23-111A. Block diagram for measuring the phase shift of an amplifier by using
the internal amplifiers of a cathode-ray oscilloscope.
rule,

a

in modern

oscilloscopes

the

phase shift between amplifiers is 1 degree or less.
23.111 How is the phase shift of an
amplifier measured with an oscilloscope?
-The amplifier is connected to the vertical and horizontal amplifiers of an
oscilloscope, as shown in Fig. 23-111A.

With the sweep circuit off, the measurement is started by sending a 400 or 1000 -Hz signal from the oscillator
into the amplifier and adjusting the gain

for a given output level. The vertical
amplifier of the oscilloscope is turned
to its off position and the horizontal
gain is adjusted for a convenient de-

(the larger, the better). The
signal to the horizontal amplifier is removed without disturbing the controls.
The signal from the oscillator is now
applied to the vertical amplifier and
the vertical gain is adjusted for exactly
flection

oscillator from a low to high frequency
will generally tend to increase the in phase

shift.

Fig. 23-1118 shows a typical elliptical display arrived at with the method
given for calculating phase shift. If the
width of the display is measured along
the horizontal line indicated A and the
vertical line B, the phase shift for the
pattern shown is:

Sint'_=A
B

6.8

8.0

0.85 = 121.5

It will be noted that when phase -shift
measurements are made with an oscilloscope, two displays arc obtained for
each degree of phase shift. The question then becomes one of determining
whether the shift is lagging or leading.
This may he determined by inducing a
small amount of phase shift in series
with the lead from the oscillator out-

the same deflection as was used for the
horizontal circuit. Both signals are now
applied simultaneously to the horizontal and vertical amplifiers. The result is
a 45 -degree diagonal -line display.

put. As an example, a 40 -degree ellipse

For a condition of zero phase shift,
the line is straight and of normal width.

as delay is added.

As the phase shift increases the line
will separate into two traces until it
becomes an elliptical or circular pattern. Changing the frequency of the

will become rounded and tend to become a circle as the induced delay is
increased, while

a

similar 320 -degree

pattern will shift toward a straight line
When the initial measurements are
made, the delay component in the leads

from the oscillator must be out of the
circuit; otherwise, the phase -shift display will be in error. The induced delay

is used only for determining the final

s

Fig.

soi:1teioes
o uis

23.1118. Phase displacement between two signals.

phase angle. Each time the frequency
of the oscillator is changed. both the
vertical and horizontal deflections must
be rechecked and the beam centered.
If the oscilloscope amplifiers are within
1 -degree phase shift of each other, the
measurements are easily made.
23.172 How is phase shift measured

using a calibrated phaseshilt network?
-The equipment is connected as shown
in Fig. 23-112. The signal is applied to
the phase -shifting network and then to
the input of the amplifier. The oscilloscope is adjusted as described in Ques-

AUDIO -FREQUENCY MEASUREMENTS

1499
TERM

CAL SRATED

PnasE - star T

Ai>

T *ORA
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Phase -shift measurement using a calibrated phase -shift network.

The output of the amplifier is ter-

Lion 23.111. After the pattern on the oscilloscope is obtained, the phase -shifting

minated and connected to the input of

network is adjusted to bring the pat-

the

tern to zero phase shift. The phase shift
may now he read directly from the cal-

ibrated dial of the phase -shifting network.
This method of measurement is con-

siderably faster than that described in
Question 23.111, particularly if a large
number of measurements is required.
A given measurement is good only for

a given output level of the amplifier
under test. Each time the level is
changed, the oscilloscope will require
readjustment.
23.113 What is the procedure for
measuring the intermodulation distor-

tion of an amplifier? -The amplifier is
connected to an interrnodulation analyzer, as shown in Fig. 23-1I3A and described in Questions 22 129 and 22.130.
The output section of the intermodulation signal generator is connected to the

input of the amplifier to be measured.
using a repeat coil If necessary. If a
repeat coil is required :t should be
measured individually to determine
whether it contributes any interrnodulation to the measurement. (See Question 23.114.) As a rule, the amount is
negligible and may he ignored.

intermodulation analyzer section.
The analyzer section is generally designed for bridging the output termination of the device under test to absorb
as little power as possible. However, in
some types of analyzers, the input circuit is designed to supply a 600 -ohm
power termination. This feature may be

checked by referring to the manufacturer's data sheet for the instrument.
The procedure for measuring the intcrmodulation distortion of a typical
amplifier is as follows: The signal generator section is set to the desired combination of frequencies, which, for this

discussion, will be assumed to be 40
and 2000 Hz in a ratio of 4:1; that is,
the low frequency is 12 dB higher in
amplitude than the high frequency. This
combination signal is applied to the in-

put of the amplifier at a level which
will result in the desired output level.
The gain of the analyzer is then advanced for the proper carrier -current
level, and the percent of intermodulation is measured in the manner described for the particular analyzer being used.

If a rectifier -type meter is employed

for measuring the output level of the
amplifier, its attenuator should be advanced (after the output level is set)
to a setting at least 10 dB higher than
the measured level. This will prevent
the rectifier element from affecting the
waveform of the output signal and adding to

the distortion. This subject of

rectifier distortion is discussed in Question 23.93. If a vacuum -tube voltmeter

Fig. 23-113A. Amplifier connected for

is used to set the output level, its attenuator may be left at any setting
without fear of affecting the measure-

intermodulotion distortion measurement.

ment.
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Equiv.

Level
(dB)

Impedance

Watts

+20.0
23.01
26.99
28.45
30 0
33.01
34.67
36.02
36.99
37 78
38.45
39 03
39.54
40.0
40.42
40.79
41.14
41.46
41.76
43.01
43.98
44.67
45.44
46.02
46.53
46.99
47.78
48.45
49.03
49.54

4

0.1

.519

0.2
0.5

.774

16

.734

1.04
1.47
2.32
2.75
3.28
4.64
5.68
6.56
7.34
8.04
8.68
9.29
9.84

1.04
1.64
1.94

0.7

1.16
1.37

1.0

1.64

2.

5.

2.32
2.84
3.28
3.67

2.32
3.28
4 02
4.64
5.19

6.

462

568

7.

4.34
4.64
4 92
5.19
5.44
5.68
5.91

6.14
6.57
6.96
7.34
7.69
8.04

G.14

8.68
8.98
10.4
11.6
12.7
13.7

3.
4.

8.
9.

10.
11.

12.
13.
14.
15.

6.35
7.34
8.20
8.98
9.70
10.4
11.0

20.
25.
30.
35.
40.
45.
50.
60.
70.
80.
90.
100.

50.0

8

11.G

12.7
13.7
14.7
15.6
16.4

10.4

10.9
11.4

11.8
12.3
12.7
14.7
16.4
18.0
19.4
20.8
22.0
23.2
25.4
27.5
29.4
31.1
32.8

8 3G

14.7

15.6
16.4
18.0
19.4
20.8
22.0
23.2

150

3.18
4.49
7.12
8.41
10.1
14.1
17.4
20.1

250

500

600

4.10
5.80
9.17
10.9
13.0

5.80
8.20
13.0
15.4

6.35
8.98
14.2
16.8

18.3

18.4

25.9
31.8
38.7
41.0
44.9
48.5
51.9
55.0
58.0
60.8
63.5

20.1
28.4

22.5
25.9
29.0
31.8

22.5
24.6
26.6
28.4
30.2
31.8
33.3
34.8
36.2
37.6
38.9
44.9
50.2
55.0
59.5
63.6
67.4
71.1
77.8
84.1
89.9
95.3
101.

34.3

36.7
38.9
41.0
43.0
44.9
46.8
48.5
50.2
58.0
64.8
71.0
76.7
82.0
87.0
91.7
101.
109.
116.
123.
130.

34.8
40 2
44.9
49.2
53.2
56.9
60.3
63.5
66.6
69.6
72.4

66.1
68.G

752
77.8
89.8
101.
110.
119.
127.
135.
142.

71.0
82.0
91.7
101.
109.
116.
123.
130.
142.
154.
164.
174.

156.
168.
180.
191.

201.

183.

Fig. 23 113B. Equivalent sine -wove voltage for interrnodulation measurements.
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Fig. 23-113C. Gruph for converting sine -wove power to equivalent power for two
frequencies mixed in a radio of 4:1. Equivalent sine -wove power equals sine -wave
power times 1.47.
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Gain -set terminations using an auto transformer in the receiving section

shonld not be used to terminate the

This new power level

is called

the

"equivalent sine -wave" power output.
As an example, an amplifier develop-

output of a device when intermodulation measurements are made, as they

ing 10 watts of power with two input
signals in a ratio of 4:1 will have an

intermodulation

equivalent sine -wave power output of
14.70 watts. The power output is then
plotted, using the equivalent sine -wave

often

add

distortion

due to overloading of the autotransformer core material. As a rule, a high wattage, vitreous, wirewound resistor

power output values, similar

to

that

will function quite satisfactorily for a

shown in Fig. 23-7E.

termination because its inductance is
small; therefore, it may he considered
to be noninductive.
The amount of low -frequency inter modulation distortion measured is gov-

For convenience of measurement, a
table of sine -wave power and equiv-

of 16 ohms and 600 ohms is given in
Fig. 23-113B. Fig. 23-113C shows the

erned by the frequency of the lowest

relationship graphically. It should

test signal, and the high -frequency distortion is governed by the frequency

pointed out there is no simple way of

of the higher signal. For amplifiers of
wide frequency range, 40 Hz and 7000
Hz are generally used. For medium frequency range, 60 Hz and 2000 Hz are
used; and for limited frequency range,
100 and 2000 Hz are used. The low -

frequency test signal should approximate the low -frequency cutoff frequency of the amplifier.
One of the most important points of
an intermodulation measurement is to
evaluate the developed output power
in terms of equivalent sine -wove power.
If this factor is not taken into consideration, the amplifier may easily be
rnisrated relative to its output power
capabilities. When an intermodulation

alent sine -wave power for impedances

be

expressing a mathematical relationship
between an intermodulation and a harmonic -distortion measurement. A rough
approximation indicates the ratio of
intermodulation distortion to harmonic
distortion falls between 3.2 and 4.0.
One of the advantages of an inter modulation measurement is that such
measurements can be made in the face

of considerable flutter, such as could

measure-

be encountered in the measurement of
a turntable or magnetic recorder. Inter modulation distortion in high -quality
amplifiers generally measures between
0.10 and 1 percent, and up to 5 percent
in a fairly good amplifier.
23.114 How may the intermodulation distortion contributed by a repeat
coil or transformer be measured?-The
cod is connected, as shown in Fig. 23114, between the send terminals of an
intermodulation signal generator and

ment. The power output is then calculated from the rms voltage developed

section. If the coil has a high -impedance

measurement is made, the input signal
level is adjusted for a value that will

result in the same output voltage for a
single -frequency

distortion

across the load termination. Using a 4:1

ratio for the test signals, the indicated
power is multiplied by a factor of 1.47.

the receive terminals of the analyzer
winding, it must be properly terminated
as shown. The send level to the coil
will depend on the purpose for which

INTER MODULATION
ANALYZER

INiERMOOuL ATION
SIGNAL
GENERATOR

(a) Repeat coil.
1

101I

TRANSFORMER

500.1

IN -ER -

MODULATION
SIGNAL
GENERATOR

los

60A,

605

INTER MODULATION
ANALYZER

(b) High -impedance transform cr.

Fig. 23-114. Circuits for mcosuring the intermodulation distortion of transformers.
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it

was designed

must

and

not

be

exceeded.

Output transformers should not be
this manner since they

measured in
are required

to

handle

considerable

power. Therefore they are measured in

the output of an amplifier similar to
the one in which they are to be operated. Input transformers are best measured connected in the input of a single -

tionship between the two types of
measurement.
23.117 Describe how intermodulo-

lion distortion is generated in a vacuum

tube.-Basically, the generation of intermodulation distortion in a vacuum
tube is similar to the
generation of
harmonic distortion as described in
Question 12.114. The difference between

stage amplifier of low distortion.
As a rule, a high -quality coil will

intermodulation and harmonic -distortion measurement is that the harmonic
measurement employs only one fre-

add little distortion to the measurement.

quency

Tests on typical repeat coils used for
transmission measurements reveal that,

with the coil in the circuit, the inter modulation distortion is increased approximately 0.01 percent.
23.115 How should the intermodulotion characteristics of on amplifier be
stated?- In the following form: The
amplifier has 1 -percent intermodulation
distortion at a power output of 10 watts,

using two frequencies of 40 and 2000
Hz mixed in a ratio of 4:1 (or other),
the amplitude of the low frequency
being 12 dB greater than the high frequency. The characteristic shown is
equivalent sine -wave power output.
23.116 How is intermodulation distortion related to harmonic distortion?
--A very rough approximation assumes
the relationship to be:

and intermodulation testing
makes use of two frequencies.
For illustration the intermodulation
distortion of a single -ended triode amplifier stage operating class -A with nor-

mal operating voltages and load impedance will be investigated (Fig. 23117A). Two frequencies of 40 and 2000
Hz, as shown in Fig. 23-117B, will be

Fig. 23-1178. Two frequencies of 40 and

2000 Ho in a mixed ratio of 4:1.

IM/HD = 32 for single -ended amplifiers

= 3.8 for push-pull amplifiers
An intermodulation measurement should
be considered to be a separate and dis-

tinct measurement of a certain type of
distortion and should not be compared
to

a

single -frequency

measurement.

There is no simple mathematical rela-

Fig. 23-1 17C. Distorted intermodulation
signal.

Lf
R

DISTORTED
IN T E RIAODUL AT ION

SIGNAL AT PLATE

TON OF
PLATE CURVE

75%
I

I

F

iNTERIA0OUL AT ION

TEST SIGNAL AT GRID

50%

25%

0

Fig. 23-117A. The generation of inter modulation distortion in a vacuum tube
operating on the nonlinear portion of the
characteristic curve.

Fig. 23-1170. Intermodulation spectrum
with sum and difference frequencies.
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Fig. 23-117E. Relation of intermodulation to harmonic generation.

used in a mixed ratio of 4:1. The ratio
of 4:1 is obtained by setting the low
frequency 12 dB higher than the high
frequency. It will be assumed the combined output signal of these two fre-

When in, (second harmonic) is small
in comparison to m, (low frequency),
and the ratio is 4:1, the theoretical Intermodulation percentage is 3.2 times
that of the second -harmonic percentage.

quencies is sufficient to drive the plate -

Where m, equals 4m:, the theoretical

circuit signal into the toe region of the
plate -current characteristic.
Because of the curvature of the toe
end of the transfer characteristic, the
symmetrical test -signal waveform will

intermodulation is 3.84 times that of the

percentage third harmonic for reasonably low values of distortion. Therefore:
percent intermodulation
percent 3rd harmonic

IM

be distorted at the output. Since the
low-freqnency component of the test
signal is of greater amplitude than the
high -frequency component, it

is

dis-

torted to a greater extent due to the
deviation in the slope of the transfer
characteristic. Thus, the high -frequency
component is modulated by the low

frequency at a rate of 40 Hz. Modulation of the high -frequency component
by the low -frequency component causes

a flattening off of the high -frequency
peaks in the output (Fig. 23-117C) and
a generation of sum and difference frequencies (Fig. 23-117D).
Percent intermodulation

distortion
may be defined as the ratio of the aver-

age deviation of the amplitude of the
high -frequency signal above and below

the mean value to a mean value expressed in percent. Any mathematical

relationship between readings of percent intermodulation and percent harmonic distortion must be made to only
a second or a third harmonic. Therefore:
IM

6m,"

where,

- (nu -from)*

m, is the amplitude of the lower frequency,

m- is the amplitude of the higher frequency.

For an average set of conditions, the
numerical relationship between percent
intermodulation arid percent harmonic
distortion lies somewhere between the
ratios of 3.2:1 and 4:1. A graphic relationship of these two types of distortion
is shown in Fig. 23-117E. The foregoing
discussion applies only to the SMPTE
method of measuring intermodulation
distortion.
23.118 If the power falls off appreciably at the low frequencies when
an intermodulation distortion measurement is being made, what component
should be suspectedl- As a rule, the

ontput transformer is the cause of low
power output at the lower frequencies.
It is more difficult for a transformer to

develop a given power output at the
percent intermodulation
percent 2nd harmonic

lower frequencies using an intermodulated signal than it is to produce an

4m,
mg
m,

single freqnency.

where,

equivalent amount of power using a
23. 1 19 What frequencies arc recommended for intermodulation measure-

m, is the amplitude of the lower fre-

ments of a lateral disc recorder? - 400

in, is the amplitude of the higher fre-

and 4000 Hz. A low freqnency of 400
Hz is in the constant amplitude portion

quency,
quency.
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of the recording characteristic; there-

23.122 How can an amplifier be
tested for hens modulation?-By cutting
off the low -frequency intermodulation

fore, it is subject to maximum displacement.
23.120 When one is listening for
distortion, at what level should the

test

program material be reproduced? - Because the characteristics of the human
ear arc such that it produces internal

ponent of the intermodulation signal

distortion which tends to mask distortion products in the program material,
a given percent of distortion is more
easily observed at the lower listening
levels. This applies equally well to both
intermodulation and harmonic distortion. Therefore, it is somewhat easier
to judge the reproduction qualities of
a reproducing system if played at a
medium -low level.
Intermodulation distortion will

generator.

Because the hum -frequency ampli-

tude will not be correct for the usual
ratio of 4:1 employed in the conventional

intermodulation analyzer, the
measure of the intermodulation distortion will not he correct. However, this
test will determine whether hum modulation is present.
23.123
When is a one-to-one test
signal ratio used for intermodulation
rn eeeeee mentsl-When a more stringent

he

found to be more irritating than har-

required. However, in tests to
the power -carrying characteristics of the output transformer in
an amplifier, the 4:1 ratio is preferred.

monic distortion.
23.12/ What effect will hum fre-

test is

determine

an amplifier hove on on

quencies in

signal and measuring the inter -

modulation distortion, using the 120 -Hz
ripple frequency of the amplifier power
supply for the low -frequency com-

intermodulation distortion measurement?

-If the ac ripple freque,icv is excessive

23.124

in the output of the amplifier, inter -

Show the difference between

an intermodulution and o harmonic distortion characteristic for a given erns-

modulation -distortion
products
are
generated. As an example, if the power
supply employs a 60 -Hz full -wave
rectifier, the 120-1Iz ripple frequency

plifier.-Fig. 23-124 shows two curves
plotted for the same amplifier. One
curve is for a single frequency of 400
Hz, and the other, an intermodulation

will beat with a 1000 -Hz signal frequency and produce intermodulation

curve, is for 40 and 2000 Hz

It will be noted that up to about 5.5
watts the amplifier being tested with
two frequencies performs fairly well

distortion products at 1120 and 880 Hz
as well as other frequencies. These frequencies will be in addition to any distortion generated by the actual amplifier
stages. It is important in a high -quality

with 2 -percent intermodulation. Using
a single frequency of 400 Hz, the amplifier produces approximately 7 watts
of power with 2.5 percent total rms

amplifier that hum frequencies be reduced to an absolute minimum.
22
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Fig. 23124.Intermodalotion and harmonic distortion curves for on inexpensive
10 -watt amplifier.
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harmonic distortion. This clearly illus-

23-125A shows the intermodulation distortion characteristics of a 20 -watt amplifier of the Williamson ultralinear

trates the performance difference of this

amplifier when measured with an intermodulation analyzer. No doubt the
reason for the reduced output power
method is that the output transformer
will not handle the power at a fre-

type when terminated with a 16 -ohm
resistive load. The waveforms were
traced from photographs taken at the
oscilloscope terminals of an intermodulation analyzer similar to the one de-

quency of 40 Hz. This is typical of what

scribed in Questions Z2.129 and 22.17n

may be expected in

using frequencies of 40 and 2000 Hz
mixed in a ratio of 4:1. The equivalent
sine -wave power output and percent
intermodulation distortion measured is

when measuring by the intermodulation

an

inexpensive

amplifier.
23.125 How does a capacitive load
affect the intermodulation - distortion
characteristics and stability of on amplifier? A considerable amount, if the
amplifier is of unstable design. Fig.

indicated under each tracing.
Waveforms from the same amplifier

but with a capacitive load of 0.025 µF

(b)

(c)

Fig. 23-125A. Intermodulation products of a Williamson ultralinear amplifier with
16 -ohm resistive termination. (a) 10 watts output, IM = 0.15°e. (6) 20 watts out-

put, IM = 0.55%. (c) 22 watts output, IM = 3.2%.

!Ill1110

(b)
(c)
Fig. 23-1258. Intermodulation products of the Williamson ultralinear amplifier with
an 0.025-0F capacitor connected in parallel with a 16 -ohm resistive termination.

(a) 10 watts output, IM = 0.75%. Itri 20 watts output, IM = 1.25%. le) 22 watts
output, 1M = 3.75%.

(o,

(c)

(10

Fig. 23-125C. Intermodulation products of the Williamson ultralinear amplifier with
an 0.06-µF capacitor connected in parallel with a 16 -ohm load resistor. (a) 10 watts

output, IM = 0.75°e.

(b)

20 watts output, IM

.

1.5%. (c) 22 watts output,

IM r 4%.

.,J`
(a)

(b)

(d)

(0)

Fig. 23-125D Intermodulation products of a McIntosh MC -30 amplifier with 16 -ohm
resistive load termination. The connection of a capacitor across the load termination
makes no change in the distortion components. 631 10 watts output, 1M = 0.14%.

20 watts output, IM = 0.20°c.
25 watts output, IM
0.21%. Ic) IM = 0.25%.

0.20°c. ;d; IM
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connected in parallel with the 16 -ohm
resistive termination are shown in Fig.
23-125B. In (a) of Fig. 23-125B, the
distortion products have increased from
0.15

percent to 0.75 percent, or five

times the value measured with only a
resistive termination. At a 20 -watt output, the distortion is 1 percent; but the
distortion products have increased and
are of different frequency. Fig. 23-125C
shows what happens when the capacitive loading is increased to 0.06 icF. The
distortion patterns vary considerably
from those previously discussed. The
values of capacitance of 0.025 to 0.06

The tracings shown in Fig. 23-I25D
illustrate similar measurements on a
McIntosh MC -40 amplifier (rated 40
watts) using 6L6B beam -power tubes
in push-pull in the output stage, as
described in Question 12.231. Adding a
capacitive load of up to several micro farads across the load termination had
no effect on the intermodulation-distorlion characteristics. From the foregoing
discussion it may be assumed that in-

termodulation-distortion products vary
with circuit design and the capacitive
reactive component of the load impedance.

are

representative of the capacitive
loading an amplifier is subjected to

In some instances, the amplifier may
oscillate as shown in Figs. 23-125E, F,

when an electrostatic speaker and a
conventional speaker system with 50
feet of interconnecting cable are used.

C, and H. which are photographs of

When a capacitive load is connected
across the output winding of an amplifier, a large value of capacitive react-

ance is reflected to the plates (or plate)
of the output stage. In some instances,
this capacitive reactance may reach the
equivalent of several microfarads. The

magnitude of the reflected capacitive
reactance is dependent on the turns ratio of the output transformer. (See

measurements made on a negative feed-

back amplifier of mediocre design. The
tracings shown were made under the
same conditions as for the previously
described experiments. Using a resistive
termination, the amplifier appears to be
quite stable. However, when a capacitive load was connected in parallel with
the resistive termination, the amplifier
oscillated. A well -designed amplifier
should not oscillate when a capacitor is

connected in parallel with the normal
load resistance. The effects of speaker
load for transistor and tube -type ani-

Question 8.34).

/NA

AAC

Fig. 23-125E. Waveform of output of an
negative -feedback
amplifier
when a capacitive load is connected in
parallel with the resistive load termination. Waveform shown is a 40/2000 Hs
intermodulation signal with a 4:1 ratio.
unstable

Fig. 23-125G. Waveform of output of on
unstable
negative -feedback
amplifier
with an 0.05-11F capacitor connected in
parallel with a 16 -ohm resistive termi-

nation. The light line is 40/2000 He intermodulation signal. Heavy portion of
signal is high -frequency oscillation.

Fig. 23-125F. Waveform at output of unstable negative -feedback amplifier with
an 0.01-14F capacitor connected across a

Fog. 23-125H. Waveform at output of an
unstable
negative -feedback
amplifier

e termination. Waveform

with an 0 10 ;.F capacitor connected in

is an intermodulation signal of 40 and
2000 Ha. The wide white hand is high -

parallel with a 16 -ohm resistive teem. notion. Intermodulsition signal of 40 and
2000 Ha. Large peaks arc high -frequency
oscillation.

16 -ohm re

frequency oscillation superimposed
the low -frequency signal.

on
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Fig. 2 3-1 2 6. Effect of a variable damping control on the intermodulation distortion
of a 20 -wort amplifier.
plifiers are discussed in Questions 20.90

nonlinearity of the cone movement.

and 20.91.

(See Question 20.96.)
23.128 How are

23.126

How arc the distortion char-

cross -modulation

acteristics of an amplifier affected by
the use of a variable damping control?
-Fig. 23-126 shows two intermodulation-distortion measurements made on
an amplifier having variable damping
and working into its normal load

or intermodulation measurements made

resistance. The curve designated 0.10 is

optimum negative and print densities
and for the quality control of optical
sound tracks. The cross or intermodulation signal generator is connected to
the input of the recording channel or
directly to the recording amplifier, and
a series of negative sound tracks are

the minimum setting of the damping
control, while the curve designated 15

the maximum setting. As may be
seen, the power output and distortion
are both affected by the position of the
is

damping control.
Variable damping control is discussed
in Question 12.242.
23.127

How

may

a

speaker

be

tested for intermodulation distortion?As a rule, the speaker is set up and
excited by an intermodulation generator. The sound from the speaker is
picked up on a calibrated microphone
and the intermodulation distortion is

on an optical film recording channel?A cross -modulation or intermodulation
analyzer is generally used with a photographic film recording channel for the
express

purpose

of determining

the

made at several different negative densities. Prints of a given density are then

made from these negatives and the
interrnodulation or cross modulation is
measured. The results of these mea-

using an intermodulation
analyzer similar to that described in
measured,

Questions

22.129

and

22.130.

In the

absence of the foregoing equipment, a
simple test may be made by applying
60 Hz to the voice coil for a full deflection of the diaphragm. A frequency of

Fig. 23-128. Block diagram for making
intermodulation sound tracks, using a

2000 or 6000 Hz is then added to the 60 -

photographic

Hz signal. If, by listening, a low -frequency warble is heard, intermodulalion distortion is present because of the

recording amplifier which is driving the

film recorder. The inter modulation signal is fed directly to the
files recorder.
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surements arc then plotted as described
in Section 18.

A block diagram for such measurements is shown in Fig. 23-128. The exact procedure will depend on the type
equipment used for the measurements.
The measurement of intermodulation
distortion from an optical sound track
is similar to the measurement of an
amplifier with the sound track replacing
the signal generator section of the
analyzer. The measurement includes
any intermodulation induced by the
photocell preamplifier and other am-

plifiers used for the reproduction of the
sound track.
23. / 29
Hone is the intermodulation
distortion of a magnetic tape recorder
measured?-It is measured in a manner
similar to that described in Question
23.74. An intermodulation measurement
is

the

ideal way of determining the

correct bias -current value, because it

will permit the measurement in the
face of considerable flutter.
Single -frequency harmonic distortion

lowed by several unmodulated grooves

cut using the normal groove dimensions. The recorded 400 Hz is played
back and the level noted. The unmodulated grooves are then played back
and the noise level measured. The difference between the two measurements

in decibels is the signal-to-noise ratio
of the system.
For optical film recording systems, a
400 -Hz, 100 -percent modulated sound
track is recorded, followed by an un-

modulated sound track. These tracks
arc processed in the normal manner for
the system. The tracks are played back
and the noise level of the unmodulated
sound track is compared with the level
of the 400 -Hz signal. The difference

between the two, in decibels, is the
signal-to-noise ratio. Magnetic film or
tape-recording systems are measured
in a similar manner, with reference to
a given value of distortion.
Amplifiers are generally measured
with reference to 1 milliwatt (0 dBm).
However,

some

manufacturers

rate
the

measurements on magnetic tape recorders are at times rather difficult, par-

their products with reference

ticularly if an appreciable amount of
flutter is present, because the oscillator
signal floats in and out as the balance
is adjusted on the distortion analyzer.
The final results arc plotted as shown
in Figs. 23-74E and F. The block diagram of the test setup is shown in Fig.

12.207, 13.96, 13.97, and 17.139.)

23.131 How are noise measurement
reptiles added?-To combine two electrical noise measurements is sometimes
rather difficult. As a rule, the noise
values are converted to noise powers,

23-129. The purpose of the 0,10-µF capacitor is to remove the residual bias
signal from the measuring device.

procedure, the chart in Fig. 1-88 may

23. / 30

How

is

the signal-to-noise

ratio of a system or device measured?-

In the case of a disc -recording channel, 400 Hz is applied to the input of
the system and several grooves are recorded at 100 -percent modulation, fol-

to

maximum power output. (See Questions

added, and then reconverted to dBa.
(See Question 10.36). To eliminate such
be used.

The decibel difference between the
two known noise levels is located on

the horizontal axis of the chart. The
point on the curve on the vertical axis
corresponding to this difference is the
number of decibels to be added to the
larger noise quantity to obtain the combined value of the noise.

As an example, if the amplitude of
one source of uoise is 18 dBa and the
second 23 dBa, the difference is 5 dBa.

Referring to the chart for a difference
of 5 dBa, 1.2 dBa is added to the larger
value of noise which results in a combined noise level of 24.2 dBa. This same
method of combining noise is also used
for devices connected in tandem.
23.132 What is the equation for
calculating the theoretical noise level

Fig. 23-129. Block diagram for measur-

ing the intermodulation distortion of a
mognetic

recorder.

of on amplifier when the bandwidth is
known? -The theoretical noise level is
criiial to:
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dB = -198 + 10 Log,..Ft -- 10 Log fz where,
Ft

is the output impedance in ohms,

- f, is the bandwidth in Hz at 5 dB
down.

The reference level is 1 volt at the out-

put. Thus, an amplifier with a bandwidth extending from 30 to 15,000 Hz
with an output impedance of 600 ohms
would have a theoretical noise level of:
-198 + 10 Log,.. 600
-{

10 Log,.,15,000 - 30

= -198 } 27.78 + 41.74
-128.48 dB/1 volt
23.133 Show a simple method of
increasing the signal-to-noise ratio of

on amplifier.-The signal-to-noise ratio
may he increased by connecting an attenuator of the correct configuration in
the output circuit as shown in Fig.
23-133. The increase of the signal-tonoise ratio is possible because the internal noise of an amplifier is constant,
although the signal varies in amplitude.
As an example, suppose an amplifier is
operating at an output level of 0 dBm.
A 20 -dB pad is connected in the output
as shown. The insertion loss of the pad
lowers the internal noise of the ampli-

20-dBm output signal. However, pads
should not be used in the output of a
power amplifier unless the amplifier is
producing a considerable
amount of power.
It should be remembered that every
time 3 dB of loss is inserted in the output of an amplifier, the power must be
doubled to obtain the same output level
that was available before the pad was
connected. Thus, if a pad with 6 dB of
capable of

is connected in the output of an
amplifier, four times the power is reloss

quired to compensate for the insertion
loss of the pad and to bring the signal
level to its original value.
23.134 What is the appearance of
a signal with external or internal noise
superimposed? --Figs. 23-134A to ID show

waveforms containing hum and noise;
,,,,,

,,n,,,,,,,....

,,,,, ,,,,,,,,,,,
Fig.

23-134A. A 1000 -Hz signal with

60-H: hum modulation superimposed.

fier 20 d13. However, this also decreases
the signal level by 20 dB. Now, to return

the signal to its original level of 0 dBm
will require that the amplifier be
capable of operating at a level of plus

20 dBm without overloading. As can
be seen, the signal-to-noise ratio was
increased 20 dB because the signal level

Fig. 23-134B. A single cycle of a 400-H:
waveform with noise superimposed. The
width of the waveform is caused by the

was increased 20 dB above the noise,
which is at a constant level. Thus, if the
amplifier originally had a signal-tonoise ratio of 40 dB, it has now been
increased to 60 dB. The use of a pad in
the output of a voltage amplifier is
generally quite satisfactory as the output levels are low, and most small am-

plifiers will deliver more than a plus

noise present.

Fig.

23-134C. A 60 -Hz hum pattern

caused by cathode leakage in a low-level
amplifier stage.

lb'

Fig. 23-133. Attenuator connected in the

output of an amplifier to increase the
signal-to-noise ratio. (o) No pad in output. (b) Pod in output.

Fig. 23-134D. A 400-H: waveform with
high -frequency oscillation superimposed.
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Fig. 23-134D shows a 400 -Hz signal

with a high -frequency oscillation superimposed.

cured? --The control is connected as
shown in Fig. 23-136. As a rule, a well designed mixer control will have a

23.135 How is a white -noise generator used to measure the frequency
characteristics of o speaker? it may be
connected as shown in Fig. 23-135A.

noise level of minus 120 to 140 dam. As

However, for these types of measurements a pink -noise filter is generally
connected at the output of the white noise generator to result in a straightline response, when the response is
measured using a constant -percentage

meter range. The noise may be moni-

octave -band analyzer.

A second method uses the white noise generator, power amplifier, and
speaker (Fig. 23-13573). The response

is amplified and displayed on an oscillo-

The microphone must

of
known characteristics, otherwise the
measurements may show peaks and
valleys not actually in the speaker
scope.

characteristics.
23.136 How may

the

be

noise

and

attenuation of a miner control be rnea-

this is beyond the normal range of a

vacuum -tube voltmeter, a decade am-

plifier will be required to extend the
tored by using headphones and by con-

necting a very low level signal of 40
to 60 Hz to the input of the control.
When the noise is measured using
the voltmeter, the input of the control
is terminated with a shielded resistor
and the noise generated is observed on
the meter as the wiper arm passes uver
the control contacts.
Contact noise is best removed by
burnishing the contacts by rapidly rotating the wiper arm. A light mineral
oil such as Nujol will prevent the con-

tacts from becoming oxidized.
When listening to contact noise. a
signal is necessary to produce a minute
current; otherwise, the noise cannot

L/S

A.AMMA FOR ALP
WHITE
NOISE
GEN

PINK
NOISE

1/3 OCTAVE
BAND

FILTER

ANALYZER

Fig. 23-135A. White -seise generator with pink -noise filter.
OSCILLOSCOPE

0

al

SMITE

D

NOLSE

OEM

o

lac

Fig. 23-1359. White -noise generator without pink -noise filter.
MIxER

SO IN

OSCILLATOR

N/P

DECADE

AIRPLi

CtInnCt1611:

nut

leVM
OSOLLOSOZPE

O
Fig. 23-136. Circuit for measuring or monitoring the noise of o miner control.
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readily be heard. A low frequency of

For amplifiers having an input im-

40 to GO Hz is not very easily heard in
the headphones; thus, the contact noise
can be made to predominate. The atten-

pedance of 10,000 ohms or greater, the
circuit in Fig. 23-137B is used. Here a
fixed resistor RI of approximately the
estimated input impedance is connected

uation per step may be measured by
applying a signal to the input of the

in series with the input, and a second

control and noting the change of level
on the vacuum -tube voltmeter. (See

resistor R2 in shunt with the input.
The purpose of resistor RI in this in-

Question

stance is to isolate the oscillator output
from the amplifier, thus removing the
effect of its low impedance. The reference voltage is established without R2
in the circuit. Then R2 is connected and

5.85.)

Describe the procedure for

23.137

measuring input impedance.-Input im-

pedance may be measured by several
different methods, the simplest. being

the use of an impedance bridge. The
bridge must be capable of being operated over a frequency range of 20 to
20,000 Hz, and the effects of extraneous
magnetic fields reduced to a value

where they have no effect on the measurements.

A second method that may be employed in lieu of an impedance bridge
is given in Fig. 23-137A. A calibrated
noninductive resistor or decade box is
connected in series with the high side
of the input circuit of an oscillator. The
oscillator is set to a reference frequency
of 1000 Hz. The measurement is started
by first establishing a reference voltage
of say 10 volts across load resistor
with resistor RI out of the circuit. Next,
resistor RI is adjusted to decrease the
amplifier output reference voltage to 5
volts, or a decrease of 6 dB. The input
impedance is then equal to the value of
resistor Rl. This is true because the
input voltage is now equally divided
across resistor RI and the internal impedance of the amplifier input circuit.
Therefore, the output voltage drops 50
percent, or 6 dB. Under these conditions the input resistance will be ap-

adjusted to decrease the output reference voltage 50 percent (5 volts). To
reduce the effects of hand capacitance
and pickup from extraneous fields, the
interconnecting wiring must be well
shielded and a single ground point used
if high frequencies and high -impedance
inputs are under measurement.
The method of measuring input impedance, specified in Institute of High
Fidelity (IHF) Standard A-201-1966, is
similar to that shown in Fig. 23-137A,

except that the procedure is slightly
different. The amplifier is set for a
reference level as previously explained,

with R1 out of the circuit. Resistor RI

is then adjusted for a value that will
permit the input voltage to be increased

21 dB (10.5:1 ratio) to return the output reference voltage to its original
value. The input impedance is then the
value of RI divided by 10.
23.138 How can the internal output
impedance of en amplifier be measured?

-By the use of a calibrated resistor and
voltmeter connected across the output

of the amplifier as shown in Fig. 23138A. A 400 -Hz signal is applied to the

input of the amplifier and the open -

percent high, and the

circuit voltage (unterminated) mea-

input impedance approximately 5 percent low. The same procedures are used
for all frequencies of interest.

voltage is obtained, resistor R,. is connected across the output and its value

proximately

5

sured at the output. After a reference
reduced to obtain a voltage reading

one-half that of the unterminated refer-

PI

Vvgr

al MCC

OWN..
CT
e.

Fig.

23-137A

OWEN

AL

Sifrvyvkd

TEST

Circuit for measuring in-

put impedance below 10,000 ohms.

[-I-PSEOEVICE
LAIC*
WISER
TEST

#

kr,,

ence voltage. The internal output impedance is then equal to the value of
resistor Ri. in ohms.
A complete series of measurements
is then made by applying different frequencies and measuring the impedance
for each frequency. The results are
plotted as shown in Fig. 23-138B, which

is an actual measurement made on a
push-pull amplifier using

Fig. 23-137B. Circuit for measuring input impedance above 10,000 ohms.

14

dB of

negative feedback and designed for a
16 -ohm load termination. (See Ques-
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Fig. 23-139 is a plot of the internal
output impedance of an amplifier employing variable damping in the output.
The distortion characteristics of an
amplifier are also affected by the position of the damping control. Its effect

23-135A. Circuit that is used for
measuring the internal output impedance
Fig.

is shown in Fig. 23-126.
23.140 How is the internal impedance of a speaker or system measured?
-As a rule, the impedance characteris-

of on amplifier.
Lion 12.142). It may at times be difficult
to obtain a satisfactory impedance measurement using the method just described because of the dc resistance of
the output winding of the transformer.

tics of a speaker or system are measured in the enclosure used with the
system. A simple method of measuring
the impedance of any speaker or system
is shown in Fig. 23-140A. A variable

When this occurs, the internal output

resistor R is connected in series with

impedance may be computed using the

following formula:
R, x E...

the output of the amplifier

used

to

drive the speaker. If the speaker employs a crossover network, it is connected in the circuit as normally used,

Rc

where,

as in Fig. 23-140B. The common termi-

Ri. is the load impedance in ohms,
E.., is the unterminated output volt-

of the vacuum -tube voltmeter

nal

is

connected to the lower side of the mea-

age,

E.,. is the voltage obtained with the

suring circuit and the high side of the
meter is left free for connection to
points A and B as the measurement

specified load resistance.
23.139 How is the internal output
impedance of an amplifier using rosi-

progresses.

put impedance measured as described

With a signal of 400 Hz applied to
the input of the amplifier, the vacuum tube voltmeter is connected to point A
and the voltage is measured. The meter

in Question 23.138.

is then connected to point B and the

able damping m ssssssss -The damping

control is set for several different values of damping and the internal out-

20
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Fig. 23-140A. Circuit for measuring the
impedance of o speaker system
with a single speaker not using a crossover network,

resistor 11 adjusted for a voltage drop
equal to one-half of the voltage measured at point A (It may be necessary
to switch the meter back and forth between points A and B several times until the voltage at point A is equal to

Fig. 23.140D. Visual method of displaying Changes in loudspeaker impedance

with frequency (after Crowhurstl.

A visual method of observing im-

voltage at point B is equal to one-half
the voltage at point A, the impedance
of the system is equal to the value of

pedance changes with frequency in a
speaker may be accomplished by the
use of the circuit in Fig. 23-140D. A
frequency of 400 Hz is applied to the

R in ohms. The amplifier output im-

speaker

pedance will in no way affect the measurement, as it is used ouly as a voltage

value is equal to the rated impedance
of the speaker. The vertical and horizontal coutrols of the oscilloscope are
adjusted for equal deflection of the
beam in both the vertical and horizontal planes If the impedance is equal to
RI, the display will be a 45 -degree
diagonal line. If it is not, the oscillator

one-half that at point A.) When the

Source.

Measurements are made at frequencies of interest and plotted on semilog
paper, as shown in Fig. 23-140C, or they
may be plotted using 3 %; 5 log -log

graph paper. Referring to Fig. 20-89, it
will be noted that a speaker presents
only its rated impedance value over a

through resistor RI,

whose

frequency is adjusted until a 45 -degree
line is obtained (the line may tilt in

either direction). Note the frequency

small portion of the frequency spectrum; therefore, a uniform impedance
cannot be expected. For best results,
amplifiers used for driving a speaker or
system with a low internal output impedance should employ a relatively

and vary it above and below the reference frequency. As the impedance of
the speaker decreases, the display will
shift toward the vertical axis. With an
increase of impedance, it shifts toward
the horizontal axis. As long as the im-

large amount of negative feedback.

AMPt I FIER

VTVM

CROSS
CROSS.
OVER

NET

Fig. 23-1408. Circuit for measuring the internal impedance of o speaker sysMin
with a crossover network.
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Fig. 23-140C. Impedance variation of a 10 -inch single -cone speaker housed in an
open -back cabinet.
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pedance remains equal to RI, the trace
remains at a 45 -degree angle. When the
impedance becomes reactive, the display
becomes an ellipse. (See Question
20.103.)

23.141

Describe a sweep record and

how it is used.-The record is played
back through the system to be tested,
tv

SWEEP

osauo

FREQUENCY

SCOPE

TEST
RECORD

TT

with an oscilloscope connected at the
output, as shown in Fig. 23-141A.
Sweep -frequency records, as explained

and illustrated in Question 16.49 cover
a frequency range from 50 to 15,000 Hz
and arc swept over this hand at a rate
of 20 times per second. The frequency
characteristics of such records are the
standard RIAA reproducing characteristics (Fig. 13-95).
The record is played hack using the
system equalization and, if
equalized for use with the RIAA recording characteristic, the display on

normal

the oscilloscope

should be

uniform

Fig. 23-141A. Method of using sweep -

within plus or minus dB over a fre-

frequency record.

quency range of 50 to 15,000 Hz. If not,
the equalization is adjusted until a uniform characteristic is obtained.
Variations in the frequency response
may be computed in decibels:
dB = 20 Low,.

Er

where,

is the reference frequency height
displayed by the oscilloscope.
E. is any frequency of interest.
E,

2 3-1 4 18. Frequency response pat-

The turnover frequency of the system

tern with a turntable that has excessivc

must be the same as that of the sweep -

Fig.

vibration.

frequency record. This inforrr.ation

is

supplied by the manufacturer of the
record.

Various frequency -response patterns
for different types of tests are shown in
Figs. 23-141B to D. Fig. 23-141B shows
how the response appears on the oscilloscope when a turntable has excessive

vibration, although the frequency response of the system is flat. In Fig.

Fig. 23-1 4 IC. Frequency response when
low frequencies have been accentuated.

23-141C the low frequencies have been
accentuated, and in Fig. 23-141D the
high frequencies have been accentuated.
Sweep -frequency records arc, in
some respects, similar to the sweep frequency generator described in Question 22.53, because similar response patterns are obtained.
23.142 What is the procedure for
measuring the frequency response of a
pickup?-The first step is to ensure that
the aim alignment and stylus angle are

correct. The output of the pickup

is

terminated in its specified load resisand played back through an
equalized preamplifier, using one of the
several standard test records. The amplifier equalization must meet the standard reproducing response as specified
tance

Fig. 2 3-1 4 ID Frequency response when
high frequencies have been accentuated.

by the RIAA Standard shown in Fig.
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connected across the load resistance for
PICKUP

Z al
EQUALIZED
PR( AMP

Fog

istics

23.142A. Measuring the characterof a pickup using on equalized
preamplifier.
Frequency -response

13-95.

measure-

ments are then made by establishing a
reference frequency, and all other frequencies are plotted with reference to

this frequency. The instructions for a
given test record must be adhered to,
since the method in which they are

observing the waveform.
23.144 How may the actual voltage
output of a pickup be measuredl-If the
pickup is designed only for monophonic
reproduction, a test frequency of 1000
Hz, recorded at a peak velocity of 7
centimeters per second is used. The
output voltage is measured across the
load terminations as shown in Fig. 23142B. If it is a stereophonic design, both
sides are terminated and the voltage is
measured across each side (Fig. 23144). In this instance the test frequency
is also 1000 Hz, but recorded at a peak
velocity of 5 centimeters per second.
23.145

How

may

a

reproducer

stylus be tested for wear?-By the use

varies somewhat. The test
circuit appears in Fig. 23-142A.
If the actual characteristics of the

of a special intermodulation or the CBS
STR-100 test record. A typical measure-

pickup are to be measured, the preamplifier is omitted and the vacuum -

using a new and a worn sapphire stylus,
and record diameter was plotted versus

tube voltmeter is connected across the
load resistor (Fig. 23-142B). As a rule,
only the first circuit is necessary. The
test records most commonly used are
the CBS STR-100 and the CBS STR-

intemodulation distortion. it will be
observed the distortion products rise
quite rapidly for diameters less than
8.5 inches. The test frequencies used
were 100 and 7000 Ilz, mixed in a ratio

recorded

ment shown in Fig. 23-145 was made

100-111.

of 4:1, the lower frequency being 12 dB

How is stylus force (vertical pressure) determined]-The average
high -quality phonograph pickup requires a stylus force (vertical pressure)
ranging from 0.75 to 1.5 grams. The
pickup is tested with an intermodulation test record and analyzer. The correct pressure is that pressure which results in the lowest intermodulation dis-

greater in amplitude than the higher

23.143

tortion In keeping with good tracking.
The amount of intermodulation distortion is not a true reading of the
pickup, but rather a combination reading of record, pickup, and preamplifier.
If an intermodulation test record is not
available, the stylus force may be adjusted using a record similar to the
CBS STR-100 or CBS STR-100-111, or
by the use of an N -A record, described
in Question 23.77. The instructions for
the test record must be adhered to for
best results. An oscilloscope should be

frequency.
PIMP

Fig. 23-144. Circuit for measuring the
voltage

developed

by

a

stereophonic

pickup, using a standard test record

5

PICKUP

VT VW

TT

Fig. 23-142B. Measuring the characteristics of a pickup without preamplifier.

Fig. 23-145. Intermodulation distortion
caused by stylus

wear.
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23.146

How is pickup -arm resonance

meosuritd?-Test records such as the

CBS STR-100 and STR 100-111 both
have bands

pickup -arm

testing

for

resonance. Since pickup resonance is a

function of both the pickup cartridge
and the arm, this test is a combination
test of both components. Pickup -arm
resonance is of low -frequency character, being in the range of less than
10 Hz. The circuit for making such
tests is given in Fig. 23-146. Test record
hand consists of a glide -tone sweeping
downward from 200 Hz to 10 Hz. Arm
resonance is indicated by an excessive
indication of the meter, generally

accompanied by a rattling noise as the
stylus tends to momentarily leave the
groove walls. It is possible by changing
to a different pickup for the resonance
frequency to change or disappear completely. Pickup arms should be selected
with the resonant frequency below 10
Hz if possible.
If for testing purposes frequencies
below 10 Hz are required, they may be
generated by playing a test record of
331,i rpm at reduced speeds. A 33!5-rPm

recording of 40 Hz played back at a
speed of 18 rpm becomes a frequency
of 2.16 Hz as given below.

=

40

f

T./T.

40

33.3/18 - 1.85 =

2.16 Hz

where,

is

the normal speed of the test

record in rpm,
T. is the new speed in rpm.

300 -Hz low-pass filter is not
absolutely necessary: however, if one is
available it will be of help in eliminating the effects of surface noise from the

The

measurements.
23.147 How is the sensitivity of a
pickup to extraneous magnetic fields

measured?-By

helpful for comparing the effect of mag-

netic fields on pickups of different de-

sign and manufacture. The foregoing
measurement is a comparative one only.

To determine the absolute level of
pickup for a given unit under measurement, the strength of the magnetic field,
as well as several other factors, must
be known.
23.148

How

the method simi.ar to

a

a

scale? - By

to 1.5 grams.
Several small scales are available

which are designed to be placed on the
record surface, with the pickup stylus
resting on a spring. The weight of the

pickup depresses the spring and the
pickup weight is indicated in grams on
a calibrated weight scale at the rear of
the spring.
23./49 What is the procedure for
of flutter, the method depending on the
type of equipment to be measured.
If the device is a magnetic -tape recorder, a 3000 -Hz signal of constant
amplitude with fairly low harmonic distortion is recorded, then played back,

and the total rms percent flutter measured using a flutter meter or bridge
described in Question 22.41. The
connections are shown in Fig. 23-149A.
If the machine includes a separate play as

RECORD

5000 a:
SIGNAL

r-LUT TER
L RC

stylus force of

suspending the front end of the pickup
iniounted in its arm) by means of a
small spring scale calibrated in grams.
A scale calibrated front 0 to 10 grams
will be satisfactory, because most modern pickups use a vertical force of 0.5

that described for measuring the effectiveness of magnetic shielding in Question 23.81. The pickup to be measured

300 ax

is

pickup measured using

making flutter measurements?
Two
methods are used for the measurement

F. is the new frequency,
f is the known frequency,
'r,

is terminated in its normal load resistance and placed in the center of the
field helix. The effect of the field on the
pickup unit is measured at the output
terminals of the pickup with a vacuum tube voltmeter.
This type of measurement is very

VT VM

METER

MAGNETIC
TARE

Pia

RECORDER

T TAMA

Fig. 23-146. Circuit for measuring pickup
arm

resonance using a low -frequency
test record.

Fig. 23-149A. Circuit for measuring the
percentage flutter of a magnetic tape or
film recorder.
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Fig. 23-149B. A typical fluttergram made using on automatic recorder in conjunction with a flutter meter.

head, the percentage of flutter
may be measured as the 300 -Hz flutter
signal is recorded.
For measuring the flutter of a photographic film recorder, a 3000 -Hz sound
track is recorded and the negative processed in the prescribed manner for the

by the use of a flutter meter as dis-

system of recording. The negative is
played back and the percent flutter
measured on a sound head for which
the flutter has previously been mea-

capstan, sprocket, tape contact, magnetic
head, gearbox, or motor, it may be

back

sured. This latter measurement includes

cussed in Question 22.41.
In this instrument the

flutter is
broken down into four bands covering
0.5 to 30 Hz, 30 to 300 Hz, 300 to 5000 Hz,

and direct current to 5000 Hz. Thus, if
the flutter is being generated by a

isolated by noting the flutter rate.
The first instrument described in
Question 22.41 is quite satisfactory for

both the flutter of the playback sound
the recorder. The percent of
flutter of the sound head is subtracted
from the measured flutter. As a rule, a
professional film recorder will have
about 0.05 percent of flutter.
The flutter of a disc -recording ma-

the maintenance of existing equipment,
while the second
development work.
Fig. 23-149B shows a typical flutter gram recorded on an automatic recorder. The various frequency bands in

chine is measured by recording a 3000 -

indicated on the left-hand margin. The
total rms flutter shown is 0.15 percent.
23.150 In what term' are flutter
meterr calibrated?-As a rule, flutter
meters are calibrated to read the rms

Hz signal, and then playing it back on
the same machine or one one of known
flutter characteristics. Special disc records for measuring flutter are available
from several manufacturers of test
records.
Motion - picture projection
equipment is measured using a special
3000 -Hz flutter test film. (See Question
19.63.)

For any type of flutter test, the use of
flutter -measuring equipment is similar
to that described for the magnetic recorder. Either the signal is recorded

and played back or the flutter is measured using a special flutter tape, film,
or disc. The output of the equipment
under measurement should be properly

terminated and run at a level which
will not cause overload in any form.
Many times it is desirable to know
in which frequency hand flutter is being
generated, such as in the transport or
drive system. For this type of measurement, the flutter signal is broken down
into several different frequency bands

which the flutter was measured are

value; however, some of the older types

read peak -to -peak values. The latter
reading may be converted to rms by
multiplying the reading by 0.707.
For many years flutter meters (or
bridges) have been calibrated to read
in terms of rms voltage, which is quite
satisfactory for audio -frequency use.
However, for instrumentation recorders
and reproducers, peak -to -peak readings
are generally employed. Actually, a true

rms value of flutter is quite difficult to
obtain, since the flutter signal contains
a dc component, noise, and sine -wave
components. As a rough approximation,

the rots value can be assumed to be
one -sixth to one-fourth the measured
peak -to -peak

value.

(See

Question

22.41.)

The standards are clearly defined in
the IJSASI (ASA) Standard Z57.1-1954.
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23./5 / How is the frequency response of a light valve or galvanometer

measured?-Three methods are available. The first method uses a constant -

amplitude signal of different frequencies which is applied to the recording
amplifier. The deflection of the light
valve or galvanometer is then observed
by means of a calibrated monitor card
or periscope placed in the optical system of the recorder.

In the second method the peak frequency of the light modulator is found
by sweeping an oscillator across the
recording band. If the light modulator
shows a rise at the high frequencies,
the gain of the recording system is
lowered an amount equal to or slightly
less than the rise at the peak frequency.
Frequencies of constant amplitude arc

then recorded, starting at 40 Hz. The
negative sound track is processed, and
the amplitude of the recorded frequencies is measured and then compared to

reference frequency of 1000 Hz by

loss decreases, a loss at the higher frequencies is indicated
23.152 How is the harmonic distortion of a light modulator measured?
-By deflecting the modulator to a

given percent of modulation and then
measuring the harmonic distortion by
means of a photocell situated In such
a manner that a portion of the modulated light beam Is deflected to the
photocell for measurement.
It is obvious that, in a measurement
of

this nature,

a

certain amount of

harmonic distortion is contributed by
both the photocell and its amplifier.
However, if the photocell and amplifier
are properly designed, the distortion
added of the measurements is generally
quite small and may he ignored, as the

distortion from the light modulator as
rule is on the order of 1.0 to 1.5
percent.
23.153 How is the harmonic distortion of a film -recording channel meaa

Lowering the gain of the recording

sured?-The distortion in terms of either
harmonic or intermodulation distortion
may be measured by applying the sig-

system by an amount equivalent to the
rise at the peak frequency of the light

nal frequency (or frequencies) to the
input of a recording channel. A sound

modulator will prevent the modulator
from being overloaded when the peak

track is recorded at 80 -percent modu-

a

means of a calibrated microscope.

frequency is approached.

latlun and a print made at the optimum
density. This sound track is played hack

The third system of measurement

from a sound head, and the distortion

requires the use of a gain set or calibrated attenuator. A reference frequency of 1000 Hz is established for

be measured by the use of a special

light
modulator, by observing the deflection
100 -percent

modulation of

the

by means of a monitor card or periscope in the optical system. After the
reference level has been established.
2000 Hz is applied. If the modulator
shows a rise, loss is inserted in the

gain -set attenuators to bring the modulator hack to the reference frequency
level. A 3000 -Hz frequency is now ap-

plied and the deflection noted. If the
deflection continues to rise, loss is again

inserted to return the modulator to the
reference level. This procedure is continued up to the highest frequency of
interest.

is read. The sound -head distortion may
harmonic -distortion measuring film
23.15/ How is the square -rare response of an amplifier measured? - The
square -wave generator is connected to
the amplifier as shown in Fig. 23-154A.
One precaution should be observed:

The output of the square -wave generator cannot be sent through the
attenuator or send section of a gain set
because of the wide frequency band of
a square wave. Also, the gain set might
include a coil which would affect the
square -wave form. Interconnecting ca-

bles must be of a type that will not
affect the frequency response, and any
attenuator networks used to attenuate
the signal before it is applied to the
input of the amplifier must be designed

The final frequency response is plotted by noting the iucrease, or decrease,
in the amount of attenuator loss required to maintain a constant deflection

to have
ground.

of the light modulator.

wave without distortion, the amplifier

If the loss of the attenuators increases

with frequency, the light modulator has
a rising characteristic. Conversely, if the

a

minimum of leakage

to

To reproduce a fundamental square
must be capable of passing frequencies
of f/10 and f x10. This means that, if
a fundamental square wave of 100 Hz

AUDIO -FREQUENCY MEASUREMENTS
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23-154A. Measuring the response of an amplifier
applied to the input.

to

a

square wave signal

is applied to an amplifier, the amplifier
must have a bandwidth of 10 to 1000
Hz. If a fundamental frequency of 1000
Hz is applied, the bandwidth must be
100 to 10,000 Hz, Therefore, the fundamental frequency must be selected with
care.

To ensure that the square wave is not

being distorted by external equipment,
a noninductive resistor must be used
Fig. 23-154B. Reproduction of a 40 -Hz
fundamental square wove by a 20 -watt

amplifier. Slant of output display indicates good lowfrequency response but
with phase shift.

for the load termination. The oscilloscope used for displaying the waveform
must be capable of passing a band-

width wider than the bandwidth to be
measured.

Many of the older and smaller -type
oscilloscopes will not satisfactorily pass
a square wave without considerable dis-

tortion. Therefore, before starting the
measurement, check the square -wave
response of the oscilloscope.
The images in Fig. 23-154B, C, and D
show square -wave images obtained at

the output of a 20-wats tube amplifier.
Such displays may he obtained by the
23-154C. Reproduction of 10 -kHz
fundamental square wave by a 20 -watt
amplifier. Output waveform indicates
slight ringing.
Fig.

use of an electronic switch, as described
in Question 23.184, or a dual -trace

oscilloscope. The upper trace

is

the

input signal from the square -wave
generator arid the lower trace, the out-

put of the amplifier. It will be observed
the input signal shows a rounding off
at the leading edge. This can he due to
the frequency response of the oscilloscope or due to the shunt capacitance
of the interconnecting cables. This is a
good illustration of why the input signal must be monitored for comparison
with the output signal of the amplifier.
Fig. 23-154E shows typical square wave patterns with an interpretation of

their shapes.
Fig. 23-154D. Reproduction of a 10 -kHz
fundamental square wave by a 20 -watt
amplifier. Shape of output waveform indicates excessive high -frequency response

with slight ringing

The transient characteristic of a circuit is defined as the output waveshape
which results from a suddenly applied
voltage at the input. The transient characteristic is limited by the ability of the
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Waveform

LF Gain

LF Delay

HF Gain

HF Delay

Damping

Ideal

Ideal

Ideal

Ideal

Ideal

Insufficient

Good

Excessive

Good

High

Excessive

Good

Insufficient

Good

High

Good

Excessive

Good

Insufficient

High

Good

Insufficient

Good

Excessive

High

Excessive

Excessive

Insufficient

Insufficient

High

Excessive

Insufficient

Insufficient

Excessive

High

Insufficient

Excessive

Excessive

Insufficient

High

Good

Good

Excessive

Good

Medium

Good

Good

Excessive

Good

Low

Good

Good

Excessive

Good

Negligent

Good

Good

Sharp
Cutoff
or Peaked

Good

Low

Fig. 23-154E. Square -wove images.

circuit to transmit both high- and low frequency signals simultaneously without distortion. The high -frequency response will determine the shape of the
transient for a short time after its application, and the low -frequency re-

sponse will determine the waveshape
after a longer time has elapsed. In
instances, a square -wave test
using two different frequencies will
suffice. However, the high -frequency
most

test should be high enough to eliminate
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low -frequency

effects; and

the

low -

frequency test should be low enough
to include them.
Circuit damping is Indicated by the
shape at the top of the rise of the waveform. A circuit which is highly damped

is indicated by a waveform which approaches its final maximum without
overshooting, whereas an underdamped

circuit will manifest itself by producing

a train of oscillations after the initial

passed The greater the number of odd
harmonics that arc passed, the more
rectangular will be the waveform.
The upper frequencies depend on the
fastest change occurring in the waveform. The lowest frequency depends on
the repetition rate of the waveform.
23.156 At whet level ore square
wave measurements mode on an °mphfier7-At a level well below the overload
point of the amplifier. Due to the nature

rise. The natural frequency of the circuit producing the oscillations may he
determined approximately by counting

of square waves, an amplifier can be

the number of maxima that occur in

Questions 22 103 and 22.161.)
23.157 How should the fundamen-

any one cycle.
Insufficient delay at

the high fre-

quencies is indicated by the rounding
off of the corners of the waveshape
diagonally opposite each other. If the
circuit presents the same delay for all
frequencies, this will be indicated by all

four corners of the waveshape being
the same. If the output waveshape

readily overloaded and the square wave
response made to appear better. (See

tal frequency of a square ware be selected for testing an amplifier? --As a
rule, two fundamental frequencies are
used.

One

frequency

must

be

low

enough to indicate phase shift and frequency attenuation at the low frequencies, and the second must be high

enough in frequency to show the at-

shows signs of oscillation, it is always

tenuation of the high frequencies. (See

the result of a circuit containing fre-

Fig. 23-154E.)
Square -wave testing is quite useful

quency and delay characteristics which
change sharply.

An output waveform which is symmetrical with time but whose positive
and negative excursions are unsymmetrical indicates nonlinear distortion.
If the amplitudes of the waveform at
the top and bottom are unequal, non-

in certain types of production testing.
The frequency response of a device
may be checked by the application of
a square wave observed on a calibrated
oscilloscope graticule.
FUNDAMENTAL
SOUAR
WAVE

linear distortion is also indicated. Satu-

ration of a component in the circuit is
indicated by oscillation in one-half of
the waveform.
If a perfectly square waveform

is

(o)

Fundamental frequency and 3rd
harmonic.

passed by the device under test. the
has excellent transient, frequency -response, and distortion char-

device

FUNDAMENTAL PLUS
FUNDAMENTAL
SRO HARMONIC
-PLUS SRO AND
5TH HARMONICS

acteristics.
23.155 Describe the composition of

a square wave.-A square wave is composed of a fundamental frequency and
an infinite number of odd -harmonic
frequencies. The even harmonics (2, 4,
6, 8, etc.) as equal to zero; only the odd
harmonics are contained in the wave-

form as may be seen in Fig.

23-155.

These illustrations have been plotted to
show the different harmonic frequencies

and how they combine to produce a
square

waveform

(indicated

by

a

square

wave

is

(6) Fundamental frequency plus 3rd
and 5th harmonics.
FUNDAMENTAL PLUS

PLUS SRD AND TH
HARMONICS

passed

through a device, the bandwidth is the
limiting factor and determines the number of harmonic frequencies that will be

FUNDAMENTAL PLUS
S RD. S TN, AND 7 TN
HARMONICS

SQUARE
WAVE

7TH HARMONIC

the

straight lines).
When

5144
HARMONIC

(c) Fundasitelstai frequencv phis 3rd,

5th, and ith harmonics.
Fig.

2 3-1 55. Development of a square
wave from sine waves.
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Fig. 23 158A Circuit for obtaining a hysteresis or 8-H curve of a transformer.
23.158

How are the hysteresis char-

acteristics of a power transformer meo-

in the primary and. therefore. proportional to the magnetizing force. This

sured?-A circuit suitable for measuring the hysteresis characteristics of a
power transformer, using an oscillo-

voltage is applied to the
plates of the oscilloscope.

scope to trace a B/H curve, is shown m

output of an integrating network consisting of resistor R2 and capacitor Cl

Fig. 23-158A.

To obtain such a pattern, two voltages are necessary. One voltage is taken
from across resistor ft, connected in

series with the primary of the transformer. The voltage drop across this
resistor is proportional to the current

horizontal

The second voltage is taken from the

connected across the 6.3 -volt secondary of the transformer. The voltage at
the output of the network is propor-

tional to the turns ratio of the primary
to the secondary as well as to the num-

ber of lines of force produced and the
ratio of change of the magnetic lines
of force. This voltage is applied to the
vertical plates of the oscilloscope.
Because one side of the ac line is
grounded, it is advisable to connect an
isolating transformer between the line

and the primary

of the transformer

under test, thus permitting the oscilloscope to be grounded
When the controls of the oscilloscope

Fig.

23-1588. Hysteresis curve of an
unloaded power transformer.

are properly adjusted, the pattern will
appear similar to that of Fig. 21-1588,
which is a pattern of the transformer
operating without a load. The pattern
of Fig 23-158C is with a normal load

current and that

in Fig. 23-158D is
with an overload. The power loss under
these conditions would be excessive.

23.1580. Hysteresis curve of a
power transformer operating with a normal loud.
Fig.

Fig.

23-158D. Hysteresis curve of on
overloaded power transformer.
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Fig. 23-1 5 8E. Hysteresis curve versus ampere turns for electric metal core iron.

The circuit shown is useful for demonstrating different methods of stacking
transformer cores and, also, the characteristics of different types of core
materials.
Fig. 2.3-158E shows a typical magnetization curve for annealed sheet

increased through the coil) from 20 to
40, the density is increased to 108,000
lines of force per inch. Increasing the
ampere turns increases the flux density,
but at a lesser rate. This is indicated
by the fact that, if the ampere turns arc
increased four times, or to 160, the

steel, commonly called electric metal,
the material generally used for power transformer cores and for laminations
in the construction of motors and generators. A sample of the material to be

number of lines per square inch in-

a coil of a given

curve where it begins to flatten out is

number of turns. The current through
the coil is varied to obtain the required

the saturation point of the metal and is
the point where an increase in current

ratio of ampere turns.
The graphical plot shown is the mngnetomotive force expressed in ampere

produces

tested is placed in

turns versus the flux density (gauss)
per square inch. A hysteresis loop is
the

graphical

presentation

of

this

phenomenon. Inspection of the curve
shows the flux density to be about
95,000 lines of force per square inch.
When the ampere turns for this particular metal are increased (current
Furl( DENSITY.

MAGNETIZING
FORCE

creases only to about 120,000.

The curve shown
of all magnetic metals but varies with
different alloys. The portion

of the

little or no change in

the

lines of force produced.
Hysteresis is the lagging of the magnetizing effect behind the magnetizing

If a given material is subjected
to a magnetizing force and if the material is in a neutral state (not magnetized), the flux density will increase
as shown by the upper right-hand
force.

curve a -b (0 to 90 degrees on the sine
wave) on the hysteresis curve. If the
magnetizing current is reduced at point

h, the core will start to lose its magnetization and will follow curve b -c.
At c the force becomes zero (180 degrees on the sine wave). However, a
closer inspection of the curve reveals
that the flux density is still 50,000 lines,
even though the magnetizing force has
dropped to zero. This hysteresis or lagging is caused by the magnetism re-

23-158F. Comparison of a typical
hysteresis loop and the narrow -bond loop
found in groin -oriented steel cores.
Fig.

tained by the core material. If the magnetizing force is reversed in polarity,
the material loses its magnetism as
shown by the curve c -d.
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Now, if a negative-magnetomotive
force is applied at d and increased to a
value equal to that at b, the core material will magnetize in the opposite
direction, curve d-i-e. Under these conditions, the flux density at e will equal
the flux density at b. Decreasing the
negative magnetomotive force to zero
varies the flux density as shown by
curve c -g. At g, the flux density is zero
again. The minus sign on the flux value
is used only to indicate that the direction of the field below point e is opposite

to the direction of the field

at

point b.

Applying a positive magnetomotive
force and gradually increasing it will
cause the material to lose its magnetism
along curve f -g -h, becoming completely
demagnetized at point g and remagnetizing along curve g -h -b, thus completing the hysteresis -loop pattern.

The area within the loop is proportional to the amount of work done
against the residual magnetism and dis-

sipated by the transformer core material. Therefore,
characteristic of

the
a

hysteresis -loop

transformer

is

an

important factor of its design.
The magnetomotive force required
to overcome the residual magnetism of
the core material represents a Toss of
power and is referred to as the hys-

OTOT PANS
.01V

_

isoisnoa
TRANSEOPMER

loop. When the loop area is
small, the power losses arc small; when
large, the power losses are large. This
teresis

is

illustrated by the patterns in

23-158B,

C,

and

D.

(Sec

Figs.

Question

17.142.)

In testing some of the newer metals,
particularly the grain -oriented steels,
the two curves are much straighter as

may be seen by the comparison of a
conventional electric metal and a grain oriented steel in Fig. 23-158F
23.159 How may core samples be
tested for hysteresis choracteristics?-In
a manner similar to that used for measuring the hysteresis characteristics of
a transformer as explained in Question
23.158.

Resistor RI shown in series with the
core sample in Fig. 23-159 will vary in
value from 1 to 10 ohms, depending on
the current through the primary winding. To prevent damage to the oscilloscope,

a

1:1

isolation

transformer is

connected between the output of the
autotransfonner and the core sample,
thus permitting the cathode-ray oscilloscope to be properly grounded.
23.160 Describe a method for measuring the internal noise of a capacitor.
-The internal noise of paper, oil, mica,
metalized, or any other type of capacitor
except the electrolytic may be mea-

COPE

SAMPLE

AC

Fig. 23-159. Circuit for measuring the hysteresis characteristics of core -iron samples.
1/16' NONMETALLIC
SE PAPA Tog

OSCILLOSCOPE

0

yoLT ME TEN

0

Fig. 23-160. Circuit for measuring the internal noise of o capacitor. The battery may
be replaced with a noise -free and well -regulated power supply.
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sured using the circuit of Fig. 23-160.
The

voltage

battery

shown

in

the

shielded box is made equal to the normal working voltage of the capacitor.
In actual practice the battery is replaced with a noise -free, well -regulated power supply with rf chokes and
filtering capacitors in or near the
shielded container. Series resistor R
must be noise free and is approximately
1 megohm in value. Coupling capacitor
C. must also be of the noise -free variety. The capacitor to be tested for noise
is connected at C,. All elements of the
test circuit must be mounted within the
shield, consisting of a copper electrostatic shield and a high -permeability
iron shield. The cable between the
shielded box and the voltmeter is
grounded at both ends as shown. The
meter used must have a capability of
measuring up to 1 megahertz and down
to 1 millivolt, with an output connection

shielding

mea-

sured?-Audio transformers employing
nested shields or plain metal cases are
often rated in decibels relative to the
of

effectiveness

the

magnetic

shield

surrounding the coils. Such statements

imply that the case surrounding the
coils is capable of reducing the effect

of an external magnetic field a given
number of decibels relative to a given
magnetic field intensity. Thus, a transformer stated to have a 90 -dB magnetic

shield means that the intensity of the
surrounding field will be reduced 90 dB

before reaching the internal windings

for connecting an oscilloscope to display
the characteristic of the noise.
A satisfactory capacitor will show
little or no movement of the meter, even
in its most sensitive position. Nested

shielding is discussed in Questions 8.50
and 8.51.
23.161

How may a power transformer be tested for shorted turns?-A
115 -volt, 10 -watt lamp is connected in
series with the primary of the sus-

pected transformer. With no load on
the secondaries, the lamp will show a
dull red glow. If there are no shorts in
the windings,

magnetic

transformer

the lamp will show a

considerable change in color when a
short is applied to one of the secondaries. If a short is applied to one of the
secondaries and shorted turns are present in one of the other secondaries, the

lamp will show little or no change in
color. The primary may be tested using
the same procedure.
23.162 How is the effectiveness of

of the transformer.
The transformer to be tested is removed from its case and placed in the

center of a field coil of 8 to 10 turns
to which is connected a source of 60 -

Hz current, as shown in Fig. 23-162.
The transformer windings are terminated in their normal load impedances
using noninductive resistors. A vacuum -tube voltmeter is connected across

one winding.

The current through the field coil is
adjusted for a given field intensity. The

voltage induced in the transformer is
read on the vacuum -tube voltmeter.
The transformer is then returned to its
case and a second measurement made
at the same field intensity. The effec-

tiveness of the shielding may then be
computed in decibels by:
E

dB = 20 Log`

Ekr

where,
E,

is

the voltage ineasured without

the shield,

E: is the voltage measured with the
shield.

Transformers requiring extensive magnetic shielding make use of nested shield construction as described in
Question 8.50.

B-10 TURNS
i2- DIAMETER
AUTOTRAN5

Fig.

23.162. Circuit for mea-

suring the

effectiveness of

a

magnetic shield. using a magnetic field of known intensity.

185VAC
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23.163 What is the procedure for
measuring power -supply ripple voltage?

power supply is a 600 -volt, 0.1 -AF paper
or oil capacitor, in series with a 100,000 -

-The measurement of the actual ripple
voltage from a power supply is rather
difficult because of the nonsinusoidal
nature of the ripple. Generally the latter is read on a true-rms-responding
voltmeter or a cathode-ray oscilloscope.
In the latter instance the voltage is determined by using an internal or external voltage calibrator. As a rule, ripple

ohm resistor. The purpose of the capacitor is to give increased protection to

the voltmeter input. The resistor ties
the capacitor to ground. Since the ripple voltage flows through the resistor
to ground, the meter is connected across

this resistor. This stabilizes the reading
and is also of considerable help when
ripple waveforms are photographed.
Also connected across the output is a
bleeder resistor, Rm. (normally a part
of the power supply), variable load resistor R,., mdliammeter I.., and volt-

voltage is measured simultaneously
with the load -current measurements, as

the ripple voltage will vary somewhat
with the load current. Measurements
arc generally made at 100, 50, and 10
percent of the load current ratings and
for various values of line voltage. Care
must be taken when one is measuring

meter

for measuring the output

voltage under various load conditions.

Slow drifts and transients may be
expected in this type of power supply
and are the result of line -voltage fluctuations, which is perfectly normal for
an unregulated power supply. For a
regulated power supply the waveform

regulated

power supplies employing
automatic crossover or current -limiting
circuits, that they remain in the in-

tended mode of regulation under all
conditions of loading; otherwise, they

images are quite steady.
Ripple voltage may be calculated:

appear to have poor regulation.
Ripple voltage is measured in milli-

volts, and for a well -designed power
supply (employing feedback), it is less
than 1 millivolt, the ripple frequency

Percent ripple voltage =
where,

ac volts
x 100
dc volts

ac volts is the measured ripple volt-

appearing at 120 Hz, 240 Hz, and higher.

age,

If the frequency of the ripple is unre-

de volts is the measured output voltage.

lated to the line -voltage frequency, the
ripple is, as a rule, caused by interference from nearby equipment.

The amount of ripple voltage in decibels below the maximum dc voltage is:

The circuit in Fig. 23-163 is a typical unregulated power supply and has
been selected to illustrate the various

20 Logic

dc voltage
ac voltage

where,

points where ripple voltage can be mea-

dc voltage is the maximum voltage
under normal load conditions,
ac voltage is the ripple voltage under

sured, and the equipment required to
measure the ripple.
Connected across the output of the

the same conditions.

OSCILLOSCOPE

O
0
9

0 Oil (PAPER OROIL)
0

vm - (AC)
RIPPLE VOLTAGE

Fig. 23-163. Circuit for measuring the load characteristics and ripple voltage of a
power supply. The filtering efficiency may be observed or measured at points A to C.
Ripple voltage is measured at D.
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Ripple

voltage for

a

1 527

well -filtered

supply is usually on the order of 80 to
120 dB below the maximum de voltage
at the normal operating current. The
ripple voltage is measured at points A,
B and C. The waveform shape at these
various points is indicated above the
filter sections. It will be observed the
waveform at the output of the rectifier

(full wave) has sharp peaks, with a
slight flattening off at the peak. At the
output of the first choke (point B), the
waveform approaches a sine wave, but

rounded at the peaks. After being
filtered by the second choke (point C),
the ripple voltage is reduced to almost
is

pure dc, or may have a very small pulsation. If the filtering efficiency is suspected and electrolytic capacitors are

Ripple factor
where,

-X
100
E ..

F.., is the peak -to -peak ripple volt-

age at the output of the supply,
E, is the peak -to -peak ripple voltage

at the output of the rectifier.

23.764 Describe o method for measuring power -supply load characteristics.

-In Fig. 23-164A is shown a method for
measuring the load and line regulation
of a constant -voltage power supply. In
setting up for measurement, several
precautions must be observed. The accuracy of the meters should be 1 per-

cent or better, and they must be connected directly to the terminals of the
power supply to eliminate any error
caused by voltage drop in the connect-

used in the filter system, they should

ing leads. If clip leads are used, they

be disconnected and others substituted,
and the ripple voltage measured again.
Filtering efficiency varies with the
type and number of filter sections. Different values of ripple voltage and
waveform shape may differ from those

must make good contact, as the internal
impedance in a well -designed power
supply may be on the order of 1 milli ohm (0.001 ohm). Soldering the leads,
where permissible, will eliminate high resistance connections.
Load resistor R., must be wirewound
and operated at about one -tenth its
rated power dissipation. This is necessary to prevent the surface temperature
from rising to only a small amount
above the ambient temperature. Failure
to observe this precaution will result
in a surface bubble on the resistor, with
a corresponding change in the value of

indicated for this example. For electronically regulated supplies the waveform may contain spikes, which, when
measured with an ordinary voltmeter,
will not be indicated. Therefore, an oscilloscope must be used. Ripple voltage
of this character is caused by the semiconductor rectifiers as they switch from
nonconduction to conduction. For current -regulating power supplies, the

current ripple rather than the voltage
ripple is of primary importance.
Ripple factor is a term used to in-

the resistance. This can cause shortterm variations in the measured voltage drop that are not the result of output current changes.

dicate the amount of ripple voltage suppression contributed by the filtering
system or regulator, and it is a ratio

The voltmeter and ammeter (if ac
operated) must be fed from a separate

expressed as a percent of the output
ripple voltage to the input ripple volt-

line feeding the power supply, to eliminate line voltage variations to the instrument. The line should be nonregu-

age:

circuit or front one isolated from the

vARl ABLE

ME TEAS MUST
CONNECTED ()AMC TO'

min TRANSFORMER

TO P/S TERMINALS

Fig. 23-164A. Circuit for measuring load and line regulation of a constant -voltage
power Supply.
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VARIABLE
MITOTRANSFORMER

CONNECTED DIRECTLY

TO THE P/S TERMINALS

s-

AC INPUT
PKINRESULATCO

POWER
SUPPLY

-VU
AC

Pt

MOINTORINO
RESISTOR

METER MUST BE
CONNECTED

DIRECTLY TO TiE
RESISTOR TERMINALS

DC -AMMETER

Fig. 23-164B. Circuit for measuring load and line regulation of a constant -current
power supply

lated and of good waveform. Failure to
observe the latter precaution may result in distortion of the line voltage
waveform fed to the power supply and
thus affect the power -supply characteristics. In the instance of a power supply employing a SCR regulator, serious

malfunctioning of the firing circuit

is

possible.

The line voltage is set to 117 volts
and the de load is adjusted for o reference current and voltage. The auto transformer is then varied from 105 Vac
to 125 Vac, then back to 105 Vac again,
and the variation is noted for different
line voltage settings. For a well -regu-

lated supply, the output voltage will
remain almost constant.
Load regulation as measured by
opening and closing switch Si and not-

ing the change in output voltage while
the line voltage is varied over the range
of interest. Notice should be taken in
which direction the output voltage
changes. If the output voltage drops
with an increase in load current, thus is

[LERG TROWCAL.1.1,

EOULATFO

indicative of

a

positive resistance at

direct current, whereas an increase of
output voltage with an increase of load
current indicates a negative output
resistance.

The measurement of constant -current power supplies (Fig. 23-164B) is
somewhat similar. However, series -current monitoring resistor R1 must be
small in value (about 1 ohm or less) in
order that the voltage drop across it is
only a fraction of the total output voltage. It must he wirewound and have an
accuracy of
percent or better.
1

The value of load resistance R.

is

chosen so that a voltage drop across it,
at the current level of the measurement,
is equal to the voltage rating of the

power supply minus the voltage drop
across resistor R,. SI is connected in
parallel with load resistor R, to measure the current regulation between a
low voltage (equal to that across R.)
arid the maximum rated voltage of the
supply.

The de meter may he a differential
or digital voltmeter, a dc oscilloscope,
or any other type of instrument capable of accurate measurement of the
voltage drop across RI.
Load variations are measured by
closing switch SI and noting the change

in output voltage as measured across
RI while the supply is operated at various values of line voltage. Load regulation is then:
RI
L. - Volts across
RI
,

Figure 23-164C compares typical reg-

ulation curves for different types of

0
CO

power supplies, both regulated and non -

Fig. 23-164C. Comparison of regulation
characteristics for power supplies.

regulated, plotted percent no-load versus percent output current. It is apparent that the regulated type of power

75
25
50
PERCENT COV wee OUTPUT VOL AOC
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Cs

it
DC OUTPUT
TERMINALS

PIT

RECTIVEB
AND
REGULATOR
CIRCUITS

Rs

'a

Fig. 23-165A. Leakage paths in a power supply.

CASE

output and ground, shunt capacitance
between output and ground, noise between output and ground, capacitance
between ac input and dc output, and

-0
OUT

AC

ALEGGER OR

POWER
SUPPLY

IMGCtmlIETER

the insulation breakdown voltage to
ground. Isolation measurements are
necessary if it is desired to evaluate

GNO

0

GNO

the power supply output potential above

ground, reduce the effects of ground
currents, or when the load requires a
floating power supply.
An elementary diagram of a typical
power supply with its various leakage
paths is given in Fig. 23-165A. Resistor

Fig. 23-1658. Measuremen of leakage
resistance between output and ground.
CASE

OUT

AC

POWER _
SIPPLY

__-

R.. represents the leakage from both the
positive and negative terminals to

ImPEOANCE
BRIDGE

ONO

ground (case) and to other points in
the circuitry. Capacitance C. is the

GPI

-4

stray capacitance from the primary side

23-165C. Measurement of shunt
capacitance between output and ground.
Impedance bridge must be isolated from
power supply when it is activated.
Fig.

of the power transformer to all points
associated with the dc output.
Measurements of the leakage resist-

ance between the output and ground
are made with the power supply dc ac-

tivated. The ac input and ground terminals are shorted, and the resistance

quite superior
to that of the unregulated type.
23.165 Describe the procedure for
measuring the isolation of a power supply.-To properly evaluate the isolation
characteristics of a power supply, five
different measurements are necessary.
They are: leakage resistance between
Supply characteristic

is

is measured between the output termi-

nals and ground, using a megger or
megohmmeter (Fig. 23-1658). If a
group of power supplies are to be comthese measurements must he
made at the same relative humidity.
pared,

CASE

OSCILLOSCOPE

0

o-

AC

OUT

POWER
SUPPLY

AL
GND

/
NI il)

GND

Fig. 23-165D. M

ement of noise current between output and ground.
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OSCILLOSCOPE

SIGNAL
GENERATOR

CS

POSER
SUPPLY

0

OUT

*

GAO

VOLTS

RI

6

0

GNO

Fig. 23-165E. Measurement of capacitance between ac input and dc output.
Measurements of shunt capacitance
between output and ground are made
in the same manner, except that an

ohm resistor RI connected from either output terminal to ground while

impedance bridge is used. It is possible

meter

for the shunt capacitance to be of a

across resistor RI for monitoring purposes. Similar measurements are also

different value when the power supply
is activated. This may be measured
also by the use of an impedance bridge;

however, the bridge must be isolated
in such a manner the dc output from
the power supply does not damage the
bridge. At this time an oscilloscope

should be employed for checking the
existence

of

grouud

loop

currents,

which can affect the impedance bridge

readings. With the supply unit acti-

the power supply
or

is

activated. An ac

oscilloscope

is

connected

made using a 100 -ohm and 10,000 -ohm
resistor. If II is a constant -current
source, the voltage measured across

10,000 ohms will be ten times greater
than that across the 1000 -ohm resistor

If the supply or load circuit employs
capacitors between the output terminals and ground, it is likely that a
linear relationship will not exist across

ply and ground. Connections for this
test of shunt capacitance are given in

resistor RI.
Transformer leakage is measured as
shown in Fig. 23-165E. It represents the
mechanism by which common -mode
signals on the ac line are coupled Iongitudivally to the dc outpnt. Capaci-

Fig. 23-165C.

tance C. cannot be measured by an

Noise measurements are made as
shown in Fig. 23-165D. Noise is generated mainly from capacitance coupling
between the chassis and points m the
circuitry having a large or high -frequency potential. Because of the small
equivalent capacitances and high voltages associated with them, the noise
source is generally represented as a

impedance bridge, since it is not separable from the other existing capacitances. Capacitance C. is measured by
injecting a signal -generator voltage be-

vated, the bridge null may not be very
sharp because of noise injected be-

tween the output terminals of the sup-

high impedance or current source which

Injects noise from the chassis into the
output terminals. Noise may be defined
as the voltage appearing across a 1000 -

CASE

23-165F. Measurement of breakdown voltage between ac input and dc
Fiq.

nutput to around.

tween

the

chassis

ground

and

the

shorted output terminals. Resistor RI
(1000 ohms) is connected between the

output terminals and ground. The oscilloscope is used for monitoring the
signal and to detect arty form of signal
not connected with the measurement.
A tuned voltmeter is useful in making
this measurement.
The final measurement consists of
measuring the voltage breakdown to
ground (Fig. 23-165F). The ac input

terminals are shorted to ground, and a
high -voltage test set is connected between the ac and the de output terminals. The high -voltage test unit must
have a high internal resistance so that
when a voltage breakdown occurs in
the power supply the insulation is not
damaged. In most instances the mica
washers separating the transistors from
ground in a heat sink will withstand
about 1000 volts per mil of thickness.
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Fig. 23-I66A. Test ci cuit for calibrating an oc meter using a dc meter and battery.
All grounds must be removed from the circuit or on isolating transformer used in
the oc line.

As a rule, a test voltage of 500 to 600
volts is sufficient
23.166

How con on ac voltmeter be

calibrated, using a dc source -1f a dc
meter of sufficient accuracy and a cathode-ray oscilloscope are available. ac

voltmeters may be calibrated or rechecked without the benefit of an ac
standard meter. The oscilloscope is first
calibrated, using a source of battery
voltage as shown in Fig. 23-166A with
the ac portion of the circuit disconnected. The input control of the oscilloscope is set for dc input, and the sweep

speed is adjusted for about 10 microseconds, or a sweep without a flicker.
The trace is centered on the graticulecenter reference line. If the oscilloscope
has a de balance control (usually a

screwdriver control), it must be balanced to remove any deflection of the
beam when the input attenuator is adjusted. The attenuator is now adjusted
for a convenient deflection of about 2
centimeters above and below the reference line Reversing the polarity of
the battery, the deflection should be
exactly the same amount in the other
direction. The graticule is now ready
for calibration.
6014 AC
SIGNAL

DC DEFLECTION

REFERENCE LINE
DC DEFLECTION

Fig. 23-1668. Oscilloscope graticule with

dc calibration lines and oc signal.

Suppose that an ae voltmeter having
a 10 -volt scale as to be checked. Apply
a dc voltage equal to the peak value of
10 volts ac to the oscilloscope, or 14.141
volts, using batteries or a regulated
power supply. Mark both the upper and
lower deflection points. Leaving all controls set, disconnect the dc circuit, and
substitute the ac circuit. AJjust the
autotransforrner for a deflection on the

oscilloscope exactly equal to that obtained with the dc input signal. The ac
meter should now read 10 volts. Other
scales may be checked using the same
procedure, always remembering that
the dc voltage must equal the peak
voltage of the deswed ac deflection. (See
Question 25.149.)

Although many vacuum -tube voltmeters actually read peak -to -peak voltage, they are calibrated to read the rms

value of a sine wave. (See Questions
22.98 to 22.102.) As a matter of safety,
if an autotransformer is used in the
ac calibrating side of the circuit, a 1:1
isolation transformer should be used to
isolate the calibrating circuits. Also, the
ground (if any) must be disconnected
from the oscilloscope ac power cable

by the

use of an ac isolating plug.
(The alternate method to this is to
phase out the ground side to all equipment, as shown.) If an isolating transformer is used, the ground may be left

on the oscilloscope.

For the calibration of ac scales of 5
volts and below, four mercury cells
connected in series may be used; however,

there

are

some

disadvantages
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when more than three cells in series
are used. (See Question 25.8 )
23.167 How is the voltage calcu-

lated for calibrating a VU or VI meter
for a given reference power?-The meter is connected in parallel with the
source of calibrating voltage as shown
in Fig. 23-167. The voltage for any reference power may be calculated by:

Volts = P x R
where,

P is the reference power,

R the impedance of the circuit for

which the meter is to be calibrated.

Thus, if a meter is to be calibrated for
a reference power of 6 milliwatts in a
600 -ohm circuit:

volts: and if read on a 150 -volt
142 volts. Operating voltages in
transistor and resistance -coupled devices must be measured by a meter of
at least 10 megohms of input resistance
if a true reading of voltage is required.
146

scale,

Such meters are discussed in Section 22.
23.169 What is the proper way to

connect a rollmoter and an ammeter in
the some circuit?-Two methods may be
used, as shown in Figs. 23-I69A and B
The first method is used when the load
current is large. The second method is
used when the current load is small.
In the first instance with the load
current being large, the additional cur-

rent drawn by the voltmeter is of no
consequence. However, if the load current is small (on the order of a few

milliamperes), the current drawn by
the voltmeter might result in an erro-

Volts = V0.006 X 600

neous indication.
23.170 How can a simple capacitor
tester be constructed using on cc volt-

= V3.6
= 1.89

meter or milliammeter?-As shown in
The calibrating source does not have to

be equal to the impedance for which
the meter is to be calibrated. Any impedance will suffice if the voltage is
equal to 1.89 volts. (See Question 10.42.)
23.168 Can a 1000 -ohms -per -volt
meter 6e used to measure the operating
voltages of transistor Of resistance -coupled amplifiers?-No, because of the

current drawn by the meter, which in
the instance of a 1000 -ohms -per -volt
meter, is I milliampere. In measuring

Fig. 23-170. An ac voltmeter with either
a copper -oxide or selenium rectifier is

connected in series with a source of
115 volts ac and the capacitor. Capacitors of known value are connected as
shown, and the meter scale is calibrated
to read directly in capacitance.
A second method is to connect an ac
milliammeter of 1 -milliampere range
in place of the voltmeter. However, this

will require a series resistor similar to
a voltmeter multiplier. If the meter is

the voltage of a transistor or resistance coupled amplifier stage, the increase in

calibrated for 60 Hz, it can only be used

current due to the meter will increase

hration will be in error. The value of
an unknown capacitor may be calculated by reading the current through

the voltage drop across the circuit being
measured, resulting in an erroneous
reading, and in the case of transistors,

on that frequency; otherwise the cali-

possible damage.

Consider a circuit to be measured

LOAD

containing a 47,000 -ohm resistor with a
true voltage drop across it of 155 volts,

using a meter with a l0-megohm input
resistance. If the same voltage is measured again, using a meter of 1000 ohms
per volt (300 -volt scale) the indicated

Fig. 23-169A. Method of connecting on
ammeter and voltmeter when the load
current is large.

voltage drop will be on the order of
LOAD

OSCILl ATOR
COON:

Fig.

1.89 V

23-167. CiftUtt for calibrating

VU meter for a given reference level.

a

Fig. 23-1698. Method of connecting on
ammeter and voltmeter when the load
current

is

small.
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a 10-picofarad capacitor in parallel with
it. Measure the combined capacitance,
remove the 5-picofarad capacitor, and

C

i IS VAC

AC VOLT
METER

measure

10-picofarad

capacitor

measurements is the value of the
smaller capacitor. When these measure-

(a) Using an ac voltmeter.

ments are made, the capacitors must
be directly connected to the terminals
of the bridge to reduce the stray capacitance to an absolute minimum.
The residual or stray capacitance of
a bridge may be measured by balanc-

*-1
0-I
115 VAC

the

alone. The difference between the two

mA
AC

(b) Using an cc milliamnieter
Fig. 23-170. Circuits for simple capacitor meter.

ing the bridge with the capacitance terminals open. The value of capacitance
read is the internal stray capacitance
and is the factor that limits the lowest
value of capacitance that can be mea-

sured with that particular bridge. In
the milliammeter. The capacitance
then equal to:

is

some types of measurements, the residual or stray capacitance is subtracted

from the measurement; however, this
would only be done in the case of an
extremely small value of capacitance.

C=Br I
2rrfE

where,

E is the line voltage,
f is the frequency,
I is the current as read on the milli ammeter.

The foregoing test circuits are for oil or paper -type capacitors only. Electrolytic capacitors have high leakage and
cannot be read by this method. Capacitor testers suitable for use with electrolytic capacitors are discussed in Question 22.34.
23.171

Bridges such
Question 22.33

stray capacitance due to their design

those

described

in

as a rule have from 2

to 5 picofarads of stray capacitance.
When one is using a capacitance

bridge for the first time, difficulty may
be experienced when attempting to
measure small values of capacitance.
This difficulty can be overcome by

grounding the shield of the bridge or

by the use of a guard circuit which
offsets

What is the substitution
method of measuring eopocotancel-Because capacitance bridges have internal

as

the

capacitance

between

the

bridge and ground.
I/ there is any doubt as to the accuracy of a bridge, standard capacitors
may be connected and measured using

and circuitry, capacitors of 10 picofarads
(0.00001 µF) or smaller are !sometimes

different grounding methods to elimi-

difficult to measure due to the residual
capacitance of the bridge being larger
than the capacitance to be measured.
When this situation is encountered, the
substitution method of measurement is
used. As an example, if a capacitor of
5 picofarads is to be measured, connect

a rule, the manufacturer of a particular bridge supplies information relative

nate the effect of stray capacitance. As
to grounding methods.
23.172 How may complex waveforms be generated?-A simple method
of generating complex waveforms is
shown in Fig. 23-172A. For the precise

Fig. 23-172A. Three oscillators connected in series for the purpose of generating
complex waveforms.
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lamp may help to reduce the distortion.
Also, the more accurate the balance between the two sides of the bridge, the

lower will be the harmonic distortion.

Fig. 23-172B. Resulting complex waveform when three oscillators
nected in series. Frequency

ore

fl

is

conthe

fundamental; f2 and f3 ore the second
and third harmonics.
production of such waveforms a rather
complicated setup is required. However,

(See Questions 22.47 and 22.48.)
23.775 How may two audio oscillators be connected in parallel for calibration without pull -in? - By connecting

them in parallel using a parallel -T network as shown in Fig. 23-175. The outputs of the standard oscillator and the
uncalibrated oscillator are set to the
same output level by observation of the

level on the null indicator. When the

for simple displays the circuit shown
will suffice. The three oscillators are

uncalibrated oscillator is tuned through
the same frequency as the standard, the

connected in series, with a gain control

pointer of the meter will swing hack
and forth over a wide range. As the

at each output. The final waveform is
observed by means of an oscilloscope
connected across the output of the last
generator.

Hy setting the oscillators to different
frequencies and amplitudes, complex
waveforms are generated. A typical
waveform appears in Fig. 23-17213.
23.173 Do oscillators generate subhormonics?-No, not unless they are

used in conjunction with a frequency
divider which will generate subharmonies of the oscillator fundamental
frequency. Frequency dividers arc often

used with frequency standards as de-

frequency of the uncalibrated oscillator

is brought nearer to the frequency of
the calibrated oscillator, the swing is
reduced. When they are both at the
same frequency, the pointer will be at
a minimum deflection or at zero beat.
(See Question 23.178.)

Beat indications will he obtained at
frequencies one-half and twice the frequency of the standard. However, frequencies beyond these will not he
indicated. Submultiple or harmonic fre-

quencies will be of considerably less
amplitude than the fundamental fre-

scribed in Question 22.40.
23./74 How con the internal distortion in on oscillator be reduced?-By
the use of an external bandpass or lowpass filter. However, as this method requires a separate filter for each fre-

quencies.

quency, it becomes rather impractical.
If the oscillator is of the Wien -bridge

scope screen

type,

the distortion can generally be

reduced by adjusting the feedback loop

to the bridge circuit and by the selection of tubes. If the instrument uses a
lamp in the cathode circuit, a selected

If an oscilloscope is connected as
shown, the beat will be indicated by
a winking or a change in amplitude of
the observed signal. Zero beat is the
point where the signal on the oscillois

at a standstill and of

minimum amplitude.
A much more satisfactory method of
calibrating oscillators is explained in
Question 23.176.

23.176 HOW are Lissojous figures
used for frequency calibration?-By con UNLALIBRATED
OSCILLATOR

STANDARD
OSCILLATOR
0001

0001
05C LLOSCCPE

NULL
INDICATOR

Fig. 23-175. Parallel -7 network connected in the outputs of two oscillators, to prevent pull -in during colibrotion.
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Fig. 23-176A Method of calibrating on oscillator against a

oC)
STANOARD
OSCILLATOR

LINCALIBRATED
OSCILLATOR

V

frequency standard.

necting a frequency standard or a cali-

the number of cycles per second the

brated oscillator to the vertical input

uncalibrated oscillator is off calibration
from the standard. If calibration is held
to within 2 percent of standard frequency, this is generally satisfactory.
However, if oscillator is stable, it can
be calibrated to within less than 1 percent without too much difficulty.

of the oscilloscope and the oscillator to
be calibrated to the horizontal input as
shown in Fig. 23-176A.
Suppose an oscillator is to be calibrated against a frequency standard
similar to that described in Question
22.40. The frequency standard is set to
1000 Hz and the dial of the uncalibrated
oscillator is rotated until a circular
pattern as shown at (a) of Fig. 23-176B

This pattern indicates a
ratio of 1:1 and is obtained when both
the standard and the uncalibrated oscillator are set to exactly the same freis obtained

Assume the next frequency to be
calibrated is 2000 Hz. If the frequency
standard does not supply this frequency,
a Lissajous figure indicating a frequency ratio of 2:1 will be used, as in
(b) of Fig. 23-176B. The pattern now
has one loop in the vertical plane and
two in the horizontal plane. For 3000

future calibrations.

Hz, a 3:1 configuration is used as shown
in (c). For even multiples of the 1000 -

If the circular pattern slowly drifts
toward an oval, then a diagonal line,
and back again to an oval and then a
circle, it has passed through one complete cycle. The number of cycles the
pattern passes through in second is

Hz standard freqnency, the ratios will
be 4:1, 5:1, and so on. For frequencies
that are not multiples of the standard
ratios, patterns such as 3:2 and 4: 3 are
employed. The frequency of the uncalibrated oscillator is determined from the

quency. It

is

the starting point for

1

(X)
(a)

1:1

(e) 4:3

(i) 4:5

(b) 2:1

(c) 3:1

(d) 3:2

(f)

(g)

(h) 2:3

1:2

fp Open
Fig. 23-1768. Lissajous figures.

loop.
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equations in Question 23.177. As the

Lissajous figures are not dependent

higher frequencies are approached, a
higher frequency is employed for the
standard to reduce the difficulty of
standard frequency, say 500 Hz, a con-

on the applied frequency or frequencies. The pattern indicates only the
ratio existing between the applied frequency and that of the standard. By
proper interpretation of the patterns,
various frequencies may be obtained

figuration with two loops will be ob-

using

served. except the loops are now in the
vertical plane rather than the horizontal, as in (f) of Fig. 23-176B.

Headphones may be connected across

counting the loops.

For frequencies below the lowest

Several patterns that arc used for
frequency are shown in (g) to (i) of Fig.
23-17613. If available, a low -frequency
frequencies

below

standard should

the standard

be

used

to

aid

in

counting the loops.

An incomplete loop is shown in (j)
of Fig. 23-1768 and may be used when
calibrating, if the ratio is definitely
known. However, because incomplete
loops are rather difficult to identify, the
complete loop is generally used.
23.177 What is the equation for
calculating the frequency ratio horn
Lissajous figural-- For frequencies
greater than that of the standard freo

quency:
F.

TAX F.

where,

L. is the number of loops in the horizontal plane,

L. is the number of loops in the vertical plane,

F. is the frequency of the standard,
F. is the unknown
For frequencies below the standard:
F. z --

F.

A typical example is the 4:5 ratio at (i)
of Fig. 23-17613. If the standard is 1000
Hz, the unknown frequency is 1000/1.25,
or 800 Hz

a

single

standard

frequency.

the output of the uncalibrated oscillator to determine whether the output
is above or below that of
the standard. This will be of help in

frequency

the interpretation of the patterns.
23.718 What does the term "zero
beat" meant-it Is a well-known fact
that when two frequencies are combined or beat against each other, a
third frequency called the difference or
beat frequency is produced. The third
frequency will vary if one oscillator is
held constant and the frequency of the
other is varied.
Fig. 23-178A is a plot of the beat
frequency against the audible range of
frequencies. When the difference frequency is above audibility, no sound is
heard, as indicated by the shaded area
of the graph.
If the variable oscillator is varied

from a low frequency, starting at the
left and indicated by the letter (a), no
sound is heard because the beat frequency is above the range of audibility.

Increasing the variable oscillator frequency causes the difference or beat
frequency to decrease until it reaches
point (b). Here it is quite low in frequency and sounds more like a series
of clicks than a smooth tone. As the
variable oscillator is continued toward
the higher frequencies, the beat frequency becomes lower and lower until
it becomes inaudible This is the point,
called zero beat, at which the frequen-

If the standard oscillator is replaced
by

a

secondary

frequency

standard

similar to those described in Question
22.40, a different method is used for
frequencies other than those normally
supplied by the standard. As a rule, a
secondary frequency standard supplies
output frequencies which are multiples
of a master crystal -controlled oscillator
contained within the standard. For calibration of frequencies not supplied by
the standard, Lissajous figures are employed in conjunction with an oscilloscope.

AuD BLE
RANGE

vARIAPt E

OSCILLATOR 7
Aqin

Ip

ZERO
BEAT

Fig. 23-178A Relationship of a beat
frequency to one fixed and one variable
oscillator.
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used to balance the bridge. The null
indication can be sharpened by the use
cf a bandpass or low-pass filter in the

riveri
osoLukroa

signal source.
23.181
s-iosa
vaitiaar,c
oscisLarou

How may on oscilloscope be

used for measuring current?-By mea-

the voltage drop across a shunt
resistor connected in series with the
circuit carrying the current to be measuring

sured.
Fig. 23-1788 Two audio oscillators connected in parallel to produce a difference frequency. The pads prevent the
oscillators from pulling into the same
frequency.

cies of the two oscillators are exactly
the same.

the variable oscillator is passed
through the zero point and its frequency continues to be increased, the
beat will be heard again and will in-.

The screen of the scope is calibrated

in voltage and the current calculated
using the equation:

E is the voltage

shunt,

point (d) and passes into the inaudible frequency area again.

Oscillators may be calibrated using
the beat method described by connect-

ing them in parallel and listening to
their outputs with headphones. To prevent the oscillators from being pulled
in by each other, it is desirable to con-

nect a pad of 6- to 10 -dB loss in the
output of each oscillator, as shown in
Fig. 23-178B.

Beat -frequency oscillators are constructed using the previously described
method of producing a difference fre-

drop across the

R is the resistance of the shunt in
ohms,

If

crease in frequency until it reaches

E
Ft

I

where,

is the current through the shunt
23.182 How may the sensitivity of
a dc meter movement be riscasured?-

By connecting the meter movement in
series with a source of current, a variable resistance and a milliammeter as
shown in Fig. 23-182 The current is
measured for a full-scale deflection of
the unknown meter.
23.183 Show a simplified method
for measuring the impedance of a

capacitor.-The capacitor to be measured is connected in parallel with a

decade resistance box, a vacuum -tube
voltmeter, and an oscillator as shown
in Fig. 23-183. Resistor R. of approxiCAE. MTR

quency, using radio -frequency oscil-

lators. Such oscillators are described
in Question 22.51.
23.179 What is an A/8 test7-A
comparison of two similar devices un-

der the same electrical, acoustical, or
optical conditions, When such tests are
made, as in the instance of speaker systems, the two speaker systems are con-

nected to a switching arrangement so
that they may be switched while listening to program material using the same
electrical or acoustical output levels.

UNKROMY
ME TER

Fig. 23-182. Circuit for measuring the
sensitivity of a dc meter movement. A
milliammeter is connected in series with
the unknown meter. The resistor R is ad-

justed for a lull -scale deflection of the
unknown movement.

Generally, such tests are made nrider
closely controlled conditions so that a
direct comparison can be made and
conclusions drawn
23.180 How con the null indication
of an ac bridge be horperred?-A poorly

defined null indication is caused by the

presence of a considerable amount of
harmonics in the signal source being

23-183. Simplified circuit for measuring the impedance of a capacitor.

Fig
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mately 10,000 ohms is connected in

series with the output of the oscillator
to raise its internal impedance.
The measurement is made by first

display was the exception rather than
the rule. However, older instruments
may be made to display multiple signals
by the use of an electronic switch con-

disconnecting the decade resistance box
and setting the oscillator to 60 Hz for a

nected to the vertical amplifier.
If the input and output signals of an

convenient reading on the meter. The
decade box is then connected and ad-

amplifier

justed for a shunt value that will reduce

the reading on the meter 3 dB below
the reference point. The impedance of
the capacitor is then equal to that of
the decade box.
The

impedance

measured

in

this

(or other device) are to be

observed simultaneously, an electronic
switch is connected to the input of the
oscilloscope vertical amplifier, with a
lead taken from the output of the signal
under observation to the external trigger circuit of the oscilloscope, to synchronize and stabilize the display (Fig.

manner is only at a frequency of 60 Ilz.
The impedance of the capacitor increases with a decrease in frequency. If
a number of capacitors are to be measured, the decade box must be discon-

23-194A).

nected, and the reference voltage reestablished for each capacitor. It will
be noted that capacitors labeled to have
the same capacitance will have slightly
different impedances at the same frequency. This is caused by variations in
manufacturing tolerances.

may be displayed by the use of two

Electrolytic, paper, oil, and other

By proper adjustment of the electronic switch controls, the two waveforms can be separated for comparison
and individual study. Three waveforms
electronic switches, as shown in

Fig.

23-184B.

Fig. 23-184C shows the appearance of
a single waveform with a base line. This

display is obtained by using one electronic switch. The two input gain controls are set to zero, and the two hori-

types of capacitors also can be measured with this method. Approximate

zontal

values of impedance at GO Hz for capaci-

control of the input signal to be ana-

tors of different sizes are given below.

lyzed is advanced for desired image size.
The second gain control is left closed,

Value
(AF)

Impedance

0.10

26,500

40

66.5

1.0

2655

100

26.5

5.0

532

500

5.32

10.0

265

2,000

133

20.0

133

(ohms)

Value
(pF)

Impedance
(ohms)

traces

are

superimposed

by

means of the position control. The gain

providing the base line or trace.
Fig. 23-184D shows two waveforms
separated for comparison by adjusting
the position control for the desired
separation.

Fig. 23-184E shows the appearance
two waveforms superimposed for
direct comparison, while Fig. 23-184F
of

shows two traces adjusted for phase
23.784 How is an electronic switch
connected to on oscilloscope for displaying two signals simultaneously? -1s,

difference measurement. The two traces
are superimposed by means of the position control, and then both gain controls

the older type oscilloscopes, dual -trace

are advanced until both of the wave SYNC SIGNAL

CRO

filCTRONC
SMICis

t

it

OUT

®S...._.

__..,,

o

/(06001NC
A ANO 0
SIGNAL

Fig. 23-1844. Method of connecting an electronic switch for the simultaneous observation of two waveforms.
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SYNC SIGMA.

COMBINED

A

A.9 AND C

INPUT

SIGNALS

SIGNALS

Fig. 23-184B. Method of connecting two electronic switches for the simultaneous
observation of three waveforms.

forms are clearly visible. The phase
angle may be computed:

Xi
= 180= degrees
X
2

where,

X, is the distance between the lead-

ing edges of the two waveforms,
X. is the distance between the two
waveforms at their base line.

Fig. 23-184G shows a pattern obtained

by the use of two electronic switches
in tandem for displaying
three waveforms simultaneously. Two
of the waveforms are superimposed by
connected

Fig. 23-184D. Separation of two traces
when using an electronic switch.

means of the position control of one
instrument, while the other waveform is
displayed by means of the position control of the second instrument.
23.185 How may a cross -modulation oscillator used for photographic film recording be tested for proper

functionine-The oscillator panel is adjusted for various output signal levels
in a manner normally employed for recording cross -modulation tests on film.
The cross -modulation test panel containing a 400 -Hz bandpass filter is
patched to the output of the oscillator

Fig. 23-184C. Waveform with base line
when

using an

electronic switch.

23-184E. Superimposition of two
waveforms for direct comparison.

Fig.

Fig. 23 184F. Measuring the phase angle
between two waveforms.
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Fig. 23-185B. Method used for the calculation of percentage modulation of
cross -modulation oscillator. This method
of measuring percentage modulation may
be applied to any amplitude -modulated
system.

Fig.

23-184G.

Appearance

of

images

when two electronic switches arc connected in tandem for displaying three

the graticule, or a total spread of 20
lines. The percent of modulation may
be computed:

% modulation -

waveforms simultaneously.

with a repeat coil between as shown
in Fig. 23-185A. The repeat coil is a

E... is the maximum swing of the
carrier voltage,

necessity to prevent leakage and the

1E.1,,

The

cross -modulation

products of

tion 19.233. A cross -modulation oscilla-

tor measured in this manner should
show a cancellation of at least 60 dB or
better. The harmonic distortion of the
individual oscillators should not exceed
2 percent. If the oscillator panel employs a fixed ratio of modulation between the oscillators, the percent of
modulation may be measured by the
use of an oscilloscope. The image on
the oscilloscope screen, as in Fig. 23185B, is adjusted for a ten -line deflection above and below the center line of

is

the minimum swing of the

carrier voltage.

formation of ground loops.

the oscillator section are measured in
the same manner prescribed for the
measurement of sound tracks in Ques-

Eva" x 100

where,

If the percent of modulation is 75, the
minimum swing will cover 2.96 lines,
or a swing of L43 lines on each side
of the center line.
This method of measuring the per-

cent of modulation may be used for
computing the percentage modulation
for any amplitude -modulated system.
23.186 How is the percent of modulotion of o radio transmitter measured?

-The percent of modulation of a radio
transmitter may be measured in two
different ways. The first is to connect a
coupling coil to the vertical amplifier of

an oscilloscope and place it near the
tank coil of the radio transmitter, as in
Fig. 23-186A. A pattern of the modn-

OSCILLOSCOPE

CROSS

MOOULT ION
OSCILLATOR
PANEL

Fig. 23-185A. Connections for measuring the crotsmodulation products and percentage of modulation of a cross -modulation oscillator used for photographic film
recording.
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ANTENNA

t.
Max.

23-1 86D. Trapezoidal modulation
pattern from setup of Fig. 23.186C.

Fig.
PICKUP
COIL

OSCILLOSCOPE

Fig. 2.3-186C.) This results in a trapezoidal pattern as shown in Fig. 23-1861).
23.787 How may the sound-trons

mission toss of a motion picture WWI
0

vr.

Fig. 23-186A. Connections for measuring the percentage modulation of a radio
transmitter using a pickup coil near the
tank circuit.

MIN

be measured?-By placing the screen in
front of a theater -type loudspeaker system and measuring the acoustical sound

level at a distance of 10 feet from the
center of the screen, using a sound level meter such as described in Question 22.94.

After the level has been measured
and noted, the screen is removed from
in front of the speaker system and the
acoustical level again measured. The
difference between the two acoustical
levels is the transmission loss of the

screen at a particular frequency.
Although there is no standard at the

Fig. 23-1868 An rf carrier with modulation from setup of Fig. 23-186A.

present time for such measurements,
good engineering practice would indicate that the loss at 6000 Hz should not

listed radio -frequency carrier will appear as shown in Fig. 23-1868.

exceed 2 dB with not more than 4 dB

The second method consists of con-

When such measurements arc made,
precautions must be taken to prevent
the formation of standing waveforms
in the area of measurement.
23./88 How may the frequency response of a loudspeaker be measured

necting the pickup coil to the vertical
plates of the oscilloscope and connecting

the horizontal plates to the modulation
transformer of the radio transmitter to
obtain an audio -frequency signal. (See

at 10,000 Hz, with reference to 1000 H7..

Fig. 23-186C. Connections for measuring the percentage modulation of a radio frans
mitter using a trapezoidal pattern.
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without an anechoic chamber) -In the
absence of an anechoic chamber, the

speaker of known quality is available,

loudspeaker to be used as a standard of

it and conclusions drawn.
Somewhat better results may be obtained if the measurements are made

comparison is set up in a room fairly
free from reflections. (See Fig. 23-188.)
A warbled tone from a warble oscil-

lator is applied to the amplifier driving
the loudspeaker. The acoustic output of

the speaker is picked up by a microphone, amplified, and read on a VU meter or vacuum -tube voltmeter, The microphone should be of good quality with
a wide frequency response, preferably a

ribbon -velocity or capacitor type. The
microphone is mounted on the center
axis of the speaker, approximately 2
feet from the diaphragm.
The amplifier system must be of uniform frequency response over a frequency range greater than that to be
measured from the loudspeaker. The
acoustic

level

from the

other loudspeakers may be compared to

outdoors on a roof, pointing the speakers

upward to prevent reflections. Distortion and sensitivity measurements may
be made with the same setup. Before
attempting a measurement as described,
the reader is referred to Question 23.80,

which describes how the frequency response of a microphone may be measured using the comparison method, as
both have several factors in common.
A relatively simple method, devised
by D. E. L. Shorter and G. A. Briggs, is
to place a microphone about 12 inches
in front of the speaker or enclosure. The
microphone is then covered with heavy

loudspeaker

woolen or blankets of Fiberglas. Frequencies of interest are applied to the

must be set to a value which does not

speaker and the response measured at

overload the microphone acoustically or
the preamplifier electrically.
Frequencies of interest are applied at
a constant level to the loudspeaker, as
indicated by the meter across the output

the output of the microphone preamplifier. If the characteristics of the mi-

of the amplifier. The variations in the

For frequencies of 1000 Hz or higher,
the microphone is left at 12 inches.
However, below this frequency the microphone is placed 36 inches away from
the enclosure. It is claimed by the suggesters that measurements made in this
manner are within 1 dB above 1000 Hz

frequency response of the loudspeaker
are picked up by the microphone and
read on the meter connected across the
output of the amplifier. The frequency
response obtained thus is plotted with
reference to 1000 Hz.

The standard speaker is then removed, the one to be compared is connected in its place, and the same measurement made again. The two response
measurements are then compared by
centering them on the 1000 -Hz refer-

ence frequency. It should be borne in
mind that a frequency -response measurement obtained in this manner is
not a true frequency response of either

crophone

are

known, they may be

taken into consideration when plotting
the results.

and below this frequency within 2 dB
of free -field measurements.
23.189 What is the effect of
making frequency, distortion, and power

measurements with an inductive termi-

nationl-Whenever an inductive termination is used for the preceding measurements

(such as

a

speaker), the

frequency characteristics will show a

loudspeaker because of reflections from

rising characteristic, because of the increase of the impedance of the termi-

the walls of the room, variations in the
frequency response of the microphone,
and other factors. However, if a loud -

nations are used when a distortion measurement is made, it is possible to have

nation with frequency. If such termi-

vu
METER
ATTEIS
TERM.

WARBLE

AMP

°SOLLA TOR
ACOUSTIC

METER

CHAMBER

Fig. 23-188. Test setup for comparing one loudspeaker against another. This measurement is a comparison only and should not be construed as a true measurement
of the characteristics of either speaker.
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120 as SHIELD

EXPLORING
COIL

23-190. Connections for
exploring coil and meter for
Fig.

SHIELD

A

50.000A
r

measuring magnetic fields.
TWISTED
MI {I

erroneous measurements. If a capaci-

tive load is used, the terminating impedance will show a decreasing output
as the frequency is increased. Terminating resistors must be noninductive
and capable of carrying the full power

output of the device under test.

(See

Question Z3-56.)
23.790 How con extraneous mag-

netic fields be explored?-By the use of
an exploring coil and vacuum -tube
voltmeter connected as shown in Fig.
23-190. The exploring coil should con-

sist of a fairly large number of turns
wound on an air core. The output from
the coil is carried over a twisted pair

in a shield which is grounded at the
receiving end as shown. The step-up
coil is required to bring the voltage
from the coil to a level suitable for
measurement by the vacuum -tube voltmeter. A 30 -ohm -to -50,000 -ohm input
transformer with 120-d13 shielding
makes a quite satisfactory transformer.
23.191 How may the resonant frequency of a parallel- or series -resonant
circuit be measured?-As shown in Fig.
23-191. The circuit to he measured is
connected in parallel with the output of

VTVM

an oscillator and a vacuum -tube voltmeter. The frequency of the oscillator
is varied until a dip or rise is noted
on the meter. If the circuit is series
resonant, the meter will dip, and if it is
parallel resonant, the meter will rise to
a peak. The resonant frequency is that
frequency where the maximum rise or
dip is obtained.
23.792 How can it be determined
which peak of a sine wave is being

indicated on an oscilloscope?-B} connecting a battery to the input terminals
of the vertical amplifier and noting the
deflection of the beam. If the beam is
deflected upward when the positive pole

of the battery is connected to the high
side of the input, the instrument indicates the positive peak of the sine wave
when the trace is upwards. If the trace
is deflected downward, the negative
peak is indicated.
23.193 If a sensitive meter is not
available, how may the residual hum

level of an amplifier be measured?-By
measuring the hum voltage between
the plate and ground of the final ampli-

fier stage, with the secondary of the
transformer properly tenninated.
The hum voltage may be measured
using a rectifier -type ac voltmeter, with
a large capacitor connected in series
with the meter to prevent it being
damaged by the high dc voltage of the
plate circuit. The hum power may then
be calculated:

(II) Series resonant.

P"" =Zr

'
X Z,

where,

E is the voltage measured between
the high side of the primary and
VTVM

(b) Parallel resonant.
Fig. 23-191. Method of measuring the
resonant frequency of a series- or parallel -resonant circuit.

ground,

Z, is the primary impedance,
Z, is the impedance ratio of the output transformer.

The result of the preceding measurement is the hum level in milliwatts at
the output -transformer primary wind-
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ing. The hum power is then converted
to decibels:
dB

value around 30 degrees centigrade by
means of an air or oil bath. Under these

conditions the cell may be used as a
precise standard with a high degree of
stability. Voltage -correction tables for

10 Log.

where,

P, is the hum level in milliwatts,
P: is a reference level (generally 1
milliwatt).

23.794

How may the internal noise

of a vacuum tube be measured? - As

shown in Fig. 23-194. Normal operating

voltages and a resistive load are applied to the tube. The measurements
may be made using either alternating
or direct current on the heater. However, a higher noise level may be expected when alternating current is used.
The vacuum -tube voltmeter is con-

nected to the plate circuit through a
large coupling capacitor C to isolate
the meter from the effects of the dc
plate potential. The plate -load resistance 111. is equal to the load resistance

Fig. 23-195A. Weston Standard voltage
cell, saturated cadmium type.

recommended by the manufacturer. The
grid resistance Ft., must not exceed that

NOS:01 111A0414Th

specified for the tube in question. The
noise is measured in millivolts.
23.195

Describe a standard voltage

cell and its use.-The primary voltage
standard is the Weston standard voltage

cell, developed by Edward Weston in
1892 and manufactured by the Weston
Instrument Co. (Figs. 23-195A and B).
The cell is of the saturated type, intended for use under controlled conditions as a primary standard of reference for the volt. Such cells are generally used in banks of five or more to
permit crosschecking. The average voltage

for a single Weston saturated
cadimum cell is 1.01863. Since the satu-

rated -type cell has a temperature coefficient of approximately 50 microvolts

Fig. 23-1956. Weston Standard voltage
cell, unsaturated cadmium type.

per degree centigrade, it is customary
to hold the temperature to a selected

1---10111163v AIR

AIR

C

ELECTROLYTE
OF CADMIUM
SULFATE
SOLUTION

POROUS

,..-SPACER
PASTE
CADMIUM

CADMIUM

SULFATE

SULFATE

MILLIVOLT
METER

POROUS
SPACER

MERCUROUS
-,SUL F ATE
CADMIUM
SULFATE

'POROUS

10% CADMIUM
MERCURY

AMALGA

Fig. 23-194. Circuit for measuring the
internal noise level of a vacuum tube.

SPACER

MERCURY

Fig. 23-195C. Cross-sectional view of a
Weston Standard cell showing the chemical elements used in its construction.
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temperatures between 20 degrees and
40 degrees centigrade are furnished
with each cell.
Standard cells are labeled with their
voltage, as determined in the laboratory
before shipment, by comparison with a
bank of similar cells, cross checked with
a bank of cells at the United States Na-

tional Bureau of Standards. By international agreement, the
absolute volts.

1.000330 is in

In Fig. 23-195C is shown a crosssectional view of a cell, calling out the

used in the United States indicate international volts.
To use the decade voltage box illustrated, the voltage across resistor R2 is

first set to a value of exactly 1 volt by
the calibration control

chemical elements used in its construction. When the cell is in use, it is balanced against a variable voltage to pre-

vent the drawing of current from the
cell. If an appreciable amount of current is drawn from the cell (not snore
than 50 microamperes), it is left standing idle for several hours. The voltage

will then return to normal. Also, if the

RI. The un-

known voltage is applied to the dc input
terminals and compared to the standard
voltage by adjusting the decade resistances R3 to R7 for a zero indication on
the zero -center galvanometer M. The
unknown voltage at null may be computed by the formnla:

E113 +

+

+

+ R.+ R5

The push button in series with the
meter is used only when the decades

are adjusted for a null indication on
the meter. Calibration resistor R1 is a
screwdriver adjustment and requires
only infrequency adjustment. This con-

cell is moved around, it must stand idle
before being used. The internal resistance of a single cell is 100 to 500 ohms.
Any device calibrated from these standard cells is termed a secondary stan-

trol is set for exactly 1 -volt drop across
resistor R2 with the dc input terminals
open. Input voltages up to 100 volts may

dard. (See Question 23.196.)

pends on the accuracy of the decade box
and the voltage across R2.

How may a standard voltage be obtained for comparison pur23.196

poses?-In applications involving the
standardization of ac and de voltages,

two methods are available: the nsc of
a standard voltage cell to which an unknown voltage is compared, or the generation of a standard voltage accurate

enough for the direct calibration of a
meter.

Calibration laboratories generally
make use of a precision potentiometer
device similar to that of Fig. 23-196 for
voltage comparisons. By international
agreement the absolute volt equals
1.00030. Precision potentiometer boxes

be measured using the circuit shown.
The accuracy of the measurement de-

A mercury cell may be used as a
source of standard voltage, since the
voltage of 1.345 volts remains fairly constant throughout its useful life. (See
Question 24.96.)
Extremely accurate reference -voltage

power supplies are also available for
calibration purposes, having an accuracy of 0.01 percent, with a stability
of 0.001 percent per day, temperature

coefficient of 3 ppm/°C from 0°C to
+50°C, and with a hum and noise level
of minus 100 dB.
23.197 How may the characteristics

of a vacuum tube be displayed on the

ZERO CENTER
PUSH

GALVANOMETER

BUTTON

DECADE RESISTANCE BOX
ID STEPS EACH

i-0-1

CAL
RI

lo
t R3

STANDARD CELL

OR i,345vOLT
MERCURY CELL

1-1ZI

100

"AA.
I

f RS

iK
ZE.

OK
R7

R2

1000 rt

DC

INPUT
a

Fig. 23-196. Standard voltage potentiometer box for determining an unknown voltage by comparing it against a standard source of voltage.
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screen of a cathode-ray oscilloscope?By the circuit shown in Figs. 23-197A
and 13. In Fig. 23-197A, the tube is self
biased by means of fixed resistor R. in

the cathode circuit, with the correct
value for the applied plate voltage.
A source of variable bias voltage is
applied to the control grid by means of
a potentiometer, P. A small transformer

with a secondary voltage of approximately

6

volts is

connected

in

the

on the negative swings of the ac voltage. Pentode characteristics may be
traced in a similar manner, except that
a steady source of screen -grid voltage
must be supplied.
If a long -persistence type of cathoderay tube is used in the oscilloscope,
several traces may be made at different control -grid voltages and the traces
held for
graphing.

several minutes for photo-

the plate voltage by means of an ac

23./98 Hose is the frequency response of a photocell measured using
a chopper *4sec/7-As shown in Fig.
M-198. A chopper wheel consists of a
disc pierced near its periphery by a
number of small holes. The wheel is
placed between a source of light and
the photocell which is connected to a
preamplifier and a vacuum -tube voltmeter. The chopper wheel is driven by
a variable -speed motor. The number
of holes in the wheel depends on the
speed range of the motor and the frequency hands to be covered. The light
source should be fed from a source of
regulated direct current.

voltage, as shown in Fig. 23-197B.
The ac voltage injected at the plate

light source

ground side of potentiometer P. The
internal sweep oscillator in the oscilloscope is turned to its oft position. By
holding the plate and control -grid voltages constant and swinging the con-

trol grid to cutoff by injecting an ac
voltage in series with the control grid,
the tube characteristic is traced on the
oscilloscope.

Setting the dc control -grid bias
voltage to different values will per-

mit a family of curves to be traced.
Plate-voltage/plate-current characteristic curves may be tiaced by holding the
grid bias voltage constant and varying

of the tube must be of such a value
that the plate current Is driven to zero

Precaution must be taken that the
does

not

overload

the

photocell and that the voltage applied
to the photocell is of the correct value.

Fig. 23-197A. Circuit for displaying the grid-voltoge versus plate -current characteristics of a triode tube on an oscilloscope.

Fig. 23-1978. Circuit for displaying the plate -voltage versus plate -current characteristics of a triode vacuum tube on an oscilloscope.
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PEC

LENS
--

Vu
METER

-------------

---- ----- ------------------

CHOPPER
WHEEL

Dc
MOTOR

Fig. 23-198. Measuring the frequency response of
chopper

a

photocell by the use of a

wheel.

The frequency measurements are made

circuit elements may be mounted in-

by establishing a reference frequency
by regulating the speed of the motor
to produce a given frequency. The balance of the measurements are made in
a similar manner. The output voltage
of a photocell is directly proportional
to the amount of light falling on its

side the shell of a plug.
The gain of an amplifier measured
using the adapter with the values
shown is not the true gain because of

the voltage divider circuit formed by
the two resistors RI and R2. To obtain
the true gain, a correction factor is
used which may be calculated:

elements.

23.199 Give the design of on
adapter for measuring the frequency
characteristics of a phototube pream-

R,

dB = 10Log,,-

plifier.-Fig. 23-199 shows a circuit suit-

where,

able for measuring the frequency response of a preamplifier. The adapter
consists of the two resistors and a capacitor contained within the dotted
lines. The input of the adapter is fed
from a 1:1 repeat coil. The output of

R, is the shunt resistor,
R. is the series resistor.

The value of R1 is always such that
it supplies the correct termination for

phototube connections to the amplifier

the repeat coil; thus, for a 250- or 600 ohm coil, the terminating resistor would
be one of these values. (See (g) of Fig.

as shown.

23-14D.) Resistor R2 is generally be-

Because of the high impedance and
gain of a phototube amplifier, it is nec-

tween 1 and 2 megohms.

the

adapter

plugs

into

the

normal

The true gain of the amplifier is the
measured gain using the adapter, plus
the insertion loss of the adapter. The

essary to place the resistors and capaci-

tor of the adapter in a shield. If the
amplifier employs an input plug, the

PnOTOTUBE
ADAPTER

1.1

REPEAT
CON.

circuit shown may also be used for

1

R2

r

2 MEG

RI

Fig. 23-199

IL

GOO

Input adopter used for measuring the frequency characteristics of a
phototube preamplifier.
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making harmonic or intermodulation
23.200

As the record

is

played back, the

equalizer controls of the reproducer

measurements.
Describe the procedure for

adjusting the frequency response of a
record -reproducing channel using a frequency test record.-Several different

makes of test records are available for
adjusting the frequency response of a
reproducer chain. During the original
recording of program material, the recording channel is adjusted for a given
recording characteristic known as the
recording characteristic. (See
Fig. 13-95 and Fig. 13-110.) Test records
RIAA

also use this characteristic. When this
characteristic is reproduced, the reproducer must have a frequency response
inverse to the recording characteristic
to produce a flat frequency response.
The lateral velocity of a recording
stylus may be expressed as:

system are adjusted for a flat response
as read on the meter. If the overall
frequency variation is within plus or
minus 2 dB from the lowest to the high-

est frequency of the record, the response may he considered to be satis-

factory. U a compromise must be made,
the variation between 100 and 8000 Hz
should, if possible, be held to within

plus or minus 1 dB. After the correct
frequency response has been obtained,
the only deviation should be that required to compensate for room acoustics and speaker characteristics.
For monitoring in commercial installations, the reproducer equalizers
are fixed and arc complementary to
the recording characteristic. Corrections

required for room acoustics or speaker
characteristics are connected in the

2rrfa

where,

I is the frequency,
a is the amplitude swing of the recording stylus.

Therefore a constant -velocity recording

has increasing groove amplitude with
decreasing frequency. Phonograph records are normally recorded with the
reduced in velocity
(constant -amplitude region) and the

low frequencies

high frequencies increased in velocity
(constant -velocity region). Decreasing
the velocity of the lower frequencies
during recording is done to limit excessive lateral excursions of the recording
stylus and to make more efficient use of
the recorded area of the record. When
such a record is reproduced, the low
frequencies are restored to their original amplitudes
post -equalizer.

by

a

low -frequency

The increase of the velocity of the
higher frequencies during recording increases the signal-to-noise ratio during
reproduction. When the record is repro-

duced, the amplitude of the high frequencies is reduced by a high -frequency
post -equalizer in the reproducer circuit.

To properly equalize a reproducing
channel, a VU meter or vacuum -tube
voltmeter is connected across a resistive

termination at the output of the reproducing power amplifier (the termination must be resistive, not a speaker).
The output level is adjusted for a normal listening level at the 1000 -Hz refer-

ence frequency of the test record.

monitor system. This leaves the equalization fixed and supplies a standard
of listening quality.
In home reproducing equipment the
equalization is included in the pickup
preamplifier and is therefore fixed.

However, if the test record is played

back with the variable controls set for
a flat frequency response, the measured response should be well within
the p:us or minus 2 -dB limits.
23.201 What are the techniques for
measuring the characteristics of equipment located at a point remote Irons
the transmission -measuring equipment?

-If the power capabilities or distortion
characteristics are to be measured on
an amplifier located at a point some
distance from the transmission equipment, the output of the amplifier must
be terminated in a noninductive load
resistor at the output terminals of the
amplifier. This will eliminate the dc
resistance of the transmission line and
prevent a power loss or a mismatch of
impedances.
Transmission lines are, as a rule,

composed of number 20 or 22 wire and

are not designed to carry any amount
of power. When the amplifier is terminated as stated, only the voltage across
the output termination appears on the
transmission line and is measured by
the VU meter of the transmission set.
In some instances, the termination in
the transmission set will cause the amplifier to oscillate because of the long
:ine. Feedback between the transmis-
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similar device generally does not present any particular problems and may
be accomplished using the techniques
described elsewhere in {his section.

sion-line pairs will also cause oscillation.
If

the input of the amplifier

is

grounded, a repeat coil should be connected between the send terminals of
the gain set and the amplifier (if the
gain set does not contain one permanently). If the amplifier is designed for
bridging, a termination is connected at
the input terminals of the amplifier.
Connecting the termination at the amplifier is not always necessary if the
amplifier

is

measured

23.202

the

frequency re-

pass filter is under test and the test oscillator has strong harmonics at 40Hz,
the frequency response below 80 Hz
will be affected. If the oscillator harmonics at 40 Hz are appreciable, the
response at 40 Hz will never be down

frequently. It
if

is

test oscillator has a high percent of harmonic distortion?-II an 80 -Hz high-

may be terminated at the transmission
set after an initial measurement has

been made to determine

How

sponse of a wore filter affected if the

more than the amplitude of the har-

the fre-

monics at the 40-112 frequency.

Question 23.58) should be made to de-

To ensure the correct frequency response being measured, the test oscillator should not have more than 0.25
percent total rms harmonic distortion.

termine if any unbalance in the test
setup exists. A good point to remember

23.203 Describe a visual method for
checking diode rectifier units.-The

in making remote transmission mea-

characteristics of zener diode and regulator diode rectifiers may be displayed
On an oscilloscope as shown in Fig. 23-

quency characteristics arc affected.
Before making any measurement at
a

remote point, a turnover test (see

surements is

that the ground at the

remote point must be separated from
any grounds at the transmission equip-

203. The horizontal plane of the oscilloscope represents the voltage developed

ment. This is accomplished by inserting

across the diode, while the junction
voltage is displayed in the vertical

a repeat coil in the send circuit.
Noise measurements are sometimes
rather difficult to make on equipment

plane. Typical displays for good and
bad diodes are given below the circuitry. The forward conduction trace

at a distance from the noise -measuring
set. II difficulty is experienced, the best
equipment at its terminals and measure

may be eliminated by connecting a gate
diode in series with the 50 -ohm resis-

the noise with a vacuum -tube volt-

tor.

meter.

23.204 Describe the procedure for
measuring the dc breakdown voltage of
a saner diode.-The diode is connected

way is to terminate the output of the

Equalizers and filters are measured
in the manner described in other parts
of this section. Precautions must be
taken to eliminate ground loops and
to insert repeat coils where necessary,
because such devices are prone to pick
up a considerable amount of noise.
The measurement of a complete recording channel light modulator or a

as shown in Fig. 23-204. The current
through the diode is adjusted by means
of resistors R1 and R2, which are fed
from a source of constant -current. The
diode current is read on meter Ml. As

the voltage is increased beyond the
specified breakdown, the cnrrent in OSCILLOSCOPE

L
OPEN

SHORT

GOO

LOW

POOR

ECTIVCAT oV

Fig. 23-203. Circuit for measuring the rectification qualities of a semiconductor
diode rectifier.
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the dc current, and is read on meter M2.
When these conditions have been
established, the ac voltage developed

MI

m

across the junction is read on ac volt-

DC CONSTANT

meter M3. The dynamic impedance may
now be computed:

CURRENT
SOURCE

Fig. 23-204. Circuit for measuring the
dc breakdown voltage of o saner diode.

Dynamic Impedance where,

V.., is the ac voltage across the diode,

with very small increases of voltage. Therefore the breakdown voltage is nearly constant over a
creases rapidly

considerable current range. The current is maintained through the diode at
its rated value, and breakdown voltage
is read on meter M2 across the diode.
23.205 How is dynamic breakdown
impedance of a loner diode measured?The breakdown or dynamic impedance
of a zener diode is the small -signal impedance at a specified value of direct
current in the breakdown region of the
diode. A small value of ruts current is
superimposed on the dc current, and

is the ac current through the di-

ode.

23.206 How is on oscillator employing a cathode -follower output coupled to
an external circuitT-Oscillators em-

ploying a cathode follower and voltage
divider network in the output are generally of the economical type and offer
several difficulties in coupling to an external load circuit, where an input
transformer is concerned.
In (a) of Fig. 23-206 is shown the

output circuit of an audio oscillator,
using a cathode -follower tube in the
output stage and a voltage divider net-

the resulting voltage drop across the

work for adjusting the output voltage

diode is measured, as in Fig. 23-205.

in conjunction with the variable control
of the oscillator -amplifier generator

Dynamic impedance is an important
consideration in diode regulators, since
it establishes the reverse volt-ampere
characteristics of a diode. A low impedance ensures better regulating action.
The value of the dynamic impedance

varies with junction current and the
diode rating. For example, a 27 -volt,
3/4 -watt zener has a breakdown impedance of 50 ohms, while one for the same

voltage rating but with a I -watt power
rating has a breakdown impedance of
28 ohms.
In dynamic

impedance

measure-

ments, the diode current is set for 20
percent of the maximum diode current
rating as read on meter Ml, by adjusting the resistors RI and R2 in conjunction with the dc supply voltage E,.. An
ac voltage from transformer T1 is applied through R3, Cl, and the impedance of the zener diode. The ac current
is adjusted for a value of 10 percent of
T

143

ci

.A2

section. Output circuits of this type
generally develop about 10 volts of signal voltage and are designed primarily

for use with equipment employing a
high -impedance input, such as resistance -coupled amplifiers.
Three effects are noted when this

output circuit is used. First, if the voltage divider control is set to a value below maximum, and an input transformer of 150 to 600 ohms of Impedance
is connected across the output, the

shunt resistance of the voltage divider
is 100 ohms in parallel with the transformer primary. This can have serious
effects on both the frequency and distortion characteristics of the transformer.
Second, when a circuit of low iinped-

ance is connected in parallel with the
voltage divider, the harmonic distortion of the cathode -follower stage is
R2

RI

.1(
IAt

0x
41

E

IOC

Fig. 23-205. Circuit for measuring the dynamic breakdown impedance of a
diode at o specified value of direct current.
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0.111

6±
OUTPUT

0

OEVICE

UROER TEST

lb)

Fig. 23-206. Output stage of on oscillator using a cathode follower. la) Normal circuit. (b) Circuit for increasing the output impedance or presenting a given impedance. lc/ Use of a repeat or isolation coil.

It

should be remembered that
additional resistors are

increased because of the loading effect
of the voltage divider, with the low im-

cuit.
when

pedance of the input circuit (in paral-

connected, the available signal voltage

lel) being reflected back to the cathode

from the signal generator is reduced.

circuit. This is most noticeable in the
1000 -ohm maximum output position.

A third effect, though not always
serious, but one that must be taken
into consideration, is leakage current
through the electrolytic capacitor to
ground through the voltage divider. Al-

tbough the current is quite small its
presence can affect the frequency and
core material characteristics of certain
types of transformers. Only an electrolytic capacitor of low -leakage characteristics can be used for coupling between the cathode circuit and the upper end of the voltage divider.
To avoid the effects just mentioned,
a 600 -ohm resistor RI in (b) of Fig.
23-206 is connected in series with the

these

Another

effect

sometimes encoun-

tered is the increase of oscillator distortion when the output control of the
oscillator is turned toward maximum
output. This is caused by possible over-

loading of the output stage, and it can
be avoided to some extent by operating
the output control at its lowest position
in

keeping with the required output

voltage.

When the output of the oscillator is
connected directly to a resistance -cou-

output to prevent the external circuit

pled amplifier or one having a ground
on one side of the input circuit, the low
potential or ground side of the oscillator must be connected to the grounded
side of the input circuit. If hum or noise
is encountered, it can sometimes be
eliminated by reversing the ac plug,

from seeing less than 600 ohms as the

either to the oscillator, amplifier, or

switch is moved from the top of the

both. Noise and hum frequencies can
also be eliminated by connecting a 1:1

divider network to lower values. If a
true 600 -ohm source impedance is required, an additional resistor R2 is

connected in shunt with the input cir-

repeat coil between the oscillator output

and the input of the equipment under
test, as shown in (c) of Fig. 23-206.
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The output circuit discussed should
not be confused with oscillators using
ladder -type output attenuat or network; as such networks arc designed
to present a constant output impedance.
Networks of this design have little or
no effect on the oscillator distortion,
regardless of the setting of the output
contro:
23.207

How is instantaneous peak

power of on amplifier related to sine wove power? -11 the amplifier output

signal is of sine -wave character (01 to
percent), the instantaneous peak
power is 1.414 times the rms value of
the sine wave. As power is proportional
2

A much better method is given in
the Standard using tone -burst techniques, which results in a measurement
of the amplifier actual peak power,
using its internal power supply. (See
Questions 23.208 and 23.209.)
23.208 Describe the method used
for measuring music power output of an
amplifier. Music power -output amplifier measurements are made under

somewhat similar conditions occurring
when the amplifier is playing complex

waveforms, as might be found when
reproducing music and speech wave-

power output of 50 watts has an in-

forms. Such measurements are made by
applying short bursts of a 1000 -Hz sine wave input signal of low distortion (0.10
percent or lower) to the amplifier. The
rise time of the tone burst or modulator
should approximate that of the envelope

stantaneous peak power of 100 watts.
This calculation is often used by manu-

rise tune of speech and music (for 10
to 90 percent of input voltage), which

facturers to rate their amplifiers in peak

is on the order of 10 to 20 milliseconds.
(See Question 22.74.)

to voltage squared, the instantaneous
peak power is 1.414', or twice the sine wave power. Thus, an amplifier with a

power.
Although the

preceding discussion

from a theoretical standpoiut is correct,
in practice it is not generally correct.

To measure the actual peak power of
an amplifier, the internal power supply
would have to remain at its no signal value without variation, regardless of the demand for additional cur-

rent as the power output is increased.
If this condition can be satisfied (and
it never is), then the peak -power rating

may be stated by doubling the power
output
In the original Institute of High Fidelity (IHF) Standard A-200-1958, the
constant -voltage method was recommended for the measurement of peak
power. This method is still in the new
Standard A-201-1966 and may be used
if desired.

A distortion -factor meter (DFM) is
connected across the amplifier load re-

sistor and an oscilloscope to the output terminals of the DFM. The sine wave output of the DFM (100 -percent
position) is used to calibrate
the peak -to -peak deflection of the oscilloscope in terms of steady-state DFM
indication. For convenience, the oscilloscope graticule may be calibrated
to read directly in terms of power out-

put. The turn -on voltage (dc) of the
modulator is used to trigger a single
horizontal sweep of the oscilloscope.
The test circuit is given in Fig. 23-208A.

The input signal

is

modulated by

means of a simple device consisting of a

light source and a photoresistive element assembled in a light -tight case.
The photocell is a polycrystalline semiOSCILLOSCOPE
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Fig 23-208A. Test circuit for making music power output measurements
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conductor with a light source consisting
of a small incandescent lamp. Advantage is taken of the time delay offered

by the lamp filament in coming up to
full brilliancy, to acquire the 10- to 20 millisecond rise time corresponding to
an average speech or music rise -time
envelope. In its dark condition the photocell has about 2-mcgohm resistance
and in the light about 200 ohms, thus
providing a range of approximately 60

dB from dark to light. (Some leakage
occurs through the 2-megohm resist 400H5

ance in the dark condition.) This device
connected in series with the input pro-

vides a convenient method of control
for the input signal. The appearance of

the input signal at the output of the
modulating device appears as shown in
Fig. 23-208B. The assembled photocell
device is shown in Fig. 23-208C. It will
he observed that the rise time (Fig. 23208D)

is

rapid, while the decay time

trails out. A tone -burst generator may
be substituted for the modulator, provided it can be adjusted for the 10- to
20 -millisecond rise time. (See Question
22.139.)

The oscillator signal, after passing
through the modulator unit, is applied
to an attenuator and then to the am-

plifier. The output of the amplifier

is

terminated in its specified load resist-

ance with a noninductive resistance
capable of carrying the full power output of the amplifier. A voltmeter con-

- MEASUREMENT

o

T

to
20
30IME
mtuSECON05

Fig. 23-208B. Appearance of signal at
output of modulator.

nected across the load resistance indicates the output level, and a DFM and
oscilloscope complete the circuit. Line
voltage must be supplied from a well -

regulated source with not more than
2

percent

of

THD.

(See

Question

23.210.)

After establishing the sine -wave output level (this is accomplished by turning on the pulse for a constant output)

with the DFM set to calibrate

(sine -

wave 100 percent), the oscilloscope in-

put attenuator is adjusted for a reference output power. The DFM is then set
to distortiou and a measurement is

made in accordance with the normal
procedure for the particular DFM being
Fig. 23-208C. Tone -burst unit used for
measuring dynamic amplifier distortion.

used.

The modulator switch is now closed
and the distortion is measured using
the 10- to 20 -millisecond period of the
pulse as indicated (Fig. 23-208B). Observing the character of the oscilloscope
display will reveal several factors not
generally known about amplifiers, such

eo

as the effect on the output signal for
a heavy surge. Here the signal may
overshoot and then drop and rise again,
or it may have the appearance as in
Fig. 23-208E. At periods where the

power supply fails to deliver the required voltages with a consequent drop
0

lo

20

Fig. 23-208D. Envelope shape of modulated sine -wave signal. The distortion
and power Output measurements arc
made during the last 10 milliseconds.

in output power, the storage and recovery times of the filter capacitors may
be readily observed.

Since a DFM may generate a low frequency transient with a rapidly ris-
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Fig. 23-208G. Harmonic distortion versus
power output. Curve 1 is the steady-state
output using a sine wave. Curve 2 is the
output in terms of music power.

ing input signal and may also indicate
the modulated signal sidebands as distortion, the vertical peak -to -peak deflection of the oscilloscope between 10
and 20 milliseconds after reaching 90
percent of the maximum input voltage
is taken as the measured distortion,
provided that the THD of the input signal is sufficiently low. The output signal level of the amplifier is similarly
measured in the same time interval.
Care must be taken that the transients
generated due to turn off of the signal
by the modulator have decayed to a
negligible amount before proceeding to
the next measurement This method of
measurement assumes that primarily
only one harmonic distortion component

is created by the amplifier and there-
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fore n peak -to -peak reading is equivalent to a DFM reading.
Four terms used frequently with
music power measurements are refer-

ence distortion, reference output distortion, rated distortion, and rated out-

The manufacturer's values are entered

on the graph as shown by the dotted
lines. It will be noted that 3 x 5 -cycle
log -log paper is used for plotting rather
than the conventional semilog paper.
Using log -log paper allows the distor-

put power. Reference power and reference distortion arc values claimed by
the manufacturer, and rated power and
rated distortion, all the values found
from continuous power or music power
measurements, arc set forth in Institute

tion characteristic to be plotted at the
lower operating levels and permits the
effects of crossover distortion in transistor amplifiers to be more easily pre-

of High Fidelity Standard (I -IF) A-

the reference power output level (for
this example 25 watts), at frequencies

201-1966.

sented. Measurements are made at 3, 7,
10, 13, 17, and 20 dB (and lower) below

Two terms used in conjunction with
determining the rated output of an amplifier are continuous power output, and
transient distortion. Continuous power
is the output power an amplifier is

between 20 and 20,000 Hz.

delivering for 30 seconds
with a sine -wave input signal. Transient distortion is a measurement of
power output, taking into account the

both continuous output and transient
output are plotted in the same manner

change in power -supply voltages under
heavy signal demands and its recovery

above the residual hum and noise to
five times the reference distortion.

capable of

time. It has been found that amplifiers
can deliver from 20 to 30 percent more
power under music -power tests than
for a continuous sine -wave signal. It is
not unusual for an amplifier to deliver
considerably more music power for a

short time, with less distortion; however, a low -frequency transient is created by the power -supply ripple or
modulation and is measured as distor-

tion. Thus, the dynamic rating of an
amplifier depends on its continuous
power -output capabilities and transient
distortion measurements. The measurement that results in higher distortion or

lower power output determines the
final rating of the amplifier. (See Question 23.209.)

For continuous power-outpnt mea(constant sine wave), the
signal is to be applied for not less than
surements

30 seconds. Resulting measurements for

as given in Fig. 23-208F. The measurements are to extend from a point 30 dB

The rated continuous output is taken

at the intersection of the continuous
output -versus -distortion curve with the

reference distortion line. Referring to
the plot of amplifier A, the distortion
and power output claimed by the manufacturer meet the reference distortion

and power output; therefore the amplifier is rated at the point where the
reference and the measured distortion
cross. However, for amplifier B the
measurements indicate it failed to meet
the manufacturer's claim, and that
crossover distortion is introduced by
the class -B output stage. This is indicated by the rise in distortion between
1 and 7 watts of output.

It is not unusual to find in a well -

The rated power bandwidth of an
amplifier is defined by the two fre-

designed amplifier that the music power

quencies (low and high) where the
curve of distortion versus frequency

output is 10 to 30 percent higher than
for the sine -wave power condition Fig.
23-208G illustrates the difference in the

taken at a level 3 dB below the reference output crosses the reference distortion line. (See Fig. 23-7J.)

power output under transient conditions and continuous output conditions.
Curve 2 indicates about 20 percent

In plotting the results of music power
output measurements graphically, a
somewhat different method of presentation is used (Fig. 23-208F). Here are
shown two imaginary amplifiers A and
reference values
B with identical
(claimed by the manufacturer) and the
characteristic found after measure-

ments. Both amplifiers were rated 0.6
percent of THD at 25 watts of output.

more power output is obtained at 0.5
percent of distortion than for curve 1,
the same distortion using a steadystate sine wave. (See Questions 23.209
and 23.210.)

23.209 Why does an amplifier
tested for music power output develop
greater power than when tested using a
continuous sine wave?-In the operation
of any amplifier, the power developed
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decrease and the distortion will increase. However, if the same signal is
applied in short bursts to the input
(tone burst), the current demands are
of short duration, and the demand for
additional current is supplied by the
filter capacitors in the power supply.
Therefore the amplifier power output
is affected very little.
The fact is that amplifiers used for
the reproduction of speech and music
do not operate with steady-state sine
waves, but with complex waveforms of

in the various stages is supplied by a
power transformer whose voltage is
rectified, filtered, and then applied to
the transistors or vacuum tubes in the
amplifier. Since all components in the
power -supply circuits have resistance
and resistor voltage -dividing networks
are used, there is a considerable voltage

drop in the power supply before the
operating voltages are applied to the
amplifier stages.

When a signal is applied to the input
of an amplifier and the various stages
increase their current demands, the no -

speech and music. The current demands
are for very short periods, and the filter
capacitors can generally supply the additional current demands. Therefore
amplifiers tested using a steady-state
signal (continuous sine wave) do not

signal de voltage drops in the voltage
divider circuits are increased, thus decreasing the operating voltages from
their no -signal parameters. Therefore
the amplifier stages do not always operthe most desirable portion of
their characteristics, and as a result
lower power is developed in the output
stage, and distortion is increased.
The ideal type of power supply

result in a true picture of the amplifier
operating capabilities. This is why the
IHF Standard specifies amplifiers are

ate in

to be rated as to both their music power
output and continuous power output.

would be one that has no dc voltage
drop and in which the operating volt-

Because of the difficulty in making
distortion measurements on amplifiers,
considerable research has been done in
the art of tone -burst measurements.

ages remained at the no -signal value,
regardless of the current demands. In
practical amplifiers this situation is not
possible. However, some of the difficulty
is overcome by the fact the filter capacitors (if large enough) during the
periods of no- or low -current demands
are charged to almost the operating

Amplifiers with a given power rating
for continuous output with a sine wave,

will often show from 10 to 30 percent
more music power output with tone burst techniques. It is the policy of
most manufacturers to rate their amplifiers for both continuous and music
power output. The subject of music

voltage, and as the signal changes in
amplitude and the current demands increase, the filter capacitors supply the
additional current, thus reducing the
voltage variations to some extent.
If a constant -amplitude sine wave of
low distortion is applied to the input of

power measurements is discussed in
Question 23.208. (See Question 12.230.)
23.210 Describe the effect of a
changing line voltage on the power output, harmonic and intermodulation dis-

an amplifier, and the input level is in-

tortion of on amplifier.-Amplifiers as

creased to the point of maximum power

a rule are designed for a given power
output at a given line voltage. The ef-

output, the dc operating voltages will
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Fig. 23-2108. Circuit for measuring the effect of line voltage on the power output
distortion of an amplifier.
further in Question 23.56.
The voltage across the termination for
25 watts may be computed:

fects of a changing line voltage are not
too noticeable above a frequency of 100
Hz. However, below this frequency if
the line voltage is reduced, the power
output of an amplifier can drop off at a
surprisingly rapid rate and the distortion is increased as evidenced by the
curve shown in Fig. 23-210A.
To illustrate the procedure for making such a measurement, it will be assumed that a 25 -watt amplifier is to be
measured. The setup for this discussion
will be as shown in Fig. 23-210B. The
line voltage is set to 117 volts, using a
meter of at least 1 -percent accuracy
and of the thermocouple type if avail-

discussed

able. The line voltage is adjusted by

amplifier

E= V -P X R or P = E'/R
where,

P is the output power in watts,
R is the load resistance in ohms.
At a line voltage of 117 volts and an
output of 25 watts, the harmonic distortion is

measured at 20 Hz. The line

voltage is now reduced to zero, and the

amplifier is allowed to cool for about
5 minutes. The line voltage is then
slowly brought up to 90 volts and the
is

permitted to warm up

means of a variable -voltage transformer
fed from a constant -voltage trans-

thoroughly. The output level is then
computed, and the harmonic distortion

former. This latter transformer should
be of the low -harmonic type. The constant -voltage transformer is not an absolute necessity, but it does help to
smooth out small variations in the line
voltage. If it is used, its waveform dis-

is measured.
If external equipment such as an oscilloscope, distortion -factor meter, or a
voltmeter are left connected permanently across load termination RI., the
actual load resistance is the impedance

tortion should not exceed 2 -percent
THD. A 1000 -Hz signal is applied to the

input of the amplifier and the level is
adjusted for a 25 -watt output. At this
point, a turnover test is made to determine if any unbalance in the test circuit exists, as discussed in Question
23.58.

The

output termination must be

within plus or minus 1 percent of the
rated output load resistance and must
be capable of carrying the full output
of the amplifier without changing its
resistance when hot. This subject is

of the various instruments in parallel
with the load resistance. The exact
value may be calculated by the use of
Ohm's law for parallel resistances. (See
Question 25.127.)

Throughout this series of measurements, the line voltage should never be
allowed to overshoot, but should be

brought up to its correct value slowly
so as not to heat the circuit or charge
the filter capacitors above that normally produced by a low line voltage.
If there is any doubt as to the accuracy
of the measurement, the line voltage
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should be reduced to zero, the amplifier

permitted to cool off, then the voltage
again brought up to the desired value
and the amplifier allowed to warm up
until the output reaches a maximum.
The line voltage may then be slowly increased to the next higher value.
After the harmonic -distortion measurements have been completed, the
same procedure is followed as for mak-

ing intermodulation tests. Precautions
must be taken to use equivalent sine wave voltage for setting the output
power when intermodulation measurements are made, as the amplifier can be
badly overloaded. A table of equivalent
sine -wave power voltages is given in
Fig. 23-113B. A study of the results obtaMed in this manner indicates that the
output cannot be obtained from an sinplifier operating under conditions where
the

line

voltage

is

an

appreciable

amount below that specified by the
manufacturer.

The drop-off in power at the lower

input signal. The output load resistance
and the input resistance are varied from
11100 of the normal values to open circuit and monitored with an oscilloscope

across the output load termination for
signs of oscillation or an increase in
hum and noise. Similar tests are made
using a capacitance ranging from 100
pF to 10 uF, and with inductive values
from 10 AH to 1 H. The oscilloscope
used for these tests must have a bandwidth of at least 2 megahertz or greater.
If the amplifier passes these tests, it
may be rated to be stable under a no signal condition. The same tests are
then repeated, with an input signal

ranging from 20 to 20,000 Hz.
Generally, oscillations (if any) will
be observed above 20,000 Hz. This may
be checked by the connection of a
20,000 -Hz high-pass filter between the

output of the amplifier and the input
the oscilloscope while a low -frequency signal :s applied to the input.
Low -frequency oscillation is checked
to

frequencies is due to the lower plate
and heater voltages. In a transistor am-

by the use of a low-pass filter in the

plifier this is also true, and although

applied to the input. Caution must be
observed that power supply ripple or
distortion components of the input sig-

there are no heaters, the voltage to the
collector will be lower and this affects
the overall gain.
The problem of voltage regulation is
not an easy one to overcome, and to do
so increases the cost of manufacturing,
plus adding weight and components not

in the normal amplifier. To correct for
wide voltage variation a plate -filament
transformer of constant -voltage design
may be substituted for the regular
power transformer. However, even this
does not completely satisfy the situation. Voltage regulator tubes or zener
diodes and thermistors arc required to
complete the regulation.
Although the previous discussion
paints a rather black picture for varying line voltage unless the amplifier is
being used to supply a constant output,
it may not be of too much importance,
particularly in the home. Where the

amplifier is used in a critical position,
steps must be taken to regulate the incoming line voltage and the internal
circuitry of the amplifier. (See Question
23.7.)

23.211
How are amplifier stability
tests model -Stability tests are to determine how stable an amplifier is under normal operating conditions. The
amplifier is first operated without an

output, with

a

high -frequency signal

nal are not mistaken for oscillation. The

input impedance of the filter network
is considered to be a part of the load
impedance. If the amplifier passes the
latter test, it may be rated as unconditionally stable under signal conditions.

23.212

Describe

the measurement

of damping factor.-Damping factor is
a measurement of the regulation of an
amplifier. and it is an indirect measurement of the output impedance. It
is the ratio of the output voltage (under standard conditions) to the measured output voltage change when the
output load is removed. Damping factor is measured between 20 and 20,000
Hz to determine the effect of frequency.
It is measured at a given reference out-

put level and then at several successive 10 -dB steps below the reference
output level. This latter test will bring
to light any effect due to change in operating levels. The results are plotted
on 3 x 5 log -log paper to show effects
of frequency with respect to damping
factor.

The rated damping factor

is

that

value measured at 1000 Hz at a reference output level. Regulation is the in-
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verse of damping factor, expressed in

23-213. The plot in Fig. 23-213 is for an
amplifier capable of developing 100

in series with the low -potential side of
the ac line. A signal of 2 volts from 20
to 20,000 Hz is induced into the line,
while the noise level is observed on the
voltmeter across the output. The signalto-noise ratio is computed with and
without the induced signal.
The step-down transformer secondary must be capable of carrying the full
load current of the amplifier when it is
developing full output power. This same
method of measuring line noise may be
used for any type of instrument and at
frequencies above the audio -frequency
spectrum. Line filters are discussed in

watts of power output with a total harmonic distortion of less than 1 percent.

Question 7.101.
23.215 Describe

percent. (See Question 20.103.)
23.213 How are amplifier sensitiv-

ity measurements made?-The sensitiv-

ity of an amplifier is a measure of its
ability to produce a given power output
for a given signal voltage at the input.
The measurement is made by applying
a signal to the input and measuring the
power output for each increase of input

voltage up to the rated power output.
The result is plotted as input voltage
versus power output, as shown in Fig.

importation

how

tests are made on stereophonic amplifiers . -The term "separation" is generally
associated with stereophonic radio receivers and phonograph pickups. However, this term is also used to rate the

5

4

degree of separation (leakage) of signals between the two sides of a stereophonic reproducing system. Separation

3
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Fig. 23-213. Sensitivity for a 100 -watt
power amplifier, plotted input volts at
1000 H1 versus power output.
23.210 How ore the affects of line
noise measured? The method specified

in lIfF Standard A-201-1966 is shown
in Fig. 23-214. The amplifier is connected as for a normal noise measurement. An audio oscillator is connected
by means of a step-down transformer

may be defined as the ratio of a wanted
signal to an unwanted signal. This
would he analogous to applying a signal
to one side of the system and measur-

ing the leak -through at the output of
the other side of the system. The ratio
of the two signals is the measure of
separation and is expressed in decibels. Such measurements are generally
made at frequencies of 20 to 20,000 Hz,
and commonly called crosstalk.
As an example, consider a stereo-

phonic preamplifier and two 40 -watt
power

amplifiers,

using

a

common

power supply (Fig. 23-215A) are to be
OSCLLOSCOPE

AuT0TRANSF0RHER
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Fig. 23-214. Circuit for measuring the effect of hoe noise as specified by INF Standard A-201-1966. The transformer for inducing the signal must be in the grounded
side of the line.
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Fig. 2 3-2 1 5A. Circuit for making separation tests on a
phonic amplifier employing two preamplifiers and two power amplifiers fed from a common power supply.

measured for their separation charac-

The ratio in dB is

teristics. A signal (1000 Hz) from a low distortion oscillator is applied to the

dB = 20 Log..

input of the left preamplifier and the
output at the power amplifier is set to
the reference output power of the amplifier (reference power output specified by the manufactnrer; see Question
23.208). After the reference output is
set, the oscillator output is reduced 10
dB. This second output is termed reference level. The voltage across a 16 -ohm

8.0
oE

20 x 2.904 = 58.08 dB

The connections are now reversed between the two amplifiers, and the leakage for the other side is measured. The
results are plotted in a manner similar
to that shown in Fig. 23-215B. The rated
separation as taken at 1000 Hz for this
particular measurement is 58 dB. which

load resistor for a power of 40 watts is
25.3 volts. Reducing the input signal
10 dB reduces the power output level

includes the leakage in the preamplifiers. The irregularity in the separation

to 4.0 watts, or 8.0 volts.

by common coupling through the im-

The voltmeter is now transferred to
the output of the right-hand amplifier

pedance of the power supply, stray capacitance, wiring, and ground connec-

and the leakage voltage is read. Assuming this voltage to be 0.10 volt, the ratio
of the two voltages is 8.0/0.01, or 800/1.

tions.
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curve is due to internal leakage caused

A portion of the leakage indication
may also be hum and noise. Therefore,
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Fig. 23-215C. Circuit for making separation tests on a stereophonic amplifier employing a common power supply for the preamplifiers, and a separate power supply
for the power amplifiers.
the noise should be measured before a
separation measurement is made. Deflection of the voltmeter because of internal noise may be checked by turning

off the input signal and noting if any
change occurs in the leakage signal. An

amplifier indicating a separation of 50
dB or better is considered satisfactory.

output level is set to the voltage specified by the manufacturer, and then re-

duced 10 dB. The input to which the
signal has been applied is then made
inoperative, and the leakage measured

at the output of the same channel by
opening each of the gain controls in
turn for each input of that particular

preamplifiers and power supplies and

side. This test may also be made using
the power amplifiers and measuring the

two power amplifiers employing a com-

leakage in their outputs. However, in

mon power supply are shown in Fig.

this instance any leakage encountered

23-215C, and a dual power -amplifier
assembly using a common power supply
is shown in Fig. 23-215D.
Separate preamplifiers are measured

in the power amplifiers will be included in the overall measurement. In
this latter measurement the terminat-

by terminating their several inputs in
5000 ohms and the output circuits in

The results of the test for a separate
preamplifier are plotted as shown in

100,000 ohms, shunted by a capacitor of

Fig. 23-215B. (See Question 25.212.)

1000 pF to simulate the cable capacitance (Fig. 23-215E). The signal from
the oscillator is applied to the left input

In the instance of two power amplifiers each having their own supply, the

Stereophonic systems using separate

through a 5000 -ohm series resistor. The
LEFT
P*R. AP/P

ing resistors and capacitors are omitted.

would be negligible. Where
two power amplifiers are fed from a
leakage

RL

OSC

5K

Fig. 23-215D. Test circuit for measuring the separation between two stereophonic
amplifiers, operated from a common power supply.
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VOLT MET EP

Fig. 23-21 SE Test circuit for measuring the separation between two stereophonic

preamplifiers using a common power supply.

common power supply, leakage may be
encountered. Amplifier systems em-

waveform. The meter is set for a ref-

ploying a common power supply for
both the preamplifier and power am-

erence voltage, and the oscilloscope adjusted for a reference deflection. The
complex waveform is then removed and

plifiers are more prone to leakage than

the internal oscilloscope calibrator (or

those using separate supplies.

external one) adjusted for the same deflection as the complex waveform. A
ratio for the particular waveform under
measurement can then be established

The lack of proper separation in a
reproducing system has
little effect on the quality of reproduction. However, it does cause a shift of
the stereophonic image. What is most
important is the leakage of distortion
stereophonic

products from one channel to the other.

from the calibration voltage. It should
be realized that the ratio thus obtained
is valid only for the particular type of
waveform under observation, and the
voltage measured is the peak -to -peak

OSCILLOSCOPE

SOURCE

Or COUPLEt
WAVEFORM

23-216. Circuit for determining a
multiplying factor for a voltmeter when

Fig.

measuring complex waveforms.
23.216

How may an rms-responding

meter be calibrated to read true rms
voltage? - When using a voltmeter
(vacuum-tuhe or transistor) calibrated
to read the rms value of a sine wave for
measuring complex waveforms, the
reading thus obtained is not a true mea-

sure of the voltage. To obtain a true
reading a voltmeter (as discussed in
Question 22.98) is used, or the meter in
question may be connected in combination with an oscilloscope as shown
in Fig. 23-216.
The complex waveform is applied to
the vertical input of the oscilloscope,

value.
23.217

How

ore

ac -line

ground

loops avoided between test equipment
and devices under measurement? -13e cause of the Underwriters' requirements, all portable electrical equipment
in the United States and Canada must
be equipped with a three -pin ac plug,
with the center terminal connected by

means of a third wire to the electrical
ground system, and the other end of the

third wire connected to the equipment
being served. When such a ground is
used with electronic test equipment it
is possible for a ground loop to be created between equipment under test and

the test equipment, as shown in Fig.
23-217.

Two ground connections shown can
cause ground currents through two
pieces of equipment or more, as indicated by the dashed lines. Since electrical -system grounds always have considerable noise currents through them,
this noise is induced in both the equip-

ment under test and the test equipment. Also, such ground connections
re often the cause of oscillations and

with the rms voltmeter connected in

unstable

parallel with the source of the complex

24.31 to 24.34.)

operations.

(See

Questions
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INSERT UNGROUNDED
ADAPTER TO BREAK
GROUND LOOP

GROUND WIRE

DO NOT USE

3 -PIN PLUG

ONE SIDE OF

VOLTMETER

,-POWER LINE

(

GROUNDED

EOUPKIENT UNDER TEST

3 -PIN PLUG

-

POSSIBLE GROUND LOOP-

-

---

-

-

Fig. 23-217. Procedure for avoiding ground loops caused by ac line grounds.

If the test equipment happens to be
a millivoltmeter, although the ground
current may be only a few microamperes, this small current can result in
considerable error in the meter readings. Ground currents can be avoided
by the use of an ac adapter plug, shown
the illustration. The use of these
plugs also avoids the possibility of a
short circuit to the hot side of the ac
line when instruments with the circuit
ground tied to the chassis are being

line leakage. Although the ground loops
may be eliminated, there is still the pos-

sibility of pickup from stray magnetic

fields by the leads of the test equipment. The leads should be carefully
shielded and connected to the ground
of the instrument that they arc used

in

with. Another convenient way of elim-

used for measuring the line voltage.

inating ground loops is to feed the
whole test setup from the secondary of
an ac line -isolation transformer. This
will permit the grounds for several
pieces of equipment to be brought to a

When any type of measurement is
conducted, the ac line plugs should be
reversed for the lowest indication of

central

point, where they are then

grounded to a good earth ground system.
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Sect -Ion 24

Installation Techniques
Installation techniques not only involve the physical installation of equipment,
but also take into consideration such factors as power requirements, separation of
transmission lines, grounding, isolation from magnetic fields, the reduction of noise
in the system, effects of temperature, ventilation, and humidity control in certain
areas. Of equal importance is the laying out of patch bays or jack fields, designing

of bridging buses, relay rack and gutter design, placement of lines for power,
high- and low-level transmission lines, and intercommunication and talkback
systems, to mention but a few of the subjects dealt with in this section.
24.1

where a terminal screw is provided for
connection to the cord conductor. The
tip is always the high -potential side of

What is o patch boy?-In large

sound installations, it is the practice to

make the inputs and outputs of the
principal components of the system

available on jacks in a patch -bay area.
This system affords a means of testing,
maintenance, substitution of equipment,
and special circuitry to be set np from
the jacks through patch cords. In addition, transmission lines are run to various parts of the plant for remote operation of equipment, as well as to a cen-

tral testing area, termed "circuit laboratory," where various types of test
equipment are installed for making
routine tests.

It is not uncommon for a large system to have several thousand jacks. For

the most part, these jacks are of the
normal type; that is, they permanently
connect various pieces of equipment
together to form a basic system. (See
Fig. 24-95.) Inserting a patch cord into
a given jack permits any piece of equip-

24-3A. Interior view of Western
Electric 47A fip and sleeve cord plug.
Fig.

ment to be picked np and connected
into another part of the system, or to
be removed entirely. Typical patch bays

for recording consoles are shown

in

Figs. 9-22D, and 9-463 and E.
24.2 What is a jack field? - The
same as a patch bay. (See Question 24.1.)
24.3 What is a single -circuit cord
plug?-A plug, such as the one shown in
Fig. 24-3A, consisting of a brass sleeve

and tip. A small rod connects to the tip

and is carried back through an insulated bushing to the body of the plug,

Fig. 24-38. Single -circuit patch cord.
1565
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the circuit. If the sleeve is used, it is
connected to the low -potential side of
the circuit or to ground.
An insulated sleeve fits over the body
of the plug and protects the inner terminals, and acts as a grip for the plug.
A patch cord appears in Fig. 24-3B.

iations in jack strip mountings. The insulated body of the plug carries a series
of notches along one edge, to permit the
plug to be polarized.
Double -circuit patch cords are made
up of two plugs, one at each end of the

What is a double -circuit patch

connected to the plug tips. The opposite

24.4

cord. The conductors of one end are

cord plugl - The double -circuit patch

ends of the cord are connected to the

cord is practically the standard of the
sound industry, particularly in large in-

corresponding tips, resulting in a polar-

stallations such as broadcast, recording,
and motion picture studios, Fig. 24-4A.

the polarization, the notched edge of the

The double -circuit plug was originated by Western Electric and is more
commonly known as a 241A plug. An
interior view of this plug is shown in
Fig. 24-4B. The component parts of the
plug consist of two single -circuit plugs
held in a dual mounting, except the
plugs float in the body to allow for var-

ized circuit. For easy identification of

plug is turned to the ground or low potential side of the circuit. An exploded view of the component parts
of a double -circuit plug is shown in
Fig. 24-4C.

If a shield is provided in the cord, it
is connected to the frame of one plug at

one end only. The other end of the
shield

is

left unconnected, to prevent

the formation of ground loops when the
cord is used between grounded jack
rows.
24.5 What is a tip, ring, and
sleeve -cord plugl-This plug is similar

in design to the single -circuit plug of
Fig. 24-3A, except that a ring and separator are interposed between the tip
and the sleeve. An interior view of a
tip, ring, and sleeve plug is shown in
Fig. 24-5A. The components are identiFig. 24-4A. Western Electric 241A double -circuit patch cord.

fied as: A, the tip; B, the ring; and C,
the sleeve. A separator used only to lift
the top spring of a jack assembly when
the plug is inserted in the jack is iden-

Fig. 24-4B. Interior view of Western Electric 241A double -circuit patch cord plug.

1------1-

Fig. 24-4C. Exploded view of the parts of a Western Electric 241A double -circuit
patch cord plug.

INSTALLATION TECHNIQUES

1567

r.e

tified as D, and E are the terminals in

the body of the plug. The insulated

ilk

sleeve covering the interior also acts as

a grip for inserting the plug. The tip is
connected to the high -potential side of
the circuit, the ring to the low potential,
and the sleeve to ground.
Tip, ring, and sleeve plugs are used
extensively in telephone switchboards,
intercommunication equipment, telephone hand sets, and similar equipment.

MEE Mr41.. a
Fig.

24-5B. Western Electric 310 and

309 tip, ring, and sleeve cord plugs. The
Type 310 is used in broadcast installations at the present time.
24.6

F

0

_

Fig. 24-5A. Interior view of a tip, ring,
and sleeve cord plug: A -Tip, B -Ring,
C-Slecvc, D -Spacer, E -Terminal screws,
F -Insulated grip.

How

is

a

jack

strip

con-

structed?-A typical jack strip is shown
in Fig. 24-6A. Jack strips may he obtained in either single or double rows.
As a rule, the mounting strip is made
of an insulating material; however, the
one pictured employs a metal strip designed for standard rack mounting, one
multiple high. Several different types of
mounting strips arc shown in Fig. 24-6B,
together with a designation strip for
holding identification tabs over the
jacks.

A single row of jacks consists of 24
jacks. A double row has 48 jacks. A sin-

The tip, ring, and sleeve plug is used
extensively in large recording and

broadcast installations, particularly in
the mixer console patch bays to reduce
the number of jacks required and provide a third circuit for grounding a

shielded curd. The plug used for this
service is the Western Electric 310 plug

or its equivalent. This plug is slightly
larger than the conventional tip, ring,
and sleeve plug, as may be seen in Fig.
24-5B.

Some newer as well as older installa-

tions use the double patch cord (Fig.

gle -row jack strip using single -circuit
jacks will provide 24 circuits. If used
with a double -circuit plug, it provides
only 12 circuits.
24.7

What is a strap jack and how is

it connected?-Strap jacks are used for
connecting a number of patch cords in
parallel. The manner of connecting a
strap, and the type of jacks used, will
be governed by the type of patch cords
to be paralleled. A strap jack for paralleling a group of double -circuit patch
cords is shown in Fig. 24-7A. The number of jacks in a strap should be suffi-

24-4A) as it permits the circuit to be
turned over (polarity reversed), which

cient to provide the strapping of at

cannot be done with the tip, ring and
sleeve type without special turnover
strap jacks (Fig. 24-7C) which are not

value.

always available.

connected to the high -potential side of

least four circuits, or it will be of little
The tip spring of the right-hand jack

of a pair (facing the rack) is always

Fig. 24-6A. Double row jack strip. Mounting strip one multiple (11/4- x 19") high.
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Fig. 24-6B. Circuit jack mounting strips. The two upper mountings are made of insulating material, the lower, Jura!, notched for standard rack mounting (19" X 11/4").
(Courtesy, Cinema Engineering Co r

the circuit and the tip spring of the
left-hand jack to the low -potential side
or ground. The frame of the jack may

}SINGLE OCT.
SCADS

he grounded to provide a ground for
shielded patch cords. Many installations
ground the jack frame even though the
patch cords are not shielded. This will

}DOWN. E

COi

Fig. 24-71. Strap jack for combining o
single -circuit patch cord with a double circuit cord.

provide a grounded barrier between
jacks (supplied by the jack frame).
A strap jack for combining single circuit and double -circuit cords is
shown in Fig. 24-78. Fig. 24-7C shows
a strap jack for reversing the polarity
of a single -circuit patch cord. It will
be noted the tip connection to the lower
jacks has been reversed. Fig. 24-7D is

a strap connection for tip, ring, and
sleeve patch cords.

Strap jacks arc also used to provide
a ready means of interconnecting equipFig

24-7A.

A

4 -circuit, double -patch

cord strap jack. Frames of jocks may be

left ungrounded if desired.

ment when making transmission measurements. An example might be the
terminating of an amplifier in a resistive
load and connecting a VU and distortion -factor meter across the output. A
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sinraien

SINGLE OFT
NORMAL

FRAME

Fig. 24-8A. Open -circuit jack (tip and
sleeve).

vices. An open -circuit jack and plug
SMDLE CRT
RE VERSED

are shown in Fig. 24-8B.
24.9 What is a normal jack and
how is it used?-The majority of jacks

Fig. 24-7C. Strap jack for reversing the
polarity of single -circuit patch cords.

used in large installations such as recording or broadcasting studios arc of
the normal type. These jacks are emto interconnect permanently
several pieces of equipment which are
always used in conjunction with each

ployed

four -circuit strap would be required for
this type of connection.
24.8 What is on open -circuit jack
and how is it used?-A schematic diagram of an open -circuit jack is shown
in Fig. 24-8A. Such jacks consist only
of a frame and a single spring. The

other.

spring is mounted so that only the tip
of the cord plug snakes contact when
inserted in the jack. The frame of the
jack is not used with a double -circuit
plug. When used with a single -circuit
plug, the frame of the jack is con-

Fig. 24-88. Western Electric 47A single circuit plug, and 221A open -circuit jock.

Equipment

connected

by

normal

jacks may be used as a complete unit

nected to the low -potential or grounded

without the necessity of using patch
cords, yet any one of the individual

side of the circuit.

pieces connected by normal jocks may

be lifted by insertion of a patch cord
in the normal jack.
Fig. 24-9A shows a typical schematic

for a normal jack. It will be noted the
jack consists of a frame, a large spring
called a swinger, and a smaller spring

under the swinger called the normal
spring. The smaller spring is in perma-

nent contact with the swinger spring
above. If a plug is inserted in the jack,

the tip of the plug will make contact
with the upper spring, raising it, and
breaking the contact of the smaller
spring below.
As the upper spring is connected

directly to the input or output of the
Fig. 24-70. Strap jock for tip, ring, and

device the jack feeds, a direct connection is supplied to the plug for patching

sleeve patch cords.
SWINGER

Open -circuit jacks are generally used
for connection to equipment to be
patched to other parts of a system, and

are not normalled to other equipment
Open -circuit jacks are employed with

FRAME
NORMAL
SPRING

terminating resistors, strap -jack assem-

blies, multiple jacks, and similar de -

Fig. 24.9A. Normal jock (closed circuiti.
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Fig. 24-98. A typical transmission measuring setup using normal jacks for intercon
fleeting an oscillator, oscillator control, gain set, and VU meter.

elsewhere This feature is illustrated in
Fig.

24-9B.

Here,

several pieces

of

transmission measuring equipment are
shown normalled together. If a plug
is inserted in the output of the oscilla-

tor jacks, the norrnalled circuit to the
oscillator control is broken and the out-

put of the oscillator may be patched
elsewhere. A normal jack with a plug
inserted to show the lifting action of
the contact springs is shown an Fig.
24-9C.

Fig. 24-108. Western Electric 310 plug
and 238A tip, ring, and sleeve jack.
upper member making contact with the
ring of the plug and the lower with the
tip of the plug. The frame grounds the

sleeve of the plug. If the jack is to he
used for normalling purposes. smaller

springs make contact with the upper
and lower springs in a manner similar
to the normal jack described in Question 24.9 A tip, ring, and sleeve jack
Fig. 24-9C. Western Electric 47A plug
and 218A normal circuit jock.
24.10 How is a tip, ring, and sleeve
jack constructed?-The spring arrangement of a tip, ring, and sleeve jack is
shown in Fig. 24-10A. It will be noted

this jack has two large

springs, the

with a plug inserted to show how contact is made with the springs is shown
in Fig. 24-108.
24.11 What is o multiple jack?-An
open -circuit

jack

connected

perma-

MULTIPLE
JACKS

le4iA PLuG I

RING
SPRING

Y

NORMAL
JACKS

NORMAL

7SPRINGS
SLEEVE
(CREME)

IP SPRING

Fig.

24-10A. Spring arrangement of
tip, ring, and sleeve jack.

a

Fig. 24-11. Multiple jacks connected
across two double -circuit normal jocks.
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nently with a norrnalled circuit, as
shown in Fig. 24-11.
243 2 What is the recommended
method of cleaning patch cord plugs?

the sleeve hole in the jack is enlarged,
causing a poor lit for the plug.

is highly important that the contact surfaces of a cord plug be main-

patch cords are used only with double circuit plugs (Fig. 24-4A) and tip, ring,
and sleeve plugs (Fig. 24-5A). The
ground connection for the shield is ob-

-It

tained bright and clean if it is to render
trouble -free service. The contact component parts of a plug are made of brass
and corrode quite easily, which increases their surface contact resistance.
Although jacks offer an automatic
cleaning motion, the plug must still be
cleaned frequently. It is the practice

large installations to polish patch
cords at least once each month. The
contact surface is polished using Bell
in

Metal Polish, a noncorrosive, chem-

ically neutral, polishing paste developed
especially for the telephone industry, or
Doe's Plug Burnishing Paste. Abra-

sives such as sandpaper, crocus cloth,
and emery paper must never be used
on a patch cord plug.
During the cleaning period the cord
is also inspected for electrical turnovers in the conductors, using a patch
cord and cable tester as described in
Question 24.59. A device for clamping
a double- or single -type plug in a vise
while polishing the tip and sleeve is
shown in Fig. 24-12.

24.14
shielded

How are jacks connected for
cord usel-Shielded

patch

tained by grounding the frame of the
jack. This is illustrated in the connection shown for strap jacks in Figs. 24-7A
and D.
24.15 How is the internal ground
a shielded patch cord
made?-Shielded patch cords are only

connection to

used with a double -circuit plug (Fig.
24-4A) and a tip, ring, and sleeve plug
(Fig. 24-5A). Connection to the shield
is made by connecting to the frame of
one plug at one end of the cord only.
If the shield is connected at both ends
of the cord, a ground loop is created
when the cord is used between two
rows of grounded jacks.
24.16
low-level

Which side of a rack is the
side?-The left-hand side

when facing the front of the rack.
24.17 Which side of a rock is the
high-level side?-The right-hand side

when facing the front of the rack.
24.18 Which side of a jack pair is
the low-level side?-The left-hand side

when facing the pair from the front of
the rack. Shielded pairs for making
the cableforms used in racks generally
consist of a red/green and red pair. The
red/green conductor is always the
grounded or low -potential side of the
circuit (left) and is connected to the

low-level jack of the pair. (See Question 24.38.)

Fig. 24-12. Jig for holding patchcerd
plug while cleaning.
24.13

How

is

the interior surface

of a jack sleeve cleaned? --By use of a

special brush as shown in Fig. 24-13.
This brush is inserted in a drill motor
and rotated while inserted in the jack
sleeve. As a rule, no polishing paste is
used. If it is necessary to use a polishing paste, it should be used sparingly
to prevent it from getting on the surface of the jack springs.
A small metal brush is also used at
times; however, this has a tendency
to remove small amounts of material
from the interior surface of the sleeve
every time it is used and, in time,

Fig.

24-13.

Western

Electric

bristle

brush for polishing the interior surfaces
of a jack sleeve.
24.19 How are the operating levels
designated in a cobleform?-The levels

carried by a cableform are designated
high, low, and intermediate, and are so
designated relative to a reference level
of 1 milliwatt, or 0 dBrn. Thus all cable -

forms carrying signal levels of 0 dBm
and lower are called low-level, and
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those above 0 dBm, high-level. The

Cableforms running to jack strips

intermediate cableform carries levels
overlapping into the low level and the
low -high levels.
Operating levels falling into this category are run in an intermediate cable form separated from both the low- and
high-level cablefonns as described in

may be handled in two different ways.
In Fig. 24-20A, the forms running to the

jack strips break out and run across

Question 24.21.

24.20

How ore cal:deforms secured

and placed at the rear of a relay rack?
The rear view of a typical rack used
for the installation of sound equipment
is shown in Fig. 24-20A. At the left is

LL

-

the high-level cableform and

at

FORM

the

Fig. 24-208. Rear view of high- and lowlevel cobleforins running to a jock strip
split into high- and low-level circuits.

right the low-level cableform. Note
that the positions of the high- and lowlevel cablefonns are reversed when
viewed from the rear. As a rule, cable forms are supported by tying them to

the strip taking in the whole group of
jacks, making the strip either a high or low-level group. In some installa-

short metal rods projecting from the
side members of the rack, as shown at
the upper right side of the rack.

tions it might be more desirable to split
LEFT SiDE OF
RACK FROM

RIGHT SIX OF
RACK FROM

FRONT

FRONT

e

CABLE F ORM

SUPPORT RODS

TO JACK STRIPS
I

yl

HIGH-LEVEL
FORMS

CHANNEL
IRON SIDE
MEMBER

TO JACK STRIPS

LOW-LEVEL
FORMS

p

TERMINAL
BLOCKS

PWR

LL

____
INCOMING OR OUTGOING CIRCUITS

Fig. 24-20A. Rear view of a typical rack showing how the cableforms ore placed.
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the jack strips into two parts, making
oue-half high level and the other half
low level, as shown in Fig. 24-208. This

is common practice and works quite
well as the high- and low-level forms
are not running parallel with each
other.
It is not good practice to make one
row of a double -row jack strip (Fig.
24-6A) high level and the other row
low level, because of the parallel positions of the two cableforms. However,
this is permissible if the level differences between the high- and low-level

forms are relatively small.
24.21 What h an intermediate -level
cable form and where is it placed in a
rack? - Intermediate cableforms generally carry operating levels falling

between the high-level and low-level
forms. The intermediate form may be
placed on the low-level side, provided

is laced as a separate form and is
supported on the tie rods at least 1,
it

tone-The radiation of the usual ac
field around a conductor carrying ar.
alteruating current is reduced because
the field from one wire is 180 degrees
out of phase with the other. This causes
a reduction in the strength of the magnetic field, reducing its effect on surrounding circuitry. All ac wiring in
equipment or lying in a metal gutter
should be tightly twisted. This will ensure a minimum of interference from
clicks and stray fields.
21.26 What size wire is recommended for transmission circuits?-If the

audio power is 1 watt or less, shielded

pairs of No. 19 wire similar to those
shown in Fig. 24-44 arc recommended

Circuits carrying the output of high power amplifiers must have low dc
resistance to prevent the loss of power
when transmitted over a distance. As a
rule, No. 10 to 14 plastic -covered wire
will suffice for this service.

The wire size may be determined

inch away from the low-level form.
Intermediate cableforms may also be
laid on the high-level side if the difference in level existing between the two
forms is not too great.

by referring to the wire table in Ques-

21.22 Where are alternating current power circuits placed when they
are run to the top of the rack?-They

ent values of impedance, such as 150,
250, and 500 ohms, have been more or
less standard for input and output circuits for sound equipment. During the
early days of fin and television sound
transmission, because of the equipment
available at the time, it was easier to
meet the frequency requirements of the
FCC relative to equalization, using a

are brought to the top of the rack in
conduit or, better yet, brought over the

top of the rack in the gutter and then
dropped downward in conduit to the
equipment concerned.
24.23 Where ore high-level lines,
such as those from a power amplifier
feeding a loudspeaker system, placed

in a rock?-If possible, they should be
encased in conduit from the output of
the amplifier to the point where they
are to terminate. If this is not practical,
the lines are twisted and run inside the
rack on the high-level side of the rack.
This will separate them from the lowlevel circuits and provide a certain

amount of shielding. Alternating -cur-

rent heater lines are also run in the
side members, on the high-level side.
24.21 Where ore ac lines run in a
cabinet -type rock?-All ac lines are run

inside the rack, at the rear, on the highlevel side, in a small 11,i -inch gutter
with ac outlets wherever required. This
gutter is available in 10 -foot lengths and
is cut to size to fit the rack.
24.25

What is the reason for twist-

ing wires carrying an alternating cur-

tions 20.147 and 20.152.
21.27

Why

has

600

ohms

been

standardised for input and output inspedancesl-la past years, several differ-

150 -ohm impedance. Also, this was the

first attempt to standardize on a given
impedance for both input and output
circuits. However, as the VU meter was
based on a 600 -ohm circuit, special input

transformers were required for

these meters, as discussed in Question
10.34.

Equipment manufactured within the
last few years use 600 ohms for both
input and output impedance, except in
the instance of microphone preamplifiers, which use 50 ohms (in older
equipment this was 30 ohms). Some
European microphones specify a load
impedance of 200 ohms, others 1000
ohms. Power amplifiers employ both
bridging and 600 -ohm input impedances, with output impedances ranging
from 4 ohms to 600 ohms, depending on

the service requirements of the amplifier.
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What is the formula for cal-

large and varied installation. If a block

culating the circular -mil area of a wire?

diagram of an installation similar to

CM = Diameter in mils squared

that of Fig. 24-30 is made beforehand,
showing the expected operating levels,

24.28

Diameter -

it will aid in the laying out of racks,
cable runs, and cableforrns.
24.31
What is a ground loop and how
is it caused? -The formation of a ground
loop can best he explained by referring
to Fig. 24-31. Here are shown two pieces

1.1 CM

where,

M is the diameter of the wire in mils.
One circular mil equals 0.7854 square
mils.
24.29
wire for
lated?

How may the correct size
particular lead be calcu-

of equipment, A and B, connected by
means of a shielded pair. For the sake
of illustration, it will be assumed that
the pair is shielded, but the shield is
hare, so it can make contact with the
ground. It is actually grounded at the
points X and Y.
It is known that many stray electrical

a

CM _2.DXIXR
E
where,

D is the loop resistance of the run in
feet,

I the current in amperes,
R is a constant which has a numerical value of 10.8 for annealed copper wire and 11.06 for hard -drawn
copper wire.

currents
ground,

are flowing
the result

through the
grounding

of

as

electrical power systems, trolley cars,
and other electrical equipment. (See
Question 25.124.) Consequently, if both
ends of the shield are grounded at

24.30 What ore the average operating levels encountered in a large

points X and Y, electrical currents in
the vicinity of the ground connections

sound installation? -The approximate
levels are:

will take the path of least resistance to
the other end, which is over the shield
rather than through the highest resistance of the ground. When an electrical
current flows through a conductor,
magnetic lines of force are caused to
expand and contract around the conductor. This is especially true if the
current is an alternating one. If a second
conductor is placed in the field of the
first, the lines of force cut the second
conductor and induce a current in the

0 dBm
-10 dBm to
Capacitor with preamplifier.
Microphones
-65 dBm to -50 dBm
Ribbon and dynamic.
Preamplifiers
-30 dBm to
0 dBm
Mixers
-40 dBm to - 6 dBm
Booster Amplifiers -40 dBm to - 6 dBm
Line amplifiers
-30 dBm to - 4 dBm
Record. amplifiers - 4 dBm to +18 dBm
Mixer console.
Recording power
amplifiers
0 dBm to +50 dBns
Disc recording.
Monitor amplifiers +26 dBm to +46 dBm

Microphones

second conductor.
This is the condition that prevails

when ground currents are permitted to
flow over a shield, or when a shield is

The foregoing data do not represent any
particular installation, but show the

grounded in several places. The in-

duced current is generally the cause
of noise or high -frequency oscillations,

wide range of levels encountered in a
30
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Fig. 24-30. Circuit -level diagram for dubbing console in Fig. 9-47A. The levels are
predicted on a acre dBm signal level from the reproducers.
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TWISTED PAIR
TRANSMISSION LINE

METALLIC
SHIELD

B

Fig. 24-31. Ground loops caused
by multiple grounds on bare
shielded pair.

GROUND LOOPS

latter being particularly true of

the

systems having high values of amplification.
In large installations where heavy

radio -frequency current may be flowing, it is the practice to use bare shielding and bond the shields together every
few inches, to form individual shields
into a solid shield. This method is satisfactory only if the bond is securely
made and tied to a ground bus every
few inches.

cause of high noise levels, particularly
when low-level, high -gain equipment
is connected at the end of the ground
connection. Fig. 24-32 shows four units
of a sound installation consisting of two
low-level voltage amplifiers and two
power amplifiers.
Amplifiers for low-level operation,

such as microphone and photocell preamplifiers, are designed for a very low

internal noise level and require careful

installation and

a

low -resistance

wire with a cloth braid over the outside of the shield to prevent it from
coming into contact with ground. The
shield is grounded at one end only, as

ground connection. On the other hand,
power amplifier operates at a considerably higher level and can tolerate
a somewhat higher internal noise level.
However, a power amplifier must also

described in Question 2413.

be well

24.32 What is a common -ground
system? -A single or common -ground

quietness of operation. If the four units

Large sound installations use shielded

wire connecting several different pieces
of equipment. Single -wire ground sys-

tems are not adaptable to large sound
installations because of the many differ-

ent operating levels and the formation
of ground loops. (See Question 24.31.)
Common -ground systems arc also a

aAl
E,EE

vOLTAGE
EMEREFEEPI

E NOM vikTAGE

1..124E3

a,

Alllif

OVIEER

24-32

shown are grounded by means of

a

common ground wire, the internal noise

of units 3 and 4 would be induced in
series with the ground return of voltage amplifiers 1 and 2.
If the situation is analyzed, any noise
generated in the ground circuit of unit
is added to the ground noise of unit 2.
Combined noise of units 1 and 2 is
then added to the ground noise of unit
1

Likewise, the three previous units
add their noise to that of unit 4. The
3.

noise on the lower portion of the ground
wire between unit 4 and the point

where it connects to the ground bus is
E,. the noise of all four units combined.

a

POW N

4100E00 Re

Fig.

grounded for stability and

Common or single ground
wire system.

Although the actual ohmic resistance
of the ground wire may be on the order
of a fraction of an ohm, a small voltage
drop (because of the noise current)

wall exist on the ground wire. Therefore, high -gain, low-level units will be
affected by the amount of noise current in the ground wire.
The common -ground wire system is
not recommended for large sound installations for the reasons explained
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previously. However, in a small installation such as a public address sys-

tem where the number of

the transmission ground and the second the chassis or frame ground.
The transmission ground connects to

pieces of

equipment Is small, it may be used to

the grounds of filters, equalizers. amplifiers, and the negative side of power

a good advantage and is easy to install.
21.33 What is a transmission -

supplies

ground system? A method of grounding used in large commercial sound
installations. The ground system is split
into two parts, one section being called

(this

is

the portion of

the

ground system carrying speech currents) and is run directly to the main
ground bus of a given equipment rack.
The frame or chassis ground connects

VA

0 CC

2
VA

OCG
CLOTH
BRAID
OVER

SHIELD

3
VA

0 CO

HIGH LEVEL
FORM

VA

LOWLEVEL

0/5

0 CG

FORM

INTERMEDIATE
LEVEL FORM

P/5

LOW LEVEL
BLOCK

NIGH -LEVEL
BLOCK

_GAO

ONO BUS
GROUND

Fig. 24-33A. Transmission ground system applied to a rack containing four units,
with separate power supplies. :Front view of rack.)

INSTALLATION TECHNIQUES

1577

Fig. 24-33B. Transmission ground system applied to on amplifier. The internal wiring

shit ds arc connected to the chassis ground at one point only. The cores of the
transformers arc connected to the B- circuit. Transformer cases ore connected to
the chassis. The 8- circuit is brought to a separate terminal, and is completely clear
of any grounds in the amplifier.

shields, transformer cases, conduit,
and racks. Such a grounding system,
if carried out to the letter, eliminates
the formation of ground loops and reduces the noise level of the system. A
to

transmission -ground system will also
permit the ground of any given rack to
be lifted without disturbing other parts
of the installation.
A typical transmission -ground system is shown in Fig. 24-33A. It consists
of several pieces of equipment supplied
by external power supplies (a common
practice in the motion picture industry).
Each piece of equipment has individual
input and output terminals, power

and a terminal
indicated CG (case ground). This latter
supply connections,

terminal is fastened directly to the

chassis of the equipment concerned.
In a transmission -ground system, the
B -minus terminal of a particular piece
of equipment is not connected to the
chassis as would be the case of a com-

mon ground system such as that described in Question 24.32. The B -minus
terminal is left floating as shown in

Fig. 24-33B. This latter diagram is

a

two -stage amplifier, transformer -cou-

pled at the input and output, as well as
interstage. It will

be

observed

the

transformer cases are grounded to the

RACK - 3

TRANS
GNU
3:71

Fig. 24-33C. Transmission ground system. The rocks and cases of the power supplies

receive their ground from the normal conduit ground.
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chassis but the core of the transformer
is connected to the B -minus circuit.
Also, the metal envelopes of the tuhcs
are connected to this circuit. Any internal shields surrounding the wiring
are connected to the chassis at the CG
terminal. This method of wiring will
reduce the internal noise of an ampli-

a minimum and also prevent
noise from being introduced into the
fier to

transmission circuits via the trans-

former cores and power supply. In a
true transmission -ground system, there
is no continuity between B -minus and
chassis ground. Again referring to Fig.
24-33A, each unit requiring a separate

power supply has a shielded pair run

between the power supply and the
unit in the rack. It will be particularly
that

ground and rack must not be less than
number 6 gauge and, if practical, larger.
In installations where a number of racks
are placed side by side, a copper bus
bar
inches by 1/4 inch thick may be
run across the fronts of the racks just

above the foot plate. This bus bar is
securely bolted to each rack to bring
all the racks to as near the same ground
potential as possible.
24.34 If o jack strip uses a metal
mounting
frames,

strip
is

to

ground

the

jock

it necessary to ground the

jack homes in addition?-If the jack

frames are provided a low -resistance
path to ground through the rack members, no additional ground is required.
However, in some types of jack strips,

insulated

the jack frames are insulated from

ground wire is run from the B -minus
terminal of the power supply directly
to the ground bus at the bottom of the

Each circuit feeding an input or output is run in shielded pairs with a cloth
braid over the shield as shown in Fig.
24-33A. Although the drawing shows

ground although the mounting strip is
metal. In this instance, the frames of
the jacks are strapped together and run
to ground.
It should be pointed out that in the
manufacture of jack strips using a metal
mounting strip, the strip is often anodized. The manufacturer depends on
the insulation offered by the anodizing
process to provide the insulation between the jack sleeve and the mounting
strip. In souse instances, this is on the
order of 1 megohm; however, if the
anodizing is scratched during the assembly of the jacks in the strip, a direct
contact between the strip and the jack
frame results. In this latter case, a
ground loop could be created between

the pairs as individual lines, they are

the frames of the jacks (if they are

actually formed into a single cable form and securely laced together. The
lower ends of the shields are connected
together and run directly to the ground

grounded separately) and the frame of
the rack.
In racks housing low-level equip-

bus at the bottom of the rack. This is
the only point at which the shields are
grounded. Under no circumstances must

strips using insulated mounting strips
be employed, and the jack frames be
tied together and grounded to the rack

a second ground be connected to the

ground bus.

noted

an

individual

installation. The wire between main

rack.

In some installations a ground wire
also run from each individual CG
terminal on the chassis of each unit to
the gronnd bus. This connection is generally dispensed with when the equipment is mounted in a rack, as the rack
grounds the chassis. However, if the
is

unit is not mounted where it can be

properly grounded, a ground wire
run from this terminal to a ground.

is

shields.
If

a shielded pair has an internal

ground wire, as shown in Fig. 24-44A,
the ground wires are brought to a common terminal on the connecting block

at the bottom of the rack and from
there to the ground bus. Ground wires
running from a cableforrn must be insulated and not smaller than number 16
to 18 gauge.
Fig. 24-33C illustrates how the trans-

mission -ground bus of several racks is

connected to the main ground of the

ment, it is recommended that jack

24.35

What

is

the procedure

for

calculating the impedance of a bridging
bus and its terminating resistor?- Fig.

24-35A shows a typical bridging bus as
might be found in a recording studio.
It will be noted the equipment bridged

across the bus acts as the load impedance for the line amplifier driving the
bridging bus. The first step in the design of the bus circuit is to determine
what and how many pieces of equipment will he permanently connected
(normalled) across the bus.
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VU METER

AI 7500A

vu
METER

AMMP11)ING7:10\y-r
BA I

[ONITCM

25A

TAPE

BA2

REC

r-

LINE
AMPLIFIER

OUT 600A

BB IN
29

V?

BA3

LINE
AMPLIFIER

FILM
REC

LA
BB TERMINATING

4

RESISTOR

MSC
REC

52958
BMW/100
BUS

V--BB MULT
JACKS

2N1-4
A

]V
--A
Fig.

24-354 Typical bridging -bus circuit.

In the drawing shown, the bus has
normalled across it four bridging am-

ante were used for terminating the out-

plifiers each having a 25,000 -ohm bridging impedance and a 7500 -ohm VU me-

would not see its proper load impedance
of 600 ohms. For an amplifier to see 600

In parallel with the equipment is

ohms it is necessary to connect a resistance, in parallel with the bridging

ter.

a bridging -bus terminating resistor and
three sets of bridging -bus multiple

jacks. It will be assumed that, for the

put of the line amplifier, the amplifier

bus load, of such value that the correct
load impedance will be presented to the

of illustration, any additional
equipment bridged across the bus will
have a bridging impedance of not less

amplifier output. Carrying this a step
further, the four 25,000 -ohm bridging

than 25.000 ohms. The output impedance

ohms. In parallel with this is the 7500
ohms of the VU meter. Using Ohm's
law for parallel circuits:

sake

of the line amplifier feeding the bus is
600 ohms. If the total resistance presented by the several pieces of equipment bridging the bus is computed (exclusive of the bridging -bus terminating
resistor), it will be the equivalent of
3416 ohms. If only this value of resist-

inputs present a load impedance of 6250

BB

6250 x 7500

4.68 X 10'

6250 + 7500 - 1.37 x 10'
4.68 x 10'
1.37

3416 ohms.

t-Vvv

BB IN

Fig. 24-356. Bridging bus fed from on amplifier with a balanced to ground output.
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Now, the question arises, what value
of resistar.ce connected in parallel with
3416 ohms will provide a resistance of
600 ohms? Again using Ohm's law for
parallel resistors:
3416 X 600
BB, = 3416
_ 728.84 ohms.
- 600

Therefore, if a resistance of 728 84 ohms

is connected in parallel with the bus
and the foregoing load impedances, the
amplifier will see a load impedance of
600 ohms. As a rule, it is safe to load
the output of a well -designed amplifier

having an output impedance

of 600

ohms to about 540 ohms, or 10 percent

below 600 ohms. This means that for
the foregoing bridging bus several more
25,000 -ohm inputs could be paralleled
across the bus without affecting the op-

erating characteristics of the line amplifier. If the bridging impedances arc
greater than 25,000 ohms, more equipment can be fed from the bus.
As a rule, a bridging input impedance
greater than 50,000 ohms is not used.
Standard bridging impedances are 7500,
25,000, and 30,000 ohms. Although the
bridging bus in this example is ungrounded, one side may be grounded,

Fig. 24-36A. A 7 -ft relay rock. The side
members are "U" shaped to permit cable
to be laid inside. The base is of heavy
angle iron, which is used to secure the

if required. Generally, large installations

essity for drilling holes for each indi-

operate with an ungrounded bridging
bus to provide a greater degree of flexibility.

If the

amplifier feeding the

bridging bus is balanced to ground,
(output center tapped) Fig. 24-35B, the
ground is applied by the line amplifier.
Two reference levels arc in use for
bridging -bus operation: 1 milliwatt and
6 milliwatts. The first is the present-day

standard, while the second may still be
found in older installations. Because 6
milliwattts corresponds almost to a plus
8 dEn, some installations operate with
a plus 8-dl3m bus which is, in reality,
the old 6-milliwatt reference level.
Usually broadcast installations use a

bridging -bus level ranging from plus
10 to 18 dBm, while in the motion picture industry the bus level ranges from
plus 8 to 14 dflin.
24.36

Describe

a

relay

rack

and

cabinet -type equipment rock. - Relay

racks are used to support various types
of electronic equipment. The telephone
industry, early in its development stage,
recognized the need for standardization

in mounting equipment to permit its
manufacture by anyone and yet be able

to mount it in a rack without the nec-

bass to the floor

vidual piece of equipment, and, also, to
permit the equipment to be placed in a

rack with a minimum of effort. This
thought resulted in the design of a
metal rack called a relay rack, shown
Fig. 24-36A. Relay racks were
originally designed for holding telein

phone relays-hence the name.
The rack consists of two side members constructed of channel iron held at

the top by steel straps, and at the bottom by a heavy angle -iron foot piece.
The side members have a series of holes

drilled in their face at such locations
that panels cut in multiples of 1%
inches high may he mounted anyplace
in the rack without drilling additional
holes. Equipment panels are cut in mul-

tiples of 1% inches and are slotted at
both ends for mounting screws.
It is the practice in modern sound
installations to employ cabinet -type
racks, as shown in Fig. 24-36B. Here the

equipment is mounted in a shielded environment and protected; also, it is pre-

vented from inducing fields into surrounding equipment. This is particularly important for magnetic recording
and reproducing equipment.
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TOP COVER

FRAME
REAR DOOR

PANEL MOUNTING ANGLE

(VENTILATED)

ASSEMBLY AND

ADJUSTMENT OF
KEEPER UNIT

ASSEMBLE v4-28
SCREW TO FRAME
WITH LOCKWASHER
AND NUT. THEN
ADJUST KEEPER
NUT TO PROVIDE
PROPER ENGAGEMENT

WITH HANDLE LATCH,
AND SECURE WITH
LOCKN UT.

SIX PANEL

.1. -FRONT DOOR

l(NOT VENTILATED)

TYPICAL LOCATION
FOR TERMINAL BLOCKS
TERMINAL BOARD
MOUNTING ANGLE
BASE

Fig. 24-365. RCA BR -84 cabinet -type equipment rock. (Courtesy, Radio Corporation
of America

Cabinet -type racks employ the same

plates, and the cabinet used with or

multiple drilling dimensions as for the
open -channel type of rack, but they
mounting

without doors.
21.37 What are the dimensions for
cutting and notching panels for relay -

areas for terminal blocks and power block connections. The multicell gutter
is placed over the cabinet (sec Fig. 18-

rock mounting?-Fig. 24-37 gives the
cutting and notching dimensions for
relay -rack panels. It will be noted the

330A) and pipe nipples are run through

panels are cut in multiples of 13/4 inches

provide

many

convenient

The wiring

then

high and 19 inches long. The height is

brought to the terminal blocks mounted
at the rear of the rack, near the top and

cut 1.;11 inch undersize to each side of
the centerline of the panel. This under sizing allows a small clearance between

the top

cover.

is

bottom. It will be noted that the angle
bracket may be placed to fit any standard piece of equipment. The rounded
side members may be replaced with flat

panels when they are mounted in

a

rack. The smallest panel is one multiple
high, and the largest is seven multiples
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Fie. 24-36C. Relay -rock dimensions.
9/52"
RADIUS

v-

PANEL SIZES

1-1/2"

1-5/4 X 19" I - NuLT
5-1/2" X 19" 201ULT

i-3/4"

PANEL SIZE

I3/4"

12-1/4" X re

e

- 41-3/4"
-1-1-5/4'

I-3/4' I-1/4- ON t
3-wr 3'

--

---

7 MULT.

1.1/2'
1.1,- 4* -

f --T-

PANEL SIZES

5-1Ar X 19' 3 FAULT
7' X 19' 4 PAULI
11-5/4 X 19" 5 FAULT

- MATERIAL 5/16" DURAL OR Mr STEEL
UNLESS OTPERWISE SPECIFIED.

8.114 2-1/4*

7

1

4'

3/4- 5- 3/4. )

ON t
NOTE
I

ALL DIMENSIONS TAKEN
FROM
OF PANEL

1-1/2'

2.1/4'

2. PANELS CUT TO INDICATED
NEIONT MINUS 1/64' EACH

SIDE OF t

Fur
Fig. 24-37. Dimensions for cutting and notching panels for relay mounting. The
panels arc cut in multiples of 13/4 inches high and 19 inches long.
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high. Panels may be constructed of

coming microphone lines from a studio,

either s, -inch Duralumin or

and normal to the inputs of six microphone preamplifiers, circuits 1 to 6 in

IA -inch

steel. The notches are dimensioned for
10-24 roundhead machine screws.
24.38 What is the procedure for

connecting to terminal blocks? - The
terminal count is started at the top
right-hand terminal, as shown in Fig.
24-38, and is terminal number 1. The
bottom right-hand terminal is number
4. The terminal to the left of number
in the top row is number 5 and the
terminal to the left of number 4 in the
bottom row is number 8. This method
of counting continues to the left as
1

shown. The odd -numbered terminals
are always the ground or low -potential
side of the circuit. As a rule, two -

conductor shielded pairs consist of a
red/green and red conductor. The red/
green conductor is connected to the
odd -numbered terminals. If the pair

jack row 2. The outputs of the preamplifiers appear on circuits 7 to 12 of
jack strip 1. These circuits normal to
circuits 7 to 12 of jack strip 2.
Row 3 contains jacks which appear
in various parts of a recording circuit.
Row 4 contains a strap jack, 600 -ohm
resistive termination, input to

a VU

meter, and two bridging -bus extension
circuits. Normal connections between
circuits are indicated by the short vertical and horizontal lines between jacks.
What is a barrier strip?-A
24.41
terminal strip as shown in Fig. 24-41
for terminating incoming and outgoing
power circuits at the bottom of a relay
rack or inside equipment cases. Each
circuit is separated from an adjacent

circuit by an insulated barrier to pre-

consists of a red and white pair, the

vent flashovers and short circuits.

red is connected to the high side of the
circuit or the even -numbered terminals.
If a pair consists of ri red and black
pair, the black is connected to the odd numbered terminals.
24.39 What is a punching or run-

24.42 What are pin counts? - In
certain phases of the sound iudustry

ning sheet?-A sheet showing the terminal numbers and connections of a
terminal block. A typical running sheet
corresponding to the jack assignment

cable plugs and their receptacles. The
pin counts used by RCA and Westrex
for broadcast and recording equipment
are shown in Figs. 24-42A, B, and C.
The conductors are connected to the
plug pins by the number, regardless of
the type of plug or receptacle used.
24.13 What is the proper method
of lacing a cableform?--The pairs are

sheet of Fig. 24-40 is shown in Fig. 24-

39. Incoming and outgoing lines from
the rack are shown at the right. The
connections for the internal cabling of
the rack appear at the left
21.40

What

is

a

jack assignment

sheet?-A jack assignment sheet corresponding to the running sheet of Fig.
24-39 appears in Fig. 24-40. Each square

on the sheet represents two jacks of a
double -jack circuit.
The upper jack strip has been split
into two parts. Circuits
to 6 arc in 1

the larger suppliers of equipment, particularly of recording equipment, have
standardized on a given method of con-

necting audio and power circuits to

laid in straight lines, ir positions that
will permit them to be broken -out at
the proper intervals for connection to
equipment. The form is tightly laced
together using No. 6 or No. 9 waxed
lacing cord. The stitch used to hold the
pairs is called a lockstitch and is shown
in Fig. 24-43.
The size of cord and the distance between stitches is dependent on the

number of pairs in a form and the
number and type of bends required.
24.44 What does "serving a poir
mean?-Serving a pair means securing
the end, or ends, of a conductor so
the shield or covering will not unravel

or short circuit to another pair or to
Fig. 24-38. An 80 -terminal block, used
at the bottom of a relay rack for terminating

cableforms

and

incoming

outgoing lines.

and

ground. Serving may be accomplished
in several different ways.
In

Fig. 24-44A, the serving on the

end of the pair consists of a wrap made

with No. 6 waxed lacing cord. In Fig.
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24-44B, the pair is served with vinyl
plastic tubing. The tubing is soaked in
lacquer thinner (without butyl acetate)
for a few minutes, and then spread with
a pair of long -nosed pliers. The tubing
is then slipped over the end of the wire

shield or covering. After the lacquer

thinner has evaporated, the plastic tubing will shrink tightly around the wire.

In Fig. 24-44C, the pair has been
served with a Thomas and Betts fitting.
This metal fitting consists of two parts:

an inner part which is tapered on the
outside, and an outer piece which fits
Glitter

Rack

Microphone Tnk. #1 RI, J1,

1

Microphone Tnk. #2 RI, 32,

3

Microphone Tnk. #3 RI, J3,

5

Microphone Tnk. #4 R1, J4,

7

Microphone Tnk. 05 RI, J5,

From Microphone Connector #1 in Studio

2
4
6

8
9

10

From Microphone Connector #2 in Studio
From Microphone Connector #3 in Studio
From Microphone Connector #4 in Studio
From Microphone Connector #5 in Studio

Microphone Tnk. #6 RI, JG,

11

Mixer Tnk. #1 R2, J7,

13
14

To Mixer Input #1 in Console

Mixer Tnk. #2 R2, J9,

15
16

To Mixer Input #2 in Console

Mixer Tnk. 13 R2, 39,

17
18

To Mixer Input #3 in Console

19

To Mixer Input #4 in Console

Mixer Tnk. #4 R2,

J10,

12

20

From Microphone Connector #6 in Studio

Mixer Tnk. #5 R2, J11,

21

22

To Mixer Input #5 in Console

Mixer Tnk. #6 R2, 312,

23
24

To Mixer Input #6 in Console

Mixer Out R3, 31,

25
26

From Mixer Output, Console

Master Gain Cont. In R3, .14,

27
28

To Master Gain Cont. in Console

Master Gain Cont. Out R3, J5,

29
30

From Master Gain Cont. in Console

31

32
33
34

RUNNING SHEET
LL 40 BLOCK
RACK #1

35

SHEET #1 of 2
DATE 3 Dec. '56

36

LL Test Tnk. #1 R, J,

LL Test Tnk.

R, J,

37

38
39

40

To Rock j2
To Rack

H. M. T.

NOTE: Terminal #1 is
the SHORT PIN and is

COMMON.
Fig. 24-39. A typical running sheet used with a 40 -terminal block similar to thot in
Fig. 24-38.
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DATE

JACK ASSIGNMENT SHEET

t- I 0 - 37

SHEET_I_OF _3_
6

5

ROW I

ROWS

smelt
OUT

°CIA

OUT

OUT

OUT

505

SOA

oSOA

150A

1505

PREAMP

MIXER

MIXER

MIXER

MIXER

MIXER

MIXER

IN

IN

IN

IN

30,

30A

I30A

iSOA

4010

404

H OF
IN

IIII.F

SC'S

311E -6

OUT

OUT

OUT

N

N

N

N

PRIMP

PREAMP

PREAMP

PRE AVP

IN

IN

IN

30A

305

ROW!

OUT

150A

WeG4

OUT

30

OposT

ROOST

"P
IN

AMP

0005

6005

OUT

PRE AMP

NNNNNNN

MASTER WASTER
GAIN
ONIN
CONTROL CONTROL
ON
OUT

6005

12

PREAMP
OUT

OUT

WO a

PREAW PRE AMPPRE VIP

PREAMP
OUT

111C-3
OUT

MIC-

6005

600n

6005

IN

IN

IN

150A

1505

IO0A

LPF

LINE
AMP

IN

LPi

OUT

1

MA

IN

OUT

Goon

600n

LINE
AMP

II II Al

IN

OUT

SOON

6005

6005

N

ROW

STRAP

STRAP

STRAP sump

TERM

603A

VU
METER

SO

If 8

IN

EAT

EXT

600A
N

"

Fig. 24-40. A typical jack -assignment sheet.

Fit kk:b*4444-A A

azzammize
Fig. 24-41. Barrier terminal strip for power circuits.

the large end of the inner component.
The metal shield of the wire is slipped
over the outside of the inner part and
the outer part clamps over the shield
by means of a special tool. This results
in a clean serve which may be used to
ground the shield.
Fig. 24-441) shows a shielded pair unserved and Fig. 24-44E depicts a single
shielded conductor unserved. It will be
noted in these photographs, except for

a tinned ground wire is
shown projecting from the end of the
Fig. 24-44E,

shield. This wire is continuous through-

out the entire length of the pair and is
used to ground the shield of the pair.
fly the use of a continuous ground wire,
as shown, the ground wire is in contact

Fig. 24-42A. W

pin count.

ground, the connection being made at a
water main where it enters a building.
The second method consists of burying
several large copper plates In moist

earth which has been well mixed with
HIGH

throughout the entire length of shield,
reducing resistance between shield and
actual ground. This type of wire is used
almost exclusively In large installations.
24.45 What type of actual ground
is recommended for a large sound instollation?- -Two types of grounds are
recommended. The first is a water -pipe

Fig. 24-428. RCA pin count.
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+A

a
24-448.

Fig.

Fig. 24-42C. RCA pin count for 6 -pin
plugs.

rock salt. U this is not practical, several
heavy wires may be buried in a trench

prepared in a similar manner. In any
event, the ground must be of low resistance, which can be obtained only in
moist earth.

Two -conductor

shielded

pair, with ground wire, cloth braid overall, served with single tubing.
terminal blocks to which incoming lines
are terminated. Lines are then run from
the main frame to different parts of the
installation. Main frames are used only
in very large plants where several hun-

dred circuits enter a building and are
distributed over a large area.

LACING CORD

U
Fig. 24-43 Lockstitch used for lacing a
cableforrn.

20.06 How can ac ground loops be
avoided when several pieces of equipment are fed from the same cc source?
-This subject is discussed at length in

Fig. 24-44C. Two -conductor shielded pair
with ground wire, cloth braid overall,
served

with Thomas and Betts fitting.

Question

21.49 Describe the different types
of metal gutter used in sound installa-

several pieces of equipment (particularly those of high gain) arc mounted
in one rack.

sound installations to provide a metal
gutter for running the ac power, control circuits, de power supply, audio

23217, which outlines the
procedure that should be followed when

tions.-It

is

the general practice

in

transmission lines to the equipment and

between the various racks and power

491105rnilider...0111-Fig.

24.44A.

Two -conductor

shielded

pair, with ground wire and cloth braid
overall served with No. 6 lacing cord.
24.47

...

Fig.

24-44D. Two -conductor pair with
ground wire and shield unserved.

What is a grasshopper fusel

-An indicator alarm fuse which will
operate a hell or light to show when it
has blown. A typical fuse of this type
is shown in Fig. 24-47. The fuse wire is
connected to a spring that is released

room. The gutter not only provides
protection for the lines, but also shields

them and prevents inducing electromagnetic energy into other equipment.

when the fuse blows. The spring snakes

contact with another contact on the
mounting fixture, causing a hell to ring.
21.48 What is a main franc?-A
large framework supporting a group of

Fig. 24-44E. Single conductor with copper tinned shield unserved.
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Fig. 24-49A Metal gutter used for audio -circuit wiring.
FUSE WIRE

u ND( RN( ATM

equipment cabinets and runs on the wall

Fig. 24-47. Alarm or grasshopper fuse.

to other parts of the plant. A typical
installation is shown in Fig. 18-330A,

A gutter also provides

and in Figs. 24-49C and D. The cables

a

convenient

means of making changes in existing
equipment, as well as future expansion.

or wires are broken out

at various
positions in the gutter and mechanically

movable cover, mounted on the walls.

connected to cabinets by 2 -inch pipe
nipples. The wiring is then brought to
terminal blocks which are mounted at

In small installations the high- and

the top or bottom at the rear of the

low-level audio lines may be run in a
double gutter (Fig. 24-49A). For larger

racks.

In the power room the ac lines arc

run in 4 x 4 -inch gutter with a re-

plants a three -cell gutter (Fig. 24-49B)
may be used for the power and control
circuits.
For large installations which involve
the use of many racks, a six -cell gutter
is generally employed. This gutter runs
the full length of the installation, from
the mixer console to projection room,
machine room, transfer channel, and
the power room. It is mounted over the

All ac and dc wiring is firrniy twisted
before being laid in the gutter. The

SIGNAL
CKTS.

Fig. 24-49B. Metal gutter used for power

wiring and control circuits.

Fig. 24-49C. Interior view of sle-cell metal ;utter interconnecting two control
positions in a projection room.
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SCREW
COVER
's

I. POWER

311 POWER

TT
INTERCOM
FOOTAGE

COVER

0

NIGN LEVEL

-

Dc-POWER1 AUDIO LINES

COUNTER REVERBERATION
SELSTN
CONTROLS.

LOW LEVEL
AUDIO LINES

SYSTEM

*RING

LocmuTs

GROUNDS

r

TOP OF CABINET

SPOTWELO

PME NIPPLE

I

WOODEN BLOCK

rimy or
EQUIPMENT
-CABINET

Fig. 24-49D. Cross-sectional view of typical 6 -cell gutter run, showing the division
of the power, control, and oudio wiring for a sound recording installation.

low-level lines are separated into two
groups, with the higher- and lower level lines separated by wooden blocks
every few feet. High-level lines are
treated similarly. To facilitate its removal at some future time, none of the
wiring is laced. Ground wires may be
laid in either the lower- or higher -level
gutter if necessary; however, they
should be consigned to the de channel
whenever possible. Ground wires must
be insulated. The gutter is firmly
grounded to the rear of each cabinet
with a flexible 1 -inch copper strap. The

gutter is grounded to the conduit system. Each cabinet is bonded to the adjoining rack with a flexible copper

strap. The gutter may be suspended
from the ceiling, where practical, by 1 inch hangers placed approximately
every 10 feet.

Fig. 24-51. Dummy plug used for lifting
a normal circuit in a jack. The plug is
made of molded Bakelite.

power -output loading,

a

wirewound

resistor of the proper wattage is used.
24.51

What is a dummy plug?- -An

insulated plug, as shown in Fig. 24-51,
used for the purpose of lifting a normal

circuit in a jack or patching out a circuit.
24.52

What is a forming board? --A

hoard with a number of pegs or nails
driven into it for the purpose of laying
out a cableform. The pegs are placed at
the points where the conductors break
out of the form or run to components.
After the wires are laid in, the form is

laced or bound together with plastic
fasteners.
Fig. 24-50. Terminating resistor mounted
on a Western Electric 289A double -

circuit plug.

Cableforms for relay racks are laid
out on a board the full size of the rack.

Holes arc drilled at the points where
the pails break out to the jack rows.
The pairs are pushed through the holes

24.50

-A

What is o termination plug?

standard cord plug fitted with a
terminating resistor, as shown in Fig.
24-50.

An installation where a consider-

able amount of patching and frequent
transmission measurements arc made
generally requires a number of such
plugs with different values of terminating resistors. These plugs are patched
into strap jacks for terminating a line,
amplifier, or other device. For heavy

to hold them in place as the cable is
laced. Pegs are placed at the points
where the pairs break out for the various pieces of equipment.
Forming and lacing the cable before
mounting it in the rack facilitates the
identification

of

the pairs

and the

grounding of the shields.
21.53 What arc the drilling dimensions for single- and double -jock rows?

-Fig. 24-53A shows the dimensions for
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5/1"
3/4"

i-i/4"

ENO ANGLE
ORACNET

16 7/8"

00000

1- i/4" A

1/21

i

- DESPONATION STRIP L'-

0000000000000
\ BLACK BAKELITE

1

29/64' ROLE

24 HOLES

1-1/4"-I

CHAMFER ALL

HOLES T01/37'

5/8' -

Fig. 24-534. Drilling dimensions for a single jack row mounting strip and for the
mounting bracket.

at the ends by angle brackets, using a
Western Electric No. 25 jack fastener.

drilling the mounting strips for a single -

jack row. The mounting strip may be

double X (XX)

black

24.55

bakelite, or

Whet it a circuit laboratory?

-A test section in a large sound in-

metal. Small angle pieces, slotted for
single multiple mountings, arc used to

stallation. This name originated in the
telephone industry. The equipment usu-

firmly support the mounting strip at the
ends.

ally found in such a laboratory con-

The mounting dimensions given are
standard and will accommodate either

sists of an oscillator, gain set, distortion measuring equipment, amplifiers, coils,

terminations, and other transmission measuring equipment.
Several high- and low-level trunks
are originated in the laboratory to run
to several patch bays throughout the
installation to facilitate the testing of
equipment at a remote location.
A typical circuit laboratory in the
Sound Department of Paramount Pro -

single- or double -circuit plugs described in Questions 24.3 and 24.4.
Dimensions fcr double -row jack

strips are given in Fig. 24-53B. As a
rule, modern jack strips are constructed
one multiple high, and slotted for single
multiple mounting.
24.54 What are the dimensions for
jack spacers?-At times it may be nec-

essary to use an odd number of jack
rows

in

a

rack, which

ductions, Inc., Hollywood, California,
appears In Fig. 24-55.
24.56 What are the advantages of
using a buzzer test set rather than an
ohmmeter when testing for direct -current continuity? -IS is the general prac-

causes the

mounting pattern to end in a fraction
of a multiple. Such spaces are filled
with a hardwood spacer as shown in
Fig. 24-54. It is of the same length as
a jack mounting strip and is supported

tice among sound and telephone main -

5/1"

IS -Mr

r1;1/8
---* * * * * *
2-1/8"
0 00000
113/16"

13/16"

-----

1
- - - --DESIGNATION STRIP: - - ...

CC * * ** 0 ' * 0 * CC * * 0 * 0 0
0o000000000

r ----- -1-.:1::- -

DESIGNATION STRIP -_7_-_.7

1BLACK RAKE1 ''
1-1/4.-J

C/A"

i

Frve.
Ste'

29/64"

CHAIN -ER 1/32'

/11"

Fig. 24-53B. Drilling dimensions for a double jack row mounting strip and for the
mounting bracket.
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1_

3/4.
Ts"

I

ENO ANGLE

(RACKET

16-7/R'

HARDwCOD SPACER

Fig. 24-54. Hardwood spacer for jock strips, and mounting bracket.
tenance men to use a buzzer test set
rather than the conventional volt ohmmeter when testing the continuity

vantages over an ohmmeter because it

of lines, grounds, and other circuits of

indicates continuity by hearing rather
than by observing a meter scale. Buzzers require considerably more current

low resistance. A buzzer has several ad -

to operate than does an ohmmeter; thus,

Fig. 24-55. One of two circuit laboratories in the Sound Deportment of Paramount
Productions, Inc., Hollywood, Calif.
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if a circuit such as a :ine or ground wire

which should be of low resistance indicates continuity by a weak buzz, it is
an indication that the circuit has some
resistance. Even if the resistance of the

circnit is only

1

ohm, the tone of the

buzzer will show a noticeable change in
115 intensity and tone quality.

Buzzers can be of great help when
attempting to locate a line in a cable form. The buzzer is connected to a line
and opposite ends of the lines shorted
until buzzer is caused to operate. Pointto-point testing is simplified because the

eyes do not have to be shifted every
time

test

a

is

made,

determine

to

whether the circuit is continuous.

Eli

EDWAROs LUNGES
BUZZER No 15
SIZE "0.
6-B VOLTS DC

24.58 What is a burnishing tool?
A tool used for cleaning or polishing

the surface of relay and jack spring
contacts (Fig. 24-58). The tool consists

of a holder similar to a fountain pen.
The burnishing tool consists of a finely
sandblasted strip of metal. This strip is
placed between the contacts, and the
spring is held closed by applying a light
pressure with the fingers. The burnishing tool is then rubbed across the con-

contacts are cleaned rather than filed.
The

handle holds spare burnishing
blades and round burnishing inserts for

FOR

LINE

3-6

TEST PROOS
CONTINUITY

tVOLTS

Fig.

-

tacts and, because of its fine surface, the

BuZ
TONE

Fig. 24-57. Western Electric 535A and
505A relay -adjusting tools.

jack cleaning. Finery or crocus cloth
must never be used on reIcy springs.

24-56. Buzzer test set. For con-

tinuity tests the test prods are used. For

applying c constant tone to a line, the
line is connected to the tone terminals.

Short test prods to actuate buzzer.

Fig. 24-58. Western Electric 256C burnishing tool.

The only time an ohmmeter is actually required is when the circuit re-

testing patch cords and cables. - Fig.

sistance is used to identify a component
such as a resistor or coil. The circuit of

typical buzzer test set is shown in
Fig. 24-56. Buzzer test sets may also
he used as a source of steady tone for
testing long lines in which the dc resistance of the line would prevent the
bnzzer from operating. The terminals
of the buzzer test set are connected to
the line at one end and the test probes
a

shorted to cause the buzzer to operate.
A headphone is used at the other end

to locate the pair to which the buzzer
is connected. The proper line may be

24.59

Show,

a

circuit suitable for

24-59 shows a patch -cord and cable test

set that may he used for checking the
continuity and polarity of both single and double -circuit patch cords, as well
as three -pin microphone cables.

The cord or cable to be tested is inthe proper receptacle and
switches SW1 and SW2 turned to their
corresponding positions. If the cord or
serted in

is continuous, a buzz will be
heard. If the polarity is reversed, the

cable

buzz will not be heard on a corresponding switch position.

steady

The leakage of a cord or cable may
be measured by connecting a megger

relay -adjusting

lower terminals and turning switches

tools?-To properly adjust relay and

SW1 and SW2 to opposite positions and
switch SW3 to Megger. The buzzer may

identified by

a

high-pitched,

(see

tone.

24.57

What

are

jack springs, special tools are required.
as shown in Fig. 24-57. These tools are

fitted with a small slot of the correct
dimensions to permit them to be slipped
over the springs for bending purposes.

The springs of a relay or jack should
never be adjusted with a pair of pliers.

Question

25.116)

to the center

be tested by turning switches SW3 to
the position indicated Buzz, and SW1
and SW2 to position 5.
It is the practice in the motion picture industry to test microphone and
camera cables by measuring the tic
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resistance of each conductor while pass-

ing a considerable amount of current
through the cable from plug to plug.
A record is kept of the resistance of
each cable and when repairs are made;

this information is used to determine
if the cable is normal. This is also a
quick and positive test for soldered
connections within the plugs.
If the cable is shielded, its continuity
to ground is tested by connecting a
sharp -pointed probe to the pin jack, and

turning switch SWI. to position

1

and

SW2 to position 5. The probe is pushed
through the outer covering just far
enough to make contact with the shield.
Continuity will be indicated by the
buzzer.

24.60 What is the standard color
code used in electronic equipment)-In
early electronic equipment a portion of
the standard telephone code was employed, with a separate code used for
the power wiring. The standard code
now used in electronic equipment is
given

For electronic
equipment a black wire is generally
in

Fig.

24-60.

used for ground, while in commercial
power systems (117 Vac), the Underwriters require the ground wire to be
white and the hot wire to be black.
24.61 What is the color code for
small power transformers?-The code is
given in Fig. 24-61.

24.62 What is the color code for
audio transformersi-The code is given
In Fig. 24-62.

21.63

What

is

the

recommended

method of testing transmission lines for
their operating characteristics? In large
plants where many lines
terminate at a patch bay, a record is
kept of the loop dc resistance of each
line and its leakage to ground under
recording

both dry and wet conditions of weather.
The usual practice is to test the line by
shorting the far end and measuring the
dc loop resistance with a resistance
bridge or, in some cases, a sensitive
ohmmeter. The leakage to ground is
measured with a megger.
If it becomes necessary to measure
the frequency characteristics of a line,
this is accomplished as described in
Question 23.96.
24.64 Describe a solid-state inter-

communication system with a switching

matrix.-The basic diagram for a SS 1026 solid-state switching matrix intercommunication system,

manufactured

by McCurdy Radio Industries (Canada). is shown in Fig. 24-64A. Intercommunication systems such as this one

may be used for any purpose requiring
selective talking, group talking, or all talk by the key -switch configuration

used. The system to be described involves four main functional elements:

MEG GE Pi

24.59. Patch cord and cable test set.
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Conductor
Number

Base Color

2

Black
White

3

Red

4

6

Green
Orange
Blue

1

S

7

White

8

Red

9

Green ...... ....

12

Orange
Blue
Black

13

Red

14

Green
Blue
Black
White
Orange
Blue
Red
Orange

10
11

15
16
17

18
19

20
21

23

Black
White

24

Red

25

28

Green
Orange
Blue
Black

29

White

30

Red

31

Green
Orange
Blue
Black
White
Orange
White
Brown

22

26
27

32
33
34
35

36
37

38

Brown
Brown
Brown
Brown
Brown
Brown

39

40
41

42
43
44

Tracer Color

Tracer Color

Black
Black
Black
Black
Black
White
White
White

Whit*
Red
Red
Red
Red
Green
Green

White
Black
Black
Black
Black
Black
Red
Red

Black
Black
Black
White
White
Red

White
Red

Red
Red

White
White
White
White
Green
Green
Green
Orange
Green
Orange
Orange
Orange

Blue
Blue

Black
White
Red

Green
Orange
Blue

Fig. 24-60. Standard color code used in electronic equipment.

power supply, power distribution and
control circuits, switching circuits, and
input-output amplifiers.
The heart of the system is a solidstate switching matrix (Fig. 24-64A),
which determines the routing of the
path from any message source in the
system to the desired destination and
which performs the required switching
functions.

Essentially

the

switching

matrix is a group of input buses provided with cross -connection points,
each of which feeds a pad having a high

input impedance and a low output impedance. The output terminating resistance of each pad is part of a second, or
output, bus. In some instances, connection between an input bus and an output bus may be required continuously,
and the cross -point is simply a resis-
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tance chosen to provide the required
isolation between the two buses. In a
majority of instances, however, a connection from a given input to a given
output is required only on an intermittent basis, via a pad which provides

mally Off/Switch ON" module, is shown

in Fig. 24-64B. The others include a
"Normally On/Mute 15 dB" module, a
"Normally Mute 15 dB; Mute 30 dB"
module and a "Normally On/Mute 30
dB" module.

the desired amount of attenuation or
introduces additional attenuation into
a connection which is normally made.

GRN

TEL.

RED

RED

RETURN

RED/ TEL

BLK UNTAPPED
PRIMARY

(a) Input.

RED

TEL

BLK

ComroDN

BLK

2

BL/YEL

RECT

TEL

FIL.

BLUE

P

ART(

ai

GRID

RETURN

BLK

P

GRN

S3

GRN/YEL

BLUE OR BROWN
(START)

FIL

BLK/TEL

GRID

PUR

GRN

GRID

(SRN OR TEL

(START)

(b) futerstage.

BLK /RED
FINISH

BRN

ORN/YEL

TAPPED PRIMARY

Fa_

BLUE

BRN

GRN

*A

TEL
SLATE

55

SLATE /TEL

A

FIL

SLA'E
BRN

Fig. 24-61. Color code that is used for

BLK

COMMON

(c) Standard output.

small power transformers.

In the switching matrix shown,
diodes are used to perform the switch-

ing functions, and the switching clement and isolation pad are combined
to form an integrated switching module.

Four types of modules are

used

(d) Ultrallnear.

accomplish the various types of switch-

ing and muting required in television
programming. One of these, a "Nor-

BLK

SRN

to

24-62.

Fig.

Audio

transformer

SOLO -STATE SWOOPS MATRIX

STEP
VOLUME
CONTROL

600
OHMS

CONTROL

coNiKoL
FROM CALI.
STATIONS

color

codes.

MUTING
RELAYS

DIST Mau,
SYSTEM

GOO

MUTING

ONMS

K
OUTPUT
A.AIPLIFIERS

AUXILIARY
AMPLIFIERS

GOO

MAYS

P5030
POWER
SUPPLY

INPUT

AMPLIFIERS

AUDIO FROM CALL STATIONS

Fig. 24-64A. Basic matrix for McCurdy Radio Industries solid-state intercommunication system.
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The minimum attenuation in any
cross -point is 30 dB, so that isolation

RI

between any two input/output paths is
at least 60 dB. For continuous connections the 30 dB of attenuation is provided by a single 15,000 -ohm resistor.
The various types of switching modules

CRC

01*

.14

NZ

AUDIO

- out

53

R
It V

an impedance of more than

present

CRI

RCM

coarnot

10,000 ohms to the input bus, so that it

CIRCUITS

may feed a large number of output

+I V

alas

Fig. 24.648. Matrix switching module.

buses without being affected by loading.

As shown in the block diagram, the
a full -frequency -range unit
supplying +18 dBm into 600 ohms, and
a limited -range unit which provides the

cross -points are designed to feed a
600 -ohm resistive load. To eliminate
pickup in the matrix from external

available:

sources, rf bypass capacitors are used
across all terminating resistors.
To permit switching at a common
level and to overcome the attenuation
required for isolation in the matrix,

same output power but has a tailored
frequency response to improve voice
intelligibility in noisy locations.
Relays are provided to mute the
local speaker when an intercom selector
switch is depressed at locations where
acoustical feedback might occur. In
applications such as studio address,

both input and output amplifiers are
used. Two types of input amplifiers arc
provided: a carbon-microphone/lineinput amplifier, and a dynamic microphone amplifier which incorporates
compression. Both types of amplifiers

where higher amplifier powers are required,

are designed to supply 0 am into the
600 -ohm impedance of the input bus.
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Connections between sources and
destinations within the system arc
established by a de control system

Two types of output amplifiers are also
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Fig. 24-64C. Typical matrix layout for a sound department intercommunication system. (Courtesy. McCurdy Radio Industries Ltd., Canada)
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Fig.

24-64D. Matrix and amplifier modules for McCurdy Radio Industries Ltd.
fCanada1 Model SS -1026 solid -stoic intercommunication system.

which applies 12 volts to the appropriate module when a selector key is de-

SPLIT
HEADSET

pressed. The modules are normally held

off by a 1 -volt bias voltage. The basic

WE -GB 1544

0

HEADSET

MMER,BOOM
MAN, CAMERA
AND SOUND

EFFECTS

PROGRAM

AMPLIFIER

SINGL E

RECEIVER

ADDITIONAL

HEADSETS

OTHER 0
POSITIONS
P/E1

PRESS 1
TO

TALK

Fig. 24-65. Split -headphone intercommunication system suitable for television or
recording.
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diagram for a typical switching module
is given in Fig. 24-64B. The power
supply is solid state and supplies 12
volts at 5 amperes for both the amplifiers and control circuits.
A typical switching matrix for a
sound department in a large plant is
given in Fig. 24-64C. A rear view of the
amplifier -matrix chassis is shown in
Fig. 24-6411 The module cards for the
amplifiers and switching diodes may be
removed from the front. (Sec Questions

one receiver is connected to the order wire circuit only. It will be noted

program amplifier with a low output
impedance feeds the receivers of the
split monitoring circuit. The impedance
feeding this circuit will depend on the
number of headphones used and their
internal impedances.

Additional headsets of the split- or
double -circuit type may be added, as
desired, by connecting them in parallel
with the circuit. The 1 -henry choke In
the battery circuit is necessary to prevent the low impedance of the battery
from short circuiting the coil. It must be
capable of carrying the current of all
transmitters. A single transmitter draws
about 30 milliamperes of current.

24.65 and 24.66.)
24.65 Show on intercommunication

system suitable for use with television
productions, using split headphone monitoring. The upper left-hand portion of
Fig. 24-65 shows a split headphone
monitor and order -wire circuit. The

The press -to -talk buttons are necessary to eliminate talking and noises that
would be picked up by the microphones,
if directly connected to the circuit at all

split circuit is generally confined to use
by the mixer, boom men, sound -effects
man, arid cameramen. For other positions in the chain where monitoring of
the program material is not important,

times.

FUSLL
TO

TALK
N

STA -14

STA-I
NOLA

STA-6

--

STA-10

r

CONSOLE

STA - 2

STA-II

STA-3

STA -AI

STA -12

STA-5
STA-13

STA -II

0 WATTS

POEM -

45ft INPUT

COM
AMP

Z - an

Fig. 24-66. Talk -back system using a 45 -ohm loudspeoker for both microphone and
speaker.
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24.66 Describe a talk -bock system
using speakers for both microphone and
speaker. - Fig. 24-66 shows a simple

capacitor across the coil or contacts of
the offending relay or switch, as shown
in Fig. 24-67A. It is common practice in

talk -back system suitable for use in a
large recording department. The system
consists of a group of 3 -inch speakers

large

with a 45 -ohm voice -coil winding connected to a push -to -talk switch to function as both microphone and speaker.

The system is set up in such a manner that the station at the mixer console can always talk to a given group

recording

installations,

where

distributor sets or motors must
be operated simultaneously, to connect
click suppressors across all remote dc
relay coils in starting boxes. No hard
and fast rule can be laid down for such
devices, as each installation presents its
own problem. Many times the resistor
will not be required, only the capacitor.
several

the projection

The best manner in which to ap-

room, machine room, narration booth,
and the recording machine operator.
The mixer speaker circuit is normalled
and is available to all stations by operating the push -to -talk button at any
one station. Other stations can originate
a call, but cannot be called unless they
are within hearing distance of one of
the normalled stations.
The diagram shown may not apply to
all situations; however, it can be readily

proach the problem of click suppression

stations, such

of

as

adapted to any installation by the
proper connections at the press -to -talk
button
24.67 What is a depopping or click
suppressor? -A capacitor and resistor
connected across the contacts of a

switch or relay to prevent a surge being
introduced into an adjacent circuit.
Click -suppressor circuits take several
forms. The most common is a capacitor
of 0.10 to 1 µF. and a resistor of 1 to 10
ohms connected in series with the

in a recording installation is to set the
gain of the playback system about 20 dB

above normal and operate the control
circuits while listening for clicks. If a
click is heard, a click suppressor with
a capacitor in series with a 10 -ohm resistor is connected across the coil of the

relay at the coil terminals. The value
of the resistor is varied for the best
results. Additional suppressor circuits
are added to other parts of the control
system until the clicks are reduced to
inaudibility.

The results are finally checked by
making a recording while starting and
stopping the equipment. Usually the
greatest disturbance will be noted when
the equipment is stopped because of the
collapsing field around the relay coils.
The capacitors must be of 600- to 1000 volt rating since the peak voltage across
a 24 -volt circuit can rise to 1000 volts.

I RELAY
I RELAY

COIL

COIL

24-67C. Click -suppression circuit
suitable for either dc or ac control relay
circuits. The diodes are connected bock
to back.
Fig.

24-67A. Click -suppression circuit
using a resistor and capacitor. In some
instances, only the capacitor will be required. Used in dc circuits only.
Fig.

+-

Rat.'
DC

Fig

COIL

24-678. Click -suppression circuit
connected across a dc relay coil.

V

Fig. 24-670. Nonpolarized click suppressor or depopping device, manufactured
by International Rectifier Corp.
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The resistor must be of the composition

type, not wirewound, to reduce inductive effects. In some instances it may be
necessary to completely enclose the relay in a high -permeability metal shield
to reduce surges being transmitted elec-

where,

E,- is the voltage built up in the coil,
E is the dc control voltage,

R is

the dc resistance

of the

coil

IL is the forward resistance of the
diode,

L is the inductance of the relay coil
in millihenries.

tromagnetically to surrounding equipment. Every piece of equipment must
be well grounded, particularly generators, motor frames, and starting boxes.

The value of the peak voltage (L.)

Many times a ground loop in the
system will cause clicks to be trans-

of the control voltage and the ratio of

mitted to a remote part of the installation. This makes it doubly important
that the system be installed in such a
manner that ground loops arc avoided.
This subject is discussed in Question
24.33.

One of the best ways to avoid clicks

across the coil is dependent on the value

coil resistance to forward resistance of
the diode. The lower the resistance of
the diode, the lower the peak voltage
across the coil; however, the decay time
(to zero) becomes longer.
The decay time can be reduced by

the use of the circuit shown in

Fig.

in a large plant is to twist tightly all

24-67C,

ac lines, both single- and three-phase,
during the installation of the equipment. This also applies to dc lines as
well. (See Question 24.49.)
Click suppression may also be
achieved in de circuits by using a small
diode rectifier connected across the

diodes connected back to back, which
will short circuit voltages equally of
either polarity.
With a high induced voltage and a
low diode reverse resistance, considerable current flows through the diode,
quickly dissipating the induced energy.
The induced voltage across the coil will
drop rapidly, lowering the reverse vol-

offending circuit. First, the polarity of
the circuit is determined. Then the
diode is connected in reverse polarity
across the terminals of the relay control coil; that is, the positive terminal
of the diode is connected to the negative terminal of the control voltage, as
shown in Fig. 24-67B. If the diode is not
connected as shown, it will not function,

its purpose is to short circuit the
collapsing magnetic field of the relay
coil when the control voltage is removed. The polarity of the collapsing
field is opposite to the polarity of the
control voltage. Also, if the foregoing
as

tage

consisting

across

of

two

identical

the diode. Lowering the

reverse voltage increases the diode resistance, and decreases the current pro-

portionally. In this manner the nonlinear characteristics of the diode are
taken advantage of to dissipate the induced energy in the coil, and at the
same time to apply a damping effect
across the coil, reducing the decay time.

The circuit of Fig. 24-67C may also be
used across ac control circuits. Regard-

less of the type of suppressor circuit

must be capable of carrying high cur-

employed. It must be connected physically at the terminals of the relay coil.
For click suppression of ac -operated
relays, the back-to-back connection is
used exclusively. These diodes are
especially developed for this service,
and are rated by their voltage operating

rent because the current rises to a high

conditions They may be obtained for

value when the circuit is broken. For
use across relay coils operating at 28

both single- and three-phase operation
and from 27 to 420 volts rms. The
clamping voltages range from 85 to
over 1000 volts (clamping voltage is the
voltage across the coil at the instant of

precautions are not observed, the diode

will conduct when the control voltage
is applied to the coil, and the diode will
be damaged.

Diodes selected for click suppression

volts or less, the 1N1764 diode serves
quite well, since it has an instantaneous
forward -current rating of 15 amperes.
The voltage induced in the relay

coil when the contacts of the control
circuit are opened may be calculated as
follows:
Ra
-)'
when t
= ( 14- RL

-

0

breaking the circuit), with peak discharge currents of 180 amperes. It is not
uncommon in a large sound installation

to use several hundred of the devices.
A typical ac back-to-back suppressor
is pictured in Fig. 24-67D, and is man-
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ufactured by International Rectifier
Corp. (See Question 11.158.)
21.68 How con dc relays be prevented from chattering when speroted
from a holl-wore rectifier? - Relays
operating from a half -wave rectifier

24.69

How

ore

telephone

lines

transposed and what h the purposelTransposing telephone lines is a method

used for the reduction of cross talk between adjacent pairs which are run
parallel for relatively long distances.
Cross talk can be reduced to a great

circuit should always use a relay coil
with a copper ring to prevent chattering. For coils without a copper ring, a
capacitor may be connected in parallel
with the coil winding, as shown at (a)
of Fig. 24-68, or a half -wave, back wave rectifier element may be connected across the coil as shown at (b)

extent by transposing the lines at intervals on the pin positions of the tele-

phone pole crossarms. The technique
transposition becomes quite Involved, particularly if a large number
for

of pairs is involved. The length of the
transposition is dictated by the fre-

quency of operation and the cross -talk
tendency of the pattern employed.
Fig. 24-69 shows the basic patterns

of Fig. 24-68.

standardized by the Bell Telephone

System for the transposition of telephone line pairs. (See Questions 23.97

RELAY
COIL

and 23.98.)

(a) Capacitor across coil.

24.70 Describe a 70.7 -volt constant voltage speaker distribution system)- It

a method of matching speaker im-

is

RECTIFIER

pedances for paging and public address

systems. This system was adopted by

MEL Al
CO L

the EIA and is slowly being adopted by

rent through coil.

the manufacturers of announcing systems equipment
The 70.7 -volt method of impedance

Fig. 24-68. Circuits for eliminating chat
ter in relays operating on rectified oc
without the benefit of a copper ring.

matching is based or. a constant -voltage
system and, to a great extent, simplifies
the computation of transformer Imped-

(b) Bock -wave rectifier to smooth cur-

SECTION

TYPE0
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Fig. 24-69. Basic patterns standardized by the Bell Telephone System for the transposition of telephone line pairs.
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ance ratios when different sound levels

are required at different points in the
system. The 70.7 -volt system permits
the addition of speakers to an existing

After a plan has been developed showing the power required at each individual speaker in the system, the powers
are totaled and an amplifier is selected

system without recalculation of the load

which is capable of supplying at least

and source impedances.
As long as the total power consumed

the total power and greater, if prac-

by the speakers Is less or eqnal to the
amplifier power rating, favorable load
conditions will prevail. Furthermore,
the 70.7 -volt system permits the connection of speakers across a transmission line in a manner similar to that of
connecting a light bulb across a power

ticable, the system may be divided into
two or more branches, each amplifier
being fed from a common input source

line, up to the capacity of the power
circuit. The system requires that the

however, this is not recommended unless the branch system is impracticable.
The connection of power amplifiers in

amplifier output transformer deliver
70.7 volts at its rated power outpnt for

given percent harmonic distortion.

a

The ETA selected 70.7 volts because of

Underwriters' requirements which, in
many locations throughout the country,
limit speaker voltages to 125 volts, unless the lines are run in conduit.
The term 70.7 -volt speaker line does

not mean that the voltage on the line
is always 70.7 volts. The voltage will
vary, depending on the power level at
which the line is operated. The 70.7
volts is the maximum voltage of sine wave character for a given amount of
distortion.

Standardizing

the

output

voltage means the voltage will be the

ticable If a single amplifier is not prac-

impedance.

Two or more power amplifiers may
be used by connecting their outputs in
parallel, if they are of similar design;

parallel is discussed in Question 12.201.
After the 70.7 -volt line system has once
been established, 70.7 -volt matching
transformers may be connected across

the line without further consideration
as to impedance match.

To use the conventional line transformer with a 70.7 -volt system, assume
three speakers are to be fed, 10 watts,

5 watts, and 1 watt of power, respectively. The primary impedance is calculated as follows.

For the 10 -watt speaker:
E'

Zr

5000

= 500 ohms

same for either a low- or a high -power
amplifier.
The value of 70.7 volts will only exist

For the 5 -watt speaker:
E'
5000
Z,, =

at the output of the amplifier when it

For the 1 -watt speaker.
E'
5000

is terminated in its specified terminating

impedance and operated at its rated
power output.

If the transformers at the speakers
are rated in watts, no calculations are
required For transformers not marked
in

watts but in

load

impedance, the

following formula may be used:

=
where,

Z is the outwit impedance.

P is the desired level in watts at a
particular location.

For an amplifier with a 70.7 -volt out out, the formula is reduced to:

-

5000

where,
5000 is
70.7,

the approximate square of

P is the desired power level in watts,
Z. is the unknown impedance.

5

P

where,

1

= 1000 ohmsP

= 5000 ohms

E is the line voltage (70.7 volts),
P is the power in watts at the speaker,
Z, is

the primary impedance to be

connected across the transmission
line.

Impedance mismatches up to 15 percent are permissible. The total power
must not exceed that of the maximum
power output of the amplifier. The 70.7 -

volt transformer must be capable of
carrying the full power output of the
amplifier. Circuits not in nse must be
terminated in a dummy load of the
correct impedance and power rating.
24.71

How can high -frequency radio

interference be prevented or eliminated
from high -gain audio circuits? Ficcause
of the increased use of high -frequency
radio transmissions, problems of interference in

audio cirenits have been
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Fig. 24-71A. Method of grounding the shield on an incoming line to reduce radio
interference. The transformer core is grounded at the point having the least amount
of interference.

generally inserted at the meter; also,

intensified. Many radio transmitters,
such as police and broadcasting stations,
cause interference in high -gain systems.
such

the compound used for sealing the joints
offers a high resistance
Electrical conduit should not be used
for grounding because it is connected
to many different pieces of electrical
equipment which induce ground noise.
As this noise travels along the conduit,
it is effectively connected in series with
the ground return of the amplifier system. (See Question 24.32.) Whenever
possible, the ground system should be
continuous and the shields of the system tied to a single point near the lowlevel stages. Cable shields must be continuous without breaks or high -resistance solder joints. Single ground wires

as motion picture theaters and

public address systems.
By observing certain

precautions

during the installation of such equipment, a satisfactory elimination or
suppression of radio interference may
be accomplished. In general, interfer-

ence of this nature can be minimized by
improving the effectiveness of the
shielding, preventing rectification of the

interfering signal, or eliminating it by
the

use

of

radio -frequency

filters.

Where interference from radio high frequency energy (30 MHz and up) is
encountered, the suggestions to follow
may be of help.

are run from sound heads and other

In view of the fact that rectification
generally occurs in an early amplifier
stage and a large amount of gain is
usually necessary before the interfer-

point.

ence can be detected at a speaker, special consideration should be given to the
low-level points in a system, particularly
where photocell amplifiers, magnetic
reproducing heads, pickups, and microphones arc concerned. The system

quency energy picked up by the shields
to pass through the transmission ground
system. Fig. 24-71A shows the proper

should be connected to a true ground
as closely as the physical location will
permit. A cold -water pipe is generally
the best source of grounding. Under no
circumstances should a gas pipe be
used, because an insulated bushing is

system
details.

low-level devices directly to this ground

It is essential the shielding be connected to the transmission ground at
a point that will not permit radio -fre-

method of connecting a ground point
and the core of an input transformer.
The success or failure of a grounding
is

controlled

by

such

small

The elimination of radio -frequency
energy from a high -gain sound system
does

not always follow conventional

methods of grounding as described in

(b)

(c

Fig. 24-718. Grid -stopping resistor and radio frequency filters for eliminating radio
frequency Interference in a high -gain audio system.
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other parts of this section. Many times
it requires a combination of several
methods to completely eliminate the

place when a storage battery is charged
or discharged? The lead -acid storage
cell is an electrochemical device for

interference.
When multiple ground connections to
shields or equipment cannot be avoided.

converting chemical energy into electrical energy. Substances within the
battery react chemically to produce an
electrical current whenever an electrical device is connected to the battery
terminals. When these substances in

interference due to resonance of loops

formed by the shielding can be minimized by reducing the contact resistance, shifting the position of the contact. changing the length of the leads.
or other -wise shifting the resonant period

effect have been used up, the battery is
said to be discharged. The battery must
then be recharged by a current into the

of the loop causing the interference.
Leads running to an amplifier rack
must be well shielded. Contact resistance between lead -shielded wire (if

battery from an external source, such

flexible tubing

ments called positive and negative plates
filled with a special lead -oxide paste

used),

conduit,

and

(Greenfield) must be kept low.
Radio interference can also be caused

by a poor solder joint causing rectification. Electrolytic capacitors that have
been in service several years can often
cause the difficulty, because of high internal resistance (power factor) as a re-

sult of their age. This latter fault may
be checked for by paralleling a new
capacitor across the cathode circuit, or

any other circuit that depends on an
electrolytic capacitor to supply a low impedance path to ground

If

corrections do not effect
a complete cure, small radio -frequency
chokes may be connected in the cathodes of the low-level, high -gain stages.
As a rule, for high -frequency interference, a choke of 2 to 4 microhenries of
inductance will suffice. However, for
broadcast frequency interference, about
5 millihenries will be required. These
chokes are connected at the socket at
the top end of the cathode circuit and
must not be bypassed. (See Question
these

as an ac rectifier or generator.
A storage battery consists of one or

more cells consisting of internal elein a rectangular gridlike structure. The
plates, after processing to make them
solid but porous, become the active

materials of the plates after the battery is charged. One type of lead oxide

is applied to the positive plates while
a different type is applied to the negative plates. Insulated separators prevent

the plates from touching and shorting.
The chemical activities within the
battery during the charge and discharge

cycle are shown diagrammatically in
(a) of Fig. 24-72. When a battery is in a

fully charged state, the positive plates
contain

essentially

pure lead

oxide

(PbO,), which is chocolate brown in
color, and the negative plates contain
essentially pure sponge lead, which is
LOAD

12.197.)

At times it may be necessary to install radio -frequency filters as shown in

(a) and (b) of Fig. 24-71B. The circuit
component values should be made as
large as possible without affecting the

P05 PLATE

NEw PLATE

(a) Discharge cycle.
GEN

frequency response of the amplifier sys-

tem. Grid -stopping resistors are connected at the socket pins as shown at
(c) of Fig. 24-71B, and range from 1000
to 50,000 ohms in value. If a filter is
required, as shown in (a) and (b).
about 2 to 6 microhenries of inductance
will he required, with a capacitance of
about 10 picofarads. As a last resort,
filters may be instal:ed in the power
lines feeding the equipment
2 4.7 2
What chemical changes take

(b) Charging cycle.
Fig. 20-72. Chemical action in a lead acid type storage battery during its discharge and charging cycles.
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gray in color. The electrolyte consists
of a fairly concentrated solution of sulfuric acid in water. The specific gravity of the solution is approximately 1.290

During the discharge cycle
when the battery is connected to an
external load, the active materials in
the positive and negative plates (Pb0:
and Pb) react chemically with the sulfuric acid as shown in (a) of Fig.
24-72. The sulfuric acid (H,S0,) beat 80'F.

maintained at 1.250. Compensation must
be made for temperature changes when

reading the specific gravity during the
cold and warmer months of the year,
unless the battery is housed in a room
where the temperature is fairly constant. Four gravity points arc added to
the reading for every 10 degrees the
electrolyte is above a temperature of
80 degrees Fahrenheit. A like amount is

subtracted for temperatures below 80

gins to break up. Part of the sulfate

degrees Fahrenheit.

(SO) enters the positive plate and replaces the oxygen (0,) while sulfate
also combines with sponge lead in the
uegative plate. The displaced oxygen
leaves the positive plate and combines
with the hydrogen (Hl) to form water
(KO). Thus, in both plates, lead sulfate is formed; the sulfuric acid is
replaced with water.

The freezing point of a battery electrolyte depends on the specific gravity
of the electrolyte. The figures below

show how freezing varies with temperature.

Specific Gravity

acid

recharged. During the charging
cycle, the chemical action is reversed,
as shown in (b) of Fig. 24-72. The sulfate leaves both positive and negative
plates to combine with hydrogen in the
water. The oxygen displaced by this action re-enters the positive plate, where
it combines with the lead once again to
form lead peroxide, and the negative
plate again becomes a spongy metallic
be

+ 4'F

1.150
1.125

+ 5°F
+13*F

24.74

How is the internal resistance

of a battery calculated?-To calculate
the internal resistance of a single cell
or battery, the open -circuit voltage is
measured using a meter with an internal resistance of 1000 ohms per volt.
Suppose this voltage (s,) is 10 volts.
The battery or cell is then loaded with
a 50 -ohm resistance, R,, and the voltage
drop measured. Assume this voltage

drop F.

to

be 9 volts. The current

through the resistor R, is:
Et

9

-50- 0.180 ampere

The internal resistance of the battery

lead.

24.73

1.175

1.100

will have

charged and cannot deliver any appreciable additional current and must

1 200

-62F
-35F
-16F

1.225

As the discharge continues, more and

been used up in the discharging process. The battery is then said to be dis-

-85'F

1250

more of the sulfuric acid combines in
this manner with the materials in the
positive and negative plates. Finally,
most of the active materials will have
been converted into lead sulfate, while

most of the sulfuric

Freezing Point

1.275

What

is

the proper method

of operating a storage battery with a
trickle charger?-The use of a trickle
charger with a storage battery is detrimental to the battery, as it shortens the
life of the battery as the result of overcharging. Trickle chargers should only
be used when it is impractical to charge
a battery by other means. A practical
approach to the problem is to adjust the
charging voltage to a value between
2.15 and 2.17 volts.
A better, but more elaborate method,

is to check the specific gravity of the
cells over a period of several months
and to adjust the charging voltage to a
value where the specific gravity is

may now be calculated:
10
- -R - -0.180
- 50

F.

= 55.5 - 50 = 5.5 ohms

The internal resistance equals 5.5 ohms
24.75 What is gimp? -A slang
name given to the extremely flexible

wire used in telephone cords and similar equipment. This wire cannot be directly soldered to, as at is a metallic
cloth -type material. The correct way to
terminate such wire is to serve the end

with fine bright copper wire, then dip
the end in molten solder. If cord is to
be terminated in a telephone cord tip,
the tip is filled with solder, and while
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hot, the end of cord is inserted into the
molten solder and held nntil the solder
hardens.

24.76
necting

a

What is the purpose of constorage battery in parallel

with a low -voltage power supplyt-To
stabilize the output voltage. The battery
acts as a voltage regulator and helps to
maintain a constant output voltage under varying load conditions.
Due to the fact that a storage battery
has a very large internal capacitance,
the ripple and noise voltage will be reduced to a minimum. Since the battery

then filled in with a filler of the desired
color. If the panel is aluminum, no filler
is required, since the aluminum panel

will show up the letters quite nicely,
particularly if the panel is a contrasting
color.

In the use of wet decalcomania trans-

fers, symbols and letters are mounted
on a paper backing. The letters are
moistened with water and slid off the
paper onto the panel. When dry, the
lettering is sprayed with lacquer.

The third and most convenient to
the dry transfer system. The

use is

supplies only a small portion of the

letters are attached to

load current, the condition of the battery need not be the best, but it must

proper position on the panel, the letters

not be shorted.
24.77 Describe a simple intercom-

a thin paper
backing. After placing the letter in its

are rubbed with a ball point pen or
stylus and will adhere to the panel.
lacquer

munication system using a sound -powered

Several

unit.-Many times on a motion picture
set a one-way intercommunication is

sprayed over the surface. Dry lettering
is also available for making meter dials.
Still another method that may be

required that will work into a spare
position of a sound mixer panel. Such a
device is shown in Fig. 24-77. A sound -

powered telephone unit is mounted in
a small box which may be held in the
hand. A spring -loaded switch in its
normal position terminates the input of
the spare mixer position in 10 ohms,
and disconnects the sound -power unit.
The output is connected to a standard
microphone cable compatible with the
sound mixer in use.
24.78 Describe the different methfor lettering panels.- -There are
three main methods for lettering panels.
ods

They are engraving the letters in the
panel, use of wet decalcomania transfers, and the use of dry decalcomania

of

are

then

useful at times is the use of bakelite
laminate. Such material may be obtained with the laminate second layer
available in several colors. Engraving
through the top layer permits the

colored laminate to show up in the engraved letter. This method requires no
filler.
24.79 Describe a growler and itt
use.-A growler is a device used for
detecting shorted turns in motor and

generator armature coils. The device
shown in Fig. 24-79 consists of a laminated core open at one end and a coil
around the closed leg. When the suspected armature is placed between the
core ends, the armature completes the

magnetic circuit. Applying an ac vol-

transfers.

The first method requires an engraving machine and a set of master
letters,

coats

numerals,

and

symbols.

Al-

though it is the most durable method of
lettering, it is the most costly of the
three methods. It is the practice when
engraving a panel to first paint the surface and then engrave. The letters are

tage to the coil on the core sets up an
alternating magnetic flux through the
armature.

As the alternating flux flows through
the coils of the armature, it induces a

potential in the coil. If the coil has a
shorted turn, a circulating current is
generated in the coil, resulting in a loud
SPRING LOADED
NORMALLY CLOSED
SPOT SWITCH

SOUND POWER
UNIT

Fig. 24-77. Simple intercommunication unit consisting of a sound power unit for
operating into u sound miser.
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buzzing sound. Rotating the armature
causes the sound to change each time
the shorted coil is turned to the center
of the pole pieces. Thus the defective

LAMINATED CONE

COMINITATON
II

coil is indicated. Such devices are used
extensively in motor repair shops.
24.80 What are the console dimon
sions
recommended for comfortable
operation of electrical and mechanical
equipment by humansT- The Bell Telephone Laboratories have made extensive studies of the human body for the
most efficient and comfortable operation
of both mechanical and electronic
equipment to be used as a guide for the
construction of mixer consoles or rack-

ing up of test equipment. A console
should be designed for comfort as many
long hours arc given to :ts operation.
The height of the console should be low
enough that each component of its

operation may be easily reached, and
the far edge (back) also low enough so
that it may be easily seen over by the
mixer. The slope of the control panel
should be at an angle that causes no
strain on the arms of the operator. In
addition, the front edge of the console
should be padded, as shown in Fig.

COIL

9-46A.

t

Fig.

SC

14-79. Growler for test motor and
generator arnnoture coils.

Although the dimensions given in
Fig. 24-80 are for a table or rack, they
are still quite satisfactory for many
Dimensions given are for the
average -sized man. For a large man the
uses.

Fig. 24 -BO. Dimensions for seating the average man. The above diagram may be used

as a guide for designing miser consoles and test equipment racks. :Courtesy, Bell
Laboratories Record.)
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seat is increased 2 inches and the eye
dimensions raised 3.2 inches
24.81

Describe

a

zero - suppressed

meter. - Zero -suppressed meters are
used where only a limited scale of current or voltage is required. By limiting

the indications of the meter, an expanded scale can be obtained, with
more precise readings within a given
range. A typical ammeter of this type,
covering a range of 4 to 8 amperes for
reading exposure -lamp current in a
photographic film recorder, is shown in
Fig. 24-81. The most used portion of the
scale is that between 5.8 and 7 amperes.

24-82A. Flexible shock mounting
made by the Lord Manufacturing Co.

Fig.

24.83 What is the purpose of connecting a shunt COMM a meter movement during transportation? Connect-

ing a wire in shunt with the meter

Fig. 24-81. Suppressed zero dc ammeter,

used for reading exposure lamp current
in a photographic film recorder. The
most used portion of the scale is between
5.8 and 7 amperes.
24.82 Describe a flexible mounting
far isolating vibration.-One of the
most useful shock -mounting devices for
eliminating vibrations of motors or
other devices, which is manufactured
by Lord Manufacturing Co., is shown
in Fig. 24-82A. It is used in many diRcrent types of electronic equipment where

terminals during shipment prevents the
movement from being damaged. The
meter movement during transportation
swings back and forth, and this movement generates a small voltage at the
terminals. Short circuiting the terminals
loads the meter movement, dissipating
the power generated and effectively
damping its motion; thus, the movement
remains essentially at rest during transportation.
What is a voltage -dependent
24.84
resistor (VDR)? -- A voltage -dependent
resistor does not maintain a constant
value of resistance as does the conventional resistor, but its resistance is
entirely dependent on the voltage
impressed across its terminals. Such
devices are used for the protection of

the eRecLs of vibration may he detrimental to its operation.
The mounting consists of a rubber
insert bonded to a metal plate (Fig.
24-84B). The center member is tubular
for bolting the supported device to the
rubber shock mount. The load rating
designates the load which the mounting

will carry for a pre -determined axial
deflection of the floating member. The
metal plate Is attached to the supporting structure with rivets or screws.
Such shock mounts may he obtained
for various loads and in many different
shapes and sizes.

Fig. 24-82B. Method used for mounting
flexible shock mounts shown in Fig.
24-82A.
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relay contacts, voltage stabilization in
circuits where the voltage is continuously changing, and in many other
applications.

The material, used for making VDR's

consists mainly of silicon carbide (belonging to the semiconductor family).
The voltage dependency is caused by

cycles, and the changes of remanent
induction become smaller with each
cycle. In this manner a magnet may be
stabilized for a given temperature
range, through at least three exposures.
(See Questions 17 21 and 2023.)
24.86 How arc miniature lamps
(pilot lights) coded?-Outline drawings

the contact resistance between the carbide crystals. The electrical resistance is
determined by the crystal contacts

and coding information are given in

which form a complicated network of

voltage drop for regulated power supplies be determined? -Thevoltage drop
can be determined by Ohm's law. However, by the use of the nomograph in
Fig. 24-87, the problems are simplified.
Since regulated power supplies are de-

series and parallel resistors. To put the
materials into a practical form, the
silicon -carbide grains are pressed to-

gether with a ceramic binder, :n the
shape of a disc or rod, and sintered at
high temperature. Terminals are metalized for good contact. When finished,
they are comparable to unglazed ceramic.
As

voltage changes across a
VDR, its resistance undergoes a change
the

because of the increasing or decreasing
current through the VDR. The relation-

ship between the current and voltage
for a particular VDR can be approximated:

Fig. 24-86.
24.87 How con the wire site and

to control the output at the
power -supply output terminals, the
conductors used for the supply line
signed

must be considered as a part of the
power -supply load. At high -current
loads the voltage drop across the conductors may appreciably degrade the

regulation at the point of load. This
can be overcome to a great extent by
the use of regulated supplies employing
remote sensing circuits, which auto-

noticeable effects. They are the reversi-

matically compensate for the voltage
drop on the load line conductors.
To determine the maximum current carrying capacity for a given wire size,
place a straightedge from the wire size
on wale 2 to point A on scale 3 (the
maximum permissible voltage drop in
millivolts). The maximum operating
current is then read on scale 1.
The voltage drop per foot for a

irreversible effect, and the

known wire size and load current Is

material effect. The remanent induction
decreases as the temperature is in-

determined by placing the straightedge
front the current on scale 1 to the wire
size on scale 2, and the voltage drop in
millivolts per foot is read on scale 3.

where,

V=C x xP

C is the voltage across the VDR terminals,

is the current in amperes,
fl is an exponential coefficient approxI

imately constant for a given VDR.

24.85 Whet is tho affect of heat on
permanent magnots?-There are three
ble effect,

creased For small changes this decrease

can be entirely reversible with no loss
after returning to room temperature.
For a wider temperature range, an irreversible loss of remanence is likely
to occur in addition to the reversible
change (on return to room temperature). The remanent induction is below

the original value, which may be reby remagnetization. At high
temperatures the material itself may
change, influencing the hysteresis loop
and remanent induction. Changes in
the material may result in lowering or
raising the remanent induction. The
original value cannot be regained by
remognetization. At high temperatures

gained

all three changes can occur. Irreversible
losses occur only during the first three

The wire size required for a known
load current and maximum tolerable
voltage drop across the conductors

i.:

found by determining the maximum
tolerable drop in millivolts per foot of
conductor (sum of both conductors).
lay the straightedge from this value
read on scale 3 to the known current on
scale 1. Read the required wire size on
scale 2. The figures thus obtained from

the nomograph are based on a minimum of SOO circular mils per ampere.
Higher current drains can be used

with high -temperature conductor insulations.
24.88 Whet is the procedure for
rewinding a relay coil for a different
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A

T
ll

lamp

to;"

Bead
Base

Bulb Type

Fig. No.

Blue

Flange

8-342

A

Green

Flange

B-31/2

A

Flange

8-31/2

A

Flange

B31/2

A

0.50

Yellow
Brown
White

Flange

8.31/2

A

0.15
0.30

-- -

2 -Pin

G-31/2

H

Green

Screw

G-31/2

B

Blue

Screw

G-31/2

B

Brown
White

Screw

T-31/4

C

2.5

0.30
0.15
0.50

Screw

T.31/4

C

42

3.2

0.35'

T.31/4

C

2.5

D

6.3

T-314

D

45

3.2

0.351

Green?

Bayonet
Bayonet
Bayonet

1-31/4

44

0.50
0.25

Green
Wh, le

Screw

43

T.311/4

D

46

6.3

0.25

Blue

Screw

T-31/41

C

47

6.3

0.15

Brown

Bayonet

1.31/4

13

48

2.0

0.06

Pink

Screw

T-31/4

C

49

2.0

0.06

Pink

T-31/4

D

50

6.3

B

6.3

White
White

G-31/2

51

0.20
0.20

Bayonet
Screw
Bayonet

G-31/2

E

55

6.3

0.10
0.24

112

1.1

0.22

Pink

Bayonet
Bayonet
Screw

F

14.0

White
White

G-41/2

57

222

2.2

0.25

233

2.3

0.27

White
Purple

291

2.9

0.17

292

2.9

1490

3.2

0.17
0.16

White
White
White

1891

14.0

0.23

1892

14.0

0.12

Volts

Amps

PR2

2.4

PR3

3.6

0.50
0.50

PR4

2.3

0.27

PR6

2.5

0.30

PR12

5.95

12

6.3

13

3.8

14

2.5

40

6.3

41

No.

Color

Blue

G-41/2

F

T1-3

G

Screw
Screw

TI...3

G

G.31/2

B

Screw
Screw

T -3t/4

C

T.31/4

C

T -31/a

D

Pink

Bayonet
Bayonet

T-31/4

D

White

Screw

1-31/4

C

Sume brands are .60 amp
1 Sume brands are .50 amp and white bead
Frosted.

Fig. 24-86. Identification data for miniature lamps (pilot lights).
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yoltagel-As this is a rather involved
operation, the data may be arrived at
more easily by the use of the nomo-

(ratio), which in this instance is 0.5.
Connect this ratio with the present wire
in the fourth column, and
new wire size in the fifth
column: this is 26 gauge (AWG), or

size (23)
read the

graph in Fig. 24-88. The new wire size
is determined by laying a straightedge
across the points where the present voltage and the desired voltage appear on

0.016 inch in diameter.
24.89

the first two columns, and noting the
point where the straightedge intersects
the ratio column. The straightedge is
then laid across this point on the ratio

a

a

socket.-

one -hole mounting

tubular piece running

in many different designs and are used

for the desired voltage from the fifth

compact electronic vacuum -tube
construction.
24.90 Describe a sealed lead -acid
for

column. Directly opposite this point
the wire diameter in inches is also
given.

battery.-The lead -acid storage battery
was invented by Gaston Plante in 1860

For example: What gauge wire is
required to rewind for 24 -volt operation a relay coil wound with number

and

is

one of the most widely used

forms of battery power. The principal
drawback to this type of battery has

23 wire designed for 12 -volt operation?

Lay a straightedge from 12 volts in the
first column to 24 volts in the second
Note

is

downward from the center of the socket,
with terminals for attaching circuit
components. Such sockets are available

column and the present wire gauge
column Read the wire gauge needed

column.

Describe a turret

This socket
socket with

the liquid electrolyte and the
fumes given off when charging and dis-

been

charging. However, due to new developments in scaling and venting, the

the point where the

straightedge crosses the third column
MAY MLA.

5

I.S.O.

CPI 41$44
CONNIE Pit

CarCia TOR

minas

+V/1001

40 0
900

- 09

I00

01

TOO

600
300
400

0T
Cu

Of
$0

SD 0

200

2

19

4111311C44

150

4444 NO

20
100

4

90

s0
00

60
SO

40

4.0

50

I0

%.,
20

C0
TO

I0

is

I0
20

10

00

011

OS

07
0$

0I

04

-

Co
20 0

Os

02

300

015

00

01

500

Fig. 24-87. Nomograph for determining the wire size, current -carrying capacity, and
voltage drop for regulated power supply load conductors. (Courtesy, Kepco Inc.)
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DESIRED WIRE
DIAMETER
(Inches)

GAUGE

(AWG)
PRESENT VOLTAGE

RATIO

- 10

0.003

38

0.004

PRESENT WIRE

DESIRED VOLTAGE

-10

0.005

-5

-.- 38

-.-3

2
3

- 36
34

2

4
5

32

30

7

10

- 28

-1

20

34

0.006

- 32

0.008

- 30

0.010

- 28

0.013

20

0.016

40

4

226

30

40--..'--.....:-...50
70
100

-.- 22

- 20

-r- 24

0.020

-.- 0.4

-.-0.3

-..- 18

-.- 16

- 22

0.025

-.-

- 20

0.032

- 18

0.040

16

0.051

14

0.064

0.5

200

11;

-0.2

14

0.1

Fig. 24-88. Nomograph for determining wire site when rewinding relay coils.

mobilized by the use of a gelling agent.
A second method stores the electrolyte

scaled lead -acid battery may now take
its place with other rechargeable batteries such as the nickel -cadmium battery.
Lead -acid batteries are now available
with voltages ranging from 2 to 8 volts
and in 1- to 8 -amperes capacities. Since
small amounts of gas may be generated

in highly porous separators, while a

third method makes use of calcium lead grids. By the use of such construction, the loss of water is minimized. Since water cannot be supplied
to sealed lead -acid cells, they are de-

in any battery during the charge or
discharge cycle, lead -acid batteries arc
vented so that the gas escapes, but not
the electrolyte.

signed

to minimize the loss of water.

Lead -acid batteries have several advantages over other types of rechargeable batteries, one advantage being the
discharge rate, as shown in Fig. 24-90.

To prevent electrolyte movement in
the battery, the electrolyte may be irn16

I-

.4

pA

4o
2

6

8

10

6

14

16

16

20

0,5044.R0C TIME Rd HOURS

Fig. 24-90 Time ,,ariations taken to totally discharge comparable (cod -acid, nickel cadmium and alkaline Mn-Zn batteries. A leadacid, B nickel -cadmium, C alkaline
manganese -zinc.
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FILLER CAP

CCNNECTINC
SURFACE

CELL COVEP

?LAMINA POST

CF... CATE

Fig.

24-91A. Interior view of

Sonotone rechargeable
St PAPA T 014

CONTAC T

nickel -

cadmium battery.

TABS

CELL
PLATE

24.91

Describe

a

nickel -cadmium

battery.-Nickel-cadmium batteries are
used extensively in portable electronic
equipment and particularly in portable
recording equipment. Fig. 24-91A is a

chemical processes designed to deposit
active nickel and cadmium oxides in the

fine pores of the plate. The cells are
then assembled and connected to the
terminals mounted in a polystyrene or

cutaway

cadmium battery, manufactured by the
Sonotone Corporation. A cell consists of
sintered positive and negative plates,
separators, safety vent cap, electrolyte,
and plastic container.
The plates are made by firing a

microfine nickel powder at high temperature until the particles weld or
sinter together to form a porous structure. The porous structure is sintered
fine -mesh nickel screen. These

on a

plates are then put through electro-

The sealed construction eliminates

the need to add water or electrolyte
and under certain conditions, the cell
will operate on overcharge for an indefinite

period. A typical

discharge

curve for a Model 20L420 cell, rated at
25 ampere -hours and weighing approxi-

mately 2 pounds, is given In Fig. 2491B.

Batteries of this type may be charged
using either a constant -current or constant -voltage charger. The interior of a

i4

2

10

PJ 0 11

06

0 40

40

90

100

PERCENT OF CAPACETT

Fig. 24-910

Discharge characteristic for Sonotone type 20L420 nickel -cadmium
battery, rated 25 ornperehours
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POINT

WELDED
POSITIVE TAB

P. YE

SEVAFAToi

.71.1.41_11

DIAPHRAGM

NEGATIVE
SINTERED
PLATE

NYLON
SEAL

NiCKLE

PLATE()
STEEL
JACKET

SEPARATOR

ViELOE:
MEGATivk
TAB

Fig. 24-91C. Interior of a Sonotone tubular nickel -cadmium rechargeable battery.
METAL TOP

tubular -type nickel -cadmium cell is
shown in Fig. 24-91C.
24.92 Whot is a bias cent-It is a
very small battery designed for connection in the grid return of a vacuum

TOP WASHER

POLYETHYLENE
WASHER

SEAL
SEAL WASHER

tube for supplying bias voltage. As a
rule such cells are only used in the first

CARBON

stage of a class -A amplifier. This method

PASTE LAYER
INTERMEDIATE

of biasing is now obsolete.
24.93 Describe an Edison battery.It is an alkaline storage battery using
potassium hydroxide as an electrolyte,

WASHER

LINING PAPER
MIX WASHER

METAL CAN
DUPLEX
SLEEVE
MIX

powdered iron and mercury for the
negative plates, and flaked iron and
mercury for the positive plates. This
battery has exceptionally long life, and
will stand heavy overloading and standing idle without requiring charging.
24.94 Describe the construction of a
zinc -carbon (LoClanchei cell.-A crosssectional view of a typical zinc -carbon
(LeClanche) cell is given in Fig. 2494, with its principal components called
out. Basically the cell consists of a
zinc anode, manganese -dioxide cathode, and electrolyte solution of ammonium chloride, zinc chloride, and mercury
chloride in water. The nominal voltage
is 1.5

volts. This type of cell is quite

inefficient

at

heavy

loads,

and

ZINC CAN

'-BOTTOM WASHER
Fig.

24-94. Interior construction of
zinc -carbon ILeClanche) cell.

Shelf life is limited by the drying out
of the electrolyte. A typical discharge
curve is given in Fig. 24-95.
Zinc -carbon cells may be recharged

for a limited number of cycles. The
following information is extracted from
Nationai Bureau of Standards Circular
965:

its

capacity depends considerably on the
duty cycle. Less power is available
when it is used without a rest period.
Maximum power is produced when it is
given frequent rest periods, as the voltage drops continuously under load.

a

The

cell

voltage

for recharge

must not be less than 1 volt and
should be recharged within a short
time after removing from service.
The ampere -hours of charge should
be within 120 to 180 percent of the
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16
I

SOIL CONTINUOUS LOAD
AT ROOM TEMPERATURE
14
11111111A

MERCURY

.

12

ete

10

Az

08

06

20

40

60

80

100

TIME IN HOURS

Fig. 24-95. Typical discharge curves for three different type penlight cells discharged
continuously into a 50 -ohm load.

discharge rate. The charging rate
is to be low enough to distribute
the recharge over 12 to 16 hours.
Cells must be put into service soon
after recharging as the shelf life is
poor.

STEEL
OUTER TOP

TIN PLATED
INNER TOP

/ SEAL 0

POTASSIUM HYDROXIDE

ELECTROLYTE CCNTNNED
M ABSORBENT MATERIAL

INSULATING
GASKET

AMALGAMATED

INNER

ZINC
ANODE

STEEL

CASE \

PELLET

OUTER

Give the discharge rate of a
zinc -carbon cell as compared to a mercury battery and a manganese -alkaline
battery.-Typical discharge curves for
24.95

the three batteries are given in Fig.
24-95.

24.96

What is o mercury dry cell?

STEEL
BARRIER

CASE

SAFETY
ABSORBENT
SLEEVE

MERCURIC OXIDE
DEPOLARIZING

GAS 'SENT

CATHODE PELLET

Fig. 24-96B. Interior view of a pellet -

-The mercury cell using a zinc -mercury oxide alkaline system was in-

type mercury battery.

vented by Samuel Ruben during World
War II. There are two kinds of mercury
cells: one with a voltage of 1.35 volts,

and one with 1.4 volts. Both have pure

tocKLE PLATED STEEL OUTER TOP

SEAL
.NSuL ATING
GASKET

It?. PLATED
STEEL
NNER TOP

zinc anodes amalgamated with mercury,
and an electrolyte of potassium hydrox-

ide solution with some zinc oxide. The
difference between the two cells lies in
the cathode material.

The 1.35 -volt cell has a pure mercuric -oxide cathode. On discharge its

mNER

STEEL
CASE

ELECTROLYTE
ABSORBENT

MATERIAL

POTASSIUM HYDROXIDE

STEEL

TIN PLATED

ELECTROLYTE CONTAINED
IA ABSORBENT MATERIAL

OUTER

INNER TOP

TOP

NEOPRENE
DE POL ANIL ER

CYLNDERS 131

ANODE

CYLMDERS141

SAFETY
ABSORBENT
SLEEVE

1NSuL ATOM

SPACER

SEAL 8

Cu TER
STEEL

INSULATING
GASKET

CASE

IAN ER

BARRIER

CASE

OUTER

SAFETY
ABSORBENT

STEEL

SLEEVE

CASE

Fig. 24-96A. Interior view of a vertical type mercury battery.
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Fig. 24-96C. Interior view of a law -temperature type mercury battery.
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Fig. 2 4-9 6D. Stability curve for a single -cell mercury battery. The drop over a period
of three years is 13 millivolts.

voltage drops only slightly until close
to the end of the cell life, when it then
drops rapidly. The 1.4 -volt cell has a
cathode of mercuric oxide arid manganese dioxide. On discharge, its voltage
is

not quite as well regulated as the

cell, but it is considerably
better than the manganese -alkaline or
1.35 -volt

zinc -carbon cell.
Mercury cells have excellent storage

stability. A typical cell will indicate a
voltage of 1.3569 volts, with a cell -to cell variation of only 150 microvolts.
Temperature variation is 42 µV per
degree ranging from minus 70 to plus
70 degrees Fahrenheit, with a slight increase of voltage with temperature. The
internal resistance is approximately
0.75 ohms. Voltage loss during storage
is about 360 µV per month. Therefore,

percent. The voltage is defined under a
load condition of 5 percent of the maximum current capacity of the cell. Normal shelf life is on the order of 3 years.
(See Question 24.95.)
Recharging of mercury cells is not
recommended because of the danger of
explosion. Interior views of the battery
construction are given in Figs. 24-96A,

B, and C. A typical discharge curve
appears in Fig. 24-95, and the stability
characteristics for a single cell over a

period of 36 months is shown In Fig.
24-96D. The drop in voltage over this
period is 13 millivolts.
Fig. 24-96E shows a voltage -reference

battery, manufactured by Mallory Battery Co., arid designed for laboratory
use as a reference voltage. The stability

is plus or minus 0.5 percent from the

a single cell can be used as a stable

rated voltage. Voltage stability is main-

source of voltage, which is considered
to be 1.3544 volts, plus or minus 0.17

tained for 3 or more years. For short
periods it will provide accurately one
part in a million as determined by a
potentiometer

calibration

compared

with a primary standard. The voltage

ffffff t

Ssi
;Litsil

elk

increments are in steps of 1.35 volts up
to 10.8 volts
24.97 Describe an alkaline -manganese battery.-The alkaline manganese
battery is gaining considerable importance in the electronic field, as it is a

?Its?

primary battery and

is rechargeable.

A cross-sectional view of a typical
alkaline -manganese battery is given in

Fig. 24-97A, with the principal com24-96E. Mallory voltage reference
battery. Voltage will remain within
percent over a period of 3 years.
Fig.

1

ponents called out. This cell uses a
cylindrical depolarizer in contact with
a cell container of nickel -plated steel.
Because of the passivity of steel in
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zinc -carbon counterparts. Zinc -carbon

cells yield most of their energy above
1.25 volts and are virtually exhausted
at 1 volt, while the alkaline cell yields

STEEL CLOSURE

MEG TERMINAL)
GASKET

-CONTACT PIN

most of its energy below 1.25 volts with
a considerable portion released at less
than 1 volt.
U the discharge rate is limited to 40
percent of the nominal capacity of the
cell, and recharge is carried out over a

STEEL CLOSURE
)1))05 TERNINAL I

GRANULAR ZINC
AND ELECTROLYTE

CATROOE LOX

(DEPOLARIZE)))

period of 10 to 20 hours, alkaline manganese cells can be cycled 50 to 150
times. A typical discharge curve is

POROUS
SEPARATOR

shown in Fig. 24-9711 (See Question
24.95.)

24-97A. Cross-sectional view of on
alkaline -manganese battery cell. Through
external jacketing and terminal connections, cells can be made to appear as a
conventionally polarized battery. The
center button is positive.
Fig.

24.98

alkaline electrolytes, there is no chemical reaction between the depolarizer
and the steel, thus permitting the latter
to be both a current collector and container. The depolarizer surrounds a
cylindrical, granular, zinc anode, with
the

two electrochemical

When setting up a laboratory

bench, what facilities must be considered?-Benches designed for electronic
laboratories should be built not only to
provide a convenient place to construct
equipment, but also to provide storage
and space for test equipment. An end
view of a typical bench is shown in Fig.
24-98. At the back of the table is a shelf

running the full length of the bench to
test equipment. Convenience
outlets in metal -moulding type of conduit every two feet or so provide power
for the test equipment. If possible, the
power for the test equipment and
equipment under test should be sup-

support

components

being separated by porous material.

It will be observed that the polarity
of this cell is reversed from the con-

plied from

a sine -wave -type voltage
regulator such as is discussed in Ques-

ventional zinc -carbon cell, in which the
can is negative. However, because of
packaging, the outward appearance is
similar to the zinc -carbon cell, with the
same terminal arrangement. Although
this cell has an open -circuit voltage of
approximately 1.5 volts, it discharges at

tion 8.100.

A shelf approximately 12 inches wide
runs the full length of the bench under

the table at the rear. The top of the
bench is covered with 1/4 -inch tempered
masonite. Several benches may be constructed and then set in a semicircle

a lower voltage than the zinc -carbon
cell; also, the discharge voltage de-

or placed in a "tJ." This latter construction is used quite frequently in labora-

creases steadily but more slowly. Alka-

tories where a number of individual

batteries have 50 to
100 percent more capacity than their
line -manganese

benches are required. The sides are

I2

10

La

00

06

04

L

TIME

Fig. 24-97B. Discharge characteristics of an alkaline -manganese cell, on an arbitrary
time scale. Tho cell discharges of lower voltages as compared to a zinc -carbon cell.
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grounded, and if possible the starters
and reactors removed to a remote position, to reduce the effects of stray mag-

CONVENIENCE OUTLETS
IN METAL MOULDING

netic fields.
24.99 Describe the procedure for
determining the performance of equipment cabinet cooling fans.-First the

ve TEMPERED
MASONITE
CONVENIENCE

OUTLETS IN
METAL MOULDING

36'
STAND-UP
OR HIGH
STOOL

26'

designer must know the amount of dissipated heat to be removed and the
maximum temperature rise desired for
the coolant (air). The equation relating
to the heat removed equals the weight
of the coolant times the specific heat of
the coolant times the temperature rise
of the coolant. If this equation is applied
to air at room conditions on
basis, it may be computed:

SITDOWN

a rate

3170 kW
Btu/hr
= 1.08 (AT.) - (AT.)
Btu/hr
1760 kW

c

- 1.94 (AT.) - (AT.)

FLooR

where,
NOTE-

I

2

LENGTH TO SUIT

LEGS PLACED EVERT 1 TO 5'

Btu is the heat to be removed,
T is the temperature in Fahrenheit or
centigrade,

typical

cfm is the cubic feet of air required.

hacked up with a 6 -foot plywood wall
to afford a certain amount of privacy.
A good ground and overhead lighting
complete the installation. If fluorescent

about 25 percent of excess air should
be planned. Common -design temperature rise is 10 degrees centigrade. The

Fig.

24-98.

Dimensions

for

a

electronic laboratory bench.

In order to ensure adequate cooling,

lights are used, the fixtures must be

performance limits for cabinet cooling
fans are given in Fig. 24-99.
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Fig. 24-99. Graph for determining the performance limits of cabinet cooling fans.
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Section 25

General Information,
Charts, and Tables
Information of general interest and significance to the audio engineer or technician which did not rightly belong to any of the foregoing sections has been delegated to this section, along with useful charts, tables, and formulas to serve as a
ready reference. Data on batteries, wire, lamps, and relays are given attention. A
list of technical societies, international commissions, standards committees, and
organizations allied to the industry and their official titles and abbreviations are
also listed.

frequency -modulated carrier shown in
Figs. 25-5A to D. Signals modulated by
a phase -modulated transmitter will be
received on an fm receiver the same as
a frequency -modulated signal.
25.4 What is amplitude modulation
and how is it accomplished?-Amplitude
modulation is a system for the transmission of intelligence via radio. It employs a high -frequency wave of constant amplitude and phase called a car-

25.1
What are typical insulation
measurements for two -conductor shielded
pairs used in sound installations? --For a
No. 20 gauge, the leakage from the con-

ductors to the surrounding shield will
measure between 40 and 60 megohms.
25.2 What is pulse modulation?-A
system of modulation, used in radar and
special systems of communication.
25.3 What is phase modulation?-

A system of modulation in which the
audio signal is used to shift the phase
of the carrier frequency in proportion
to the instantaneous amplitude of the

rier frequency and a lower frequency
a modulation
frequency. The
modulating frequency is superimposed
on the carrier frequency and modulates
the carrier so that it corresponds with
the changes of amplitude of the modulating frequency.

called

audio -frequency signal. The carrier frequency changes, but the power remains
constant. It is used in both amplitude and frequency -modulation systems.
The modulated carrier frequency for
a phase -modulated
radio transmitter
has an appearance similar to that of the

Lo1R0

Wpm. ADNO S,ORAL
EA

AUDIO

a1000LNING
10011.41.

CAIER

EA/71

FOR 100%
MOGUL ATOM

FOR SO%

/WM L AVON

.sif a
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ER

CARRIER
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1

000.% ATE 0 IMRE

Fig.

MODULATED WARE

25-4A. A radio -frequency carrier,
amplitude modulated 50%.

Fig.

11119

25-4B. A radio -frequency carrier,
amplitude modulated 100%.
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°Arlo:m.010 ow(

25-4C. A radio -frequency carrier,
amplitude modulated over 100 %. Note
loss of negative peak.
Fig.

Fig.

25 -SA. A radio -frequency carrier,
modulated with a low -frequency modulating voltage.

frequency

For radio broadcasting, the carrier
frequency lies between 535 and 1605
kHz, with modulating frequencies be-

quency -modulated

tween 40 and 5000 Hz. Carrier frequencies modulated 50 and 100 percent are

determined as it can for an amplitude modulated carrier because the ampli-

shown in Figs. 25-4A and B, and an

tude of the carrier remains constant
and the frequency is varied directly
with the frequeucy of the modulating
voltage. The limits of the frequency

overmodulated carrier is shown in Fig.
25-4C.

The percent of modulation may be
expressed:

% Modulation =
where,

A
A

-B

+

B

100

The percent of modulation of a fre-

carrier cannot be

shift of the carrier, caused by the modulating voltage, are called the frequency -deviation limits.

A is the maximum and B the mini-

mum peak -to -peak amplitude of
the modulated carrier frequency.

If the percent of modulation is increased above 100 percent by making
the modulating voltage greater than that
of the carrier frequency (Fig. 25-4C),
the carrier will be overmodulated, causing a distorted waveform to be transmitted, because the carrier frequency is
cut off for negative swings of the modulating voltage. Therefore, amplitude modulation systems must not be modnlated greater than 100 percent.
Although the preceding discussion
ciples apply to lower frequencies and

25-5B. A radio -frequency carrier,
frequency modulated with the same frequency as in Fig. 25 -SA but with greater
amplitude. Note the greater deviation
of the carrier frequency.

complex waveforms.
25.5 What is frequency modulation
and how is it accomplished?-Frequency

frequency modulated by the same mod-

deals entirely with sine waves and a
radio -frequency carrier, the same prin-

Fig.

Figs. 25-5A and B show a carrier

modulation is a system for the transmissiou of intelligence, via radio, employing a radio -frequency carrier of
constant amplitude which is varied in

Fig. 25-5C shows the same carrier modulated by voltages of different frequen-

frequency as the amplitude of the mod-

cies.

ulating voltage but for two different
modulation factors (modulation index).

ulating frequency changes. For radio

The higher the frequency of the mod-

broadcasting. the carrier frequency lies
between 88 and 108 MHz, with the modulating frequencies between 50 and

ulating voltage, the greater number of
times the carrier frequency will he varied within the deviation limits. The
ratio of the maximum frequency devia-

15,000 Hz.
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lion to the maximum frequency of the
modulating voltage is called the modulation factor, or modulation index, and
may be expressed:
Modulation index =
Max. frequency deviation of carrier
Max. frequency of modulating voltage

R

i O --W
INPUT

0t

'T

OUTPUT

Fig. 25-78. RC integrator circuit.
If

the components are reversed as

Thus, an fm transmitter with a maxi-

shown in Fig. 25-7B the circuit becomes

mum deviation of 75 kHz is modulated
100 percent when the transmitter swings
a full 75 kHz. At 37.5 kHz the transmitter is modulated 50 percent.

a sharply peaked sine wave. Circuits

an integrator. Now, if a square wave is
applied to the input, the output signal is
such as these are often used when conducting square -wave tests on various
types of equipment.
25.8 What are ferrite beads and
how are they used?-Ferrite beads consist wholly of powdered iron without a

binder. They may be strung on leads
carrying radio -frequency current for

II'II,III1,LII,
I

I

Fig. 25-5C. The same carrier frequency
shown in Figs. 25-5A and B but using
different modulating frequencies. Note
the difference in the carrier deviation.

decoupling, without any de or low-freqnency power loss. They may also be
used for filament isolation or decoupling, as well as for suppressing parasitics in grid circuits, without altering
the de resistance. They are often nsed
in oscilloscopes to reduce the effects of
coupling at the high frequencies and to
prevent oscillation. A cross-sectional

drawing of a typical bead is shown in
Fig. 25-8.

Although the foregoing discussion

deals with high-freqnency voltages, the
same principles apply to lower frequencies and waveforms of complex nature.
25.6 Describe a chopper.-It is an
electromechanical or electronic device
used to interrupt a dc or low -frequency
ac signal at regular intervals to permit
amplification of the signal by an ac amplifier. Such devices arc used in highly
sensitive dc voltmeters. (See Question

MEM
r
A

F g. 25-8. Cross-sectional view of a typical ferrite bead.

22.97.)

25.9

What is the effective power

of a circuit?-The true power of the
circuit.
25.10

Fig.

25-7A. RC differentiating circuit.

What is

an obscistal - The

horizontal plane of a graph.
25.17 What is an ordinate?-The
vertical plane of a graph.
25./2 What it an absorption circuit?-A tuned circuit that dissipates

What is a differentiation cir-

energy taken from another circuit by

cuitt-A circuit consisting of a resistor

electromagnetic coupling.
25.73 Whot is on alternating -current resistance?-The impedance of a

25.7

arid a capacitor connected as shown in
Fig. 25-7A. If a square wave is applied
to the input, it is converted to positive
and negative pulses. The pulse length
is governed by the values of circuit elements C and R.

circuit at a given frequency.
25.14 What is an ampere-hour?The quantity of electricity flowing from

a power source in 1 hour. A current
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of 2 amperes for a period of 1 hour is
equivalent to 2 ampere -hours.
25.15

lead.-It

Define the angle of lag or
the number of electrical

is

of a negative voltage to a selected
cathode causes the gas around the

cathode to ionize and glow. The visual
effect is a bright glow around the

degrees by which an alternating current
reaches its peak and zero values after,
or before, the applied voltage reaches
its peak or zero values.
25.16 What is an anticapacitanc
switch?-A switch in which the current carrying parts arc separated to reduce
the electrostatic capacitance existing

between them. Some designs include
shields between the various sections of
the switch.
25.17 What is on operiodic circuit?

An untuned circuit not resonant at

-

any one frequency.
25.18 What does the term "arithmetic mean" denote?-One-half the sum

of two values, or the average.
25.19 What is a circular mil?-The
unit of measurement of the cross-sectional area of a conductor. The area
of a circle having a diameter of 0.001
inch.
25.20

What is a collector ring?-A
metal ring used in conjunction with a
brush contact to obtain a connection
between a rotating element and an external circuit, such as between the
armature of a generator and the load
25.21 What is a passive eloment/A resistor, capacitor, inductance, etc.
25.22 What is a cosine? --In trigonometry, the sine of the complement of

Fig. 25-25B. Interior view of cold -cathode readout tube Model NL-803 manufactured by Notional Electronics Inc.

cathode forming the number. Readout
tubes are used in many different pieces
of electronic equipment, such as digital
voltmeters, counters, or where a visual
readout is required.

an angle.
25.23 What is
t voltmeter/A peak -reading voltmeter.
25.24 What is a dead -beat instru-

rnent/-A voltmeter, ammeter, or similar device with a highly damped movement. Damping is used to bring the
movement to rest quickly.
25.25 Describe a readout tube.-It
is a special neon cold -cathode tube with
ten independent cathodes, each formed
ill the shape of a number. Application

Fig. 25-25C. Interior view of flat cold cathode readout tube Model NL-809.
+

1

EBB

For best viewing results, the tubes

NUMERALS
2

SELECTOR
SWITCH

Fig

25-25A. Basic circuit for
cathode readout ubc.

a

cold -

are mounted in an enclosure with a
black interior, behind a red, amber, or
polaroid filter plate. The filter improves
the viewing in areas having a high ambient light level.
The basic circuitry for operating this

type of tube is shown in Fig. 25-25A.
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Two

interior -construction views for
cold -cathode readout tubes, manufactured by National Electronics, Inc., are
pictured in Figs 25-25B and C.
25.26 What is on acoustic blister?A large dome -shaped piece of acoustic
material sometimes placed on walls in
broadcast studios to diffuse the sound.
It varies in diameter from a few inches

to about three feet. Such devices are
used in conjunction with broken -up
walls.
25.27

What ore the advantages of
ceramic magnet)-Ceramic magnets
are used in speakers and other devices
because of the ease of molding them
into a given shape. The ring type used
in speaker construction is not always
the ideal shape, particularly in the case
of steel magnets, as it lowers their
efficiency. The ceramic magnet is not
affected in so marked a degree as is a
material such us Alnico V. (See Quesa

tion 2023.)
25.28 What is an electrical degree?

-It is one -360th par: of an electrical
cycle.
25.29

What

is

an electrolytic ca.

pacitort-A capacitor of high capacitance in which an electrolyte and an
electrode serve as plates. The dielectric

is a film of gas formed by electrolysis.
Such capacitors may be made using
either a dry or a wet electrolyte.
25.30 If a new electrolytic capacitor measures less than its rated capacity, is it defective)-No. Electrolytic
capacitors which have been on the shelf

or out of service for some time may
measure only 40 to 60 percent of their
rated capacitance. After they have been
in use at their normal operating voltage

for a short period, the capacitance will
return to its normal value or greater.
Electrolytic capacitors should be reformed by operating them at their rated
voltage before measuring the capacitance. (See Question 22.34.)
In general, electrolytic capacitors
measuring 75 percent of their rated

value should be replaced. In the use of
bypass capacitors there is from the
application standpoint usually no upper

limit on the value. This is reasonably
true for all filter capacitors, except for
input capacitors used in power supplies.

Here the limit is set by the permissible
current through the rectifier element.
New dry -electrolytic capacitors gen-

erally fall within the limits below.

Rated Voltage
3 to 50 volts
51 to 350 volts
351 to 600 volts

1623

Percent Tolerance
10 to +60
10 to +40
--10 to +50

(See Question 21.59.)
25.31 What is the average leakage

current per microforad for an electrolytic capacitor?-About 0.2 to 2.5 mA
per microfarad. Specification JAN -C-62
for electrolytic capacitors specifies that
the leakage current shall not exceed
0.04 times the capacitance in micro farads plus 0.30
25.32 Are electrolytic capacitors

affected by frequency? - Electrolytic
capacitors are quite satisfactory for frequencies below 500 kHz. However, at
frequencies above 500 kHz, they lose
their effectiveness quite rapidly. As an
example, a 10-µF electrolytic capacitor
at frequencies above 500 kHz will have
an effective capacitance of only 0.5 µF.
It is customary, when electrolytic
capacitors are used in circuits where the
frequency may run from zero to several
hundred thousand hertz, such as in a
video amplifier, to connect additional
paper and mica capacitors in parallel
with the electrolytic capacitor. The
electrolytic capacitor operates quite
effectively at audio frequencies, the

paper capacitor operates through the
middle range of radio frequencies, and
the mica capacitors operate at the extremely high frequencies.
25.33 Whet is the average power
factor of an electrolytic capacitor)About 5 to 10 percent. Although a high quality capacitor may indicate a power

factor higher than this after lying idle
for a while, the power factor will drop
after a short operating period of the
capacitor at its rated operating voltage
Electrolytic capacitors should be replaced if the power factor is 15 percent
or greater. Wet -type electrolytic capacitors will show a power factor of 25 percent or greater.
25.34 What it fish paper)-A fiber like insulating paper used in the construction of transformers, coils, and
other electrical devices.
25.35 What is the geometric mean?

-The square root of the product of
two quantities. (See Question 7.34.)
25.36 What is the relationship of

current to voltage in a capacitor)-The
current leads the voltage by 90 electrical degrees.
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Fig. 25-38. Equation chart for solving Ohm's law for oc or dc circuits.
25.37 What is the relationship of
current to voltage in on inductance?The current lags the voltage by 90

is

degrees.

What are the equations used

from one of the segments of the outer
circle. In each case, two factors of the

in the solution of ac and dc prof:dem,
involving the use of Ohm's low?-A
ready reference chart which may be
used to select the proper equation for

problem must be known.
25.39 What are the equations used
in the solution of problems involving the

25.38

the solving of both ac and dc problems involving the use of Ohm's law

given in Fig. 25-38. The desired
answer is selected from the inner circle

and the proper equation

is

selected

decibel? -Fig. 25-39 provides a ready
reference chart which may be used to
select the proper equation for solving

R

E

IMPEDANCE
RESISTANCE
VOLTAGE
CURRENT

PAVER

puel POWER
REFERENCE

Fig. 25-39. Equations for problems involving decibels.
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problems involving the use of decibels.
The desired answer is selected from the
inner circle and the equation from one
of the segments of the outer circle.
25.40 Is it permissible to connect
power supplies in series?-Yes, power
supplies may be connected in series like
batteries to obtain a higher output voltage, and they may be a combination of
regulated and nonregulated. Precaution
must be taken to remove any grounds
to prevent

the

shorting out of one

What is Rev wire? - A
wire consisting of several
strands of very small wires transposed
25.46
stranded

at intervals to reduce the loss at high
frequencies. As an example, 32/28 litz
wire is made up of 32 separate strands

of No. 28 enameled wire. This wire is
used for frequencies within and below
broadcast band, as
antennas.

well

as

for loop

One of the principal objections to its
use is the difficulty in soldering. If two

supply.

or more of the strands are left un-

The ripple voltage at the output of
the combined voltage will be that of
the power supply having the highest
ripple voltage and in some instances
it may be higher. The maximum cur-

connected, the radio -frequency resistance rises quite rapidly and the benefits

rent will be that of the supply with
the lowest current rating. The voltage
output will be the sum of the two

of such wire are lost. The wire was
originally developed in Germany many
years ago by Litzendrabt and used extensively in wireless receivers for the
reception of long -wave transmissions.
25.47

What is a negative -resistance

circuit?-A condition existing in a cir-

voltages.
25.41

Whot is a phantom circuit?A telephone circuit consisting of two
circuits from which a third circuit is
taken by the use of repeat coils.
25.42 What type of wire is used
for precision wircreound resistorsl-Manganin or Evanohni.
25.43 Is it permissible to charge

cuit when au iucrease of voltage causes
a decrease of current.
25.48 What is parasitic oscillation?

Oscillation set up in a circuit due to
distributed capacitance and iuductancc.
An unwanted oscillation.
25.49 What is a pulsating current?

-A current which changes its ampli-

storage batteries with unfiltered rectified alternating current?,

tude but not its direction.
25.50 What ore the advantages of

How much power is required

given power to /00 -percent modulation?

printed -wiring boards and how are they
mode?-Cbief advantages of printed wiring boards are (1) lower production

-The power output of the modulating

costs, and (2) laboratory circuits may

amplifier must be at least 50 percent of
the power of the stage being modulated.
sensitivity of

be obtained in production.
Several factors are responsible for
the lower production costs. Sonic are:

meter movements used in service voltmeters?-The sensitivity varies with the
ohms -per -volt requirements. The sen-

I. Greater simplicity in wiring since
less wiring is required.
2. Wiring errors are elimmated be-

25.44

to modulate a radio transmitter of

25.45

What

is

the

sitivity of commonly used meters

a

is

given below.

internal
Movement

Ohms per

Res. of

Sensitivity

Volt

Meter
900/2K
900/2K

50µA
100 µA

200µA
S00 µA
1.00 mA
2.00 inA
5.00 mA
10.00 mA

20,000
10,000
5000
2000
1000
500
200
100

300/1K
70/300
25/100
27/30
27/30
1.5/7.0

The three latter movements are used
on heavy -power test equipment and
switchboard instruments.

cause each board is identical.
3. Faster production because hand

wiring is eliminated. Components
may be installed by machines and
the entire assembly soldered in
one operation.

4. Adaptability of printed boards to
the use of printed components.
Printed -wiring boards are produced
in several different ways, but the end
result is essentially the same-a pheno-

lic circuit board with a wiring pattern
on one or both sides.

One method of producing printed wiring boards consists of bonding a
thin layer of copper foil 0.0001 to 0.0004
inch thick to the phenolic material.
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A chemical is then applied to the
copper foil by a photographic process
and the board is given an acid bath.
The acid bath removes the copper foil

25.53 What is a reetori-A straight
line representing the magnitude and
phase relationship of a quantity. A

except where the chemical was applied,

magnitude.
25.54 What is a zero voltage point?

leaving this area unharmed. The acid
is then neutralized and the chemical
removed from the copper foil, leaving
the phenolic board with the desired
printed wiring.
Another method of making printed wiring hoards consists of electrolytically
depositing or plating the electrical circuit pattern on the phenolic board. This
is accomplished by applying a conduc-

tive material to the base material. A
chemical is then applied to the background area but not to the pattern area.
The board is then copper -plated; however, because of the chemical applied

over the conductive material in
background area, only the diagram is
plated. By means of a solvent, the conductive material and the chemical are
then removed from the background
area.

quantity which has both direction and

-The voltage of the earth.
Define the term "common -

25.55

mode rejection."-This term is also referred to as in -phase rejection and is a
measure of how well a differential am-

plifier ignores a signal which appears
simultaneously and in phase at both
inputs. Usually and preferably stated as
a voltage ratio but more often stated in
decibel equivalent of the ratio at a
specified frequency, such as 120 dB at
60 Hz, with 1000 ohms of impedance.
25.56 What is the equation for calculating the capacitance of a simple
capacitort-Answer.

AK

C =-4.45D

(in pF)

where,

A is the area of the plate in square
inches,

A third method of producing printed -

wiring boards

is

embossing. A thin

sheet of copper with an adhesive on one
side is applied to the base material.

The circuit pattern is embossed on the
board, using photoetchcd metal dies. By
heat and pressure, the dies force the
copper foil into the base material. At
the same time, the adhesive bonds the
copper foil to the base material. This

leaves the entire surface of the base
material covered with copper foil, but
only the circuit pattern is recessed into
the base material. Excess copper foil is
then stripped off mechanically, leaving
the desired pattern embedded in hase
material. Circuit components such as
resistors, capacitors, and coils are sol-

dered directly to the printed circuitry.
Printed circuits are currently found
in nearly all types of electronic equip-

D is the spacing in inches,
K is the constant of the dielectric
(insulation).
The dielectric constants for various materials are given in Question 2.5.57.
2.5.57
Define the term "dielectric
constant. --It is the property of a given
material that determines the amount

of electrostatic energy which may be
stored in that material per unit volume
for a given voltage. The value of the
dielectric constant expresses the ratio
of a capacitor in a vacuum to one using

a given dielectric. The dielectric of air
is 1 and is the reference unit employed
for expressing dielectric constant.

The dielectric constants and breakdown voltages for commonly used materials are tabulated in the following table.

Dielectric
Strength

ment. (See Question 25.140.)
25.51

Define an °karat. - This

term is applied to a permanently polarized dielectric material and is the analog
of a permanent magnet. Among the

several types of electrets is that of a
plastic surface or wax with a permanent
positive charge and a permanent negative charge on its reverse surface, both

(volts per 0.001

K

volt inch)

Air, at atmospheric
pressure

1.0

80

5.0

500

4.2

200
2,000
1,200
750

Bakelite
Glass, common
Mica

6.0

Paraffin paper
Porcelain

3.5

surfaces having a stable existence. (See
Question 4.126.)
25.52 What is

If the dielectric constant of a capacitor

a tank circuit?-A

tuned oscillatory circuit.

5.5

is increased or decreased, the capacitor
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will increase or decrease in capacitance
respectively.
25.58 What are Nagoaka's form-

ulas?-They are formulas used for the
design of solenoid coils and may be
obtained from Circular No. 74, published by the National Bureau of Stan-

Fig. 25-63B. Construction of a tapered card resistor.

dards.

25.59

What

is

the capacitive re-

actance of two capacitors connected in
parallel?-They are treated as resistors
connected in parallel.
25.60

What

is

the capacitive

re-

actance of two capacitors connected in

series?-They are treated as resistors
connected in series.
25.67 If two ammeters are connected in series, what portion of the
total current will be read by each meter?

-Earl; meter will read the total load

iron -core inductors operated near saturation, thyrite resistors, thermistors,
tungsten filament lamps, diode rectifiers,
and special ceramic -dielectric capacitors
rising a bias voltage.
Nonlinear resistors are used in wave shaping networks, oscillators, voltage

dividers, frequency multipliers, amplitude limiters, and constant -output potentiometers. A typical plot of the characteristics of nonlinear
shown in Fig. 25-64.

resistors

is

cur rent.
25.62

Can two ammeters of the
sore current range and internal resistance be conrected in parallel to read
double the current of one meter?-Yes,
if the internal resistance is the same
for each meter. One meter acts as a
for the other; therefore, each
meter reads one-half the current. Damage to the meters will result if one
meter is removed from the circuit while
there is a load current.

a

shunt

RESISTANCE

Fig.

25-64. Typical characteristics for
nonlinear

resistors.

25.65 What is a varistor?-A trade
name for a germanium or silicon diode

whose resistance changes with changes
in the applied voltage.
25.66 What is thyrite?-A trade
ENO
VIEW

SIDE VIEW

Fig.

25-63A. Construction of
card resistor.

a

fixed -

What is a resistance card?A resistor wound on a piece of insulating material in the form of a thin
curd, as shown in Fig. 25-63A. After
winding, the card is formed into a circle
25.63

and fitted around a form such as is used
in rheostats and potentiometers. The

card may be tapered to permit various
rates of change of resistance for variable
controls. (See Fig. 25-63B.)
25.64 What is a nonlinear resistor?

name for a material whose resistance
decreases with an increase of applied
voltage.
25.67 How are diodes used for the
protection of meter movements?-Two

diodes connected in reverse polarity are
shunted across the meter terminals, as
shown in Fig. 25-67, to afford protection

to the meter for either polarity. The
meter movement is protected by the
forward characteristic of one diode,
while the other is inactive. Diodes used

for meter protection must have very
low forward current in the 0 to 300
millivolt range and very low reverse current leakage. The dc resistance
should be greater than 600.000 ohms

-A resistor which does not obey the

below a voltage of 300 millivolts. The

simple relationship of Ohm's law. Typical nonlinear resistors are: a vacuum
tube operated under certain conditions,

connection of a diode across the meter
movement results in less than 0.5 percent of error, depending on the internal
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25.71
How will the needle of a compass be deflected when placed in a mag-

netic field?-The needle will align itself
parallel with the lines of force. The
north -seeking pole will always point to
the north pole because it is, in reality,
a south pole.
25.72 What is a side tone? - The

noise reaching the earphone of a tele94.

Fig. 25-67. Diodes used for protecting a
meter movement.

resistance of the meter. Special diodes

arc manufactured for this purpose for
meters with a given internal resistance.
25.68

What is o module unit? -A

method of mechanically mounting electronic components in a stack of wafers
to facilitate the automatic assembly of
circuit components. It is a method developed by the National Bureau of
Standards in conjunction with the Department of the Navy. A typical unit is
shown in Fig. 25-68.

phone subscriber's handset by means of
a local path within the telephone circuit.
25.73 What is a side circuit? --One

of two circuits employed in a phantom
circuit.
25.74 What is o padder capacitor?
-A variable capacitor connected in
series with a fixed capacitor to obtain
an exact value of capacitance. It is also
used

in tuned circuits to bring them

to exact resonance.
25.75
What is Celsius temperature?

The original centigrade temperature
scale. It was named after Swedish astronomer Anders Celsius, who first described it.
25.76 What is fusetron?-A trade

name for a special type of plug fuse
with an overload feature that will permit it to be overloaded, on starting, up

to more than 500 percent, with blow
times ranging from 0.5 to 25 seconds.

Such fuses are used where a heavy
starting current is present with a low
running current.
25.77

What is an electrothermal
recorder in which the

recorder?-A
image is

produced by thermal action

on the recording medium in response to
the received signals.
25.78 What is a facsimile trans-

mission system?-A system of radio or
wire transmission by which illustrations,

printed pages, maps,

etc.

are

transmitted and received. The subject
to be transmitted is scanned by a light
Fig. 25-68. A module unit with a miniature tube.
25.69 What is reflection loss?-The
transmission loss in a transmission line

when a portion of the transmitted signal is reflected back toward the sending

end because of improper terminating
impedance.
25.70 What

is

propagation -time

delay?-The time required for a wave
to travel from one point to another on
a transmission line. Delay time varies
with the type of line or cable.

beam along closely spaced parallel lines.

The black -and -white copy is transmitted in the form of an electrical signal by the use of a photocell under the
copy to be transmitted. At the receiving
end, the impulses are translated into
small marks on the receiving copy corresponding to the original. This is accomplished by tracing the receiving
copy in closely spaced parallel lines
similar to the transmitter. The two

machines as synchronized at the two
ends by an accurate local oscillator.
25.79 What is a tuning -fork oscillator?-An oscillator circuit which em-
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12AX7 5751
12AT7 6201
OR 6112

Fig. 25-79. Schematic diagram of o tuningfork oscillator circuit.

ploys a tuning fork as the frequency determining element. The elementary
circuit for such an oscillator is shown
in Fig. 25-79. As a rule, unless the output signal is filtered, the output contains
a high percentage of harmonics.
25.80 What is a reagnetostriction

oscillator?-An oscillator circuit which
employs an element in the oscillatory
circuit that expands and contracts under the influence of a varying magnetic
field. Certain metals, notably nickel and
some of its alloys, undergo dimensional

changes when subjected to the influence of a magnetic field. Since these
changes are minute, in the order of one
part per million, the phenomenon is
usually observed or employed by placing a rod or tube in a solenoid carrying

either an alternating or direct current.
25.81 What is a master oscillator?
An oscillator of stable characteristics
used to establish a base frequency for
several different parts of a system. By
the use of a master oscillator, frequency discrepancies are eliminated.
25.62 What is scrambled speechTSpeech which has been rendered un-

intelligible for use in secret transmission by inverting the frequencies These
frequencies are converted back to the

original form at the receiving end by
an unscrambling circuit.
25.83 What is telernetcrinol - The
remote indication of values, readings of
meters, etc. by radio, using coded signals which arc generally recorded on
magnetic tape or film.

pendently and simultaneously. A single

fm receiver having a multiplexing circuit separates two sides of the program
material. The separated signals are then

fed to left and right amplifier systems
and reproduced using two speakers,
similar to reproducing a stereophonic
record or magnetic tape.
25.85 What does the term "admittance" mean? The ease with which an
alternating current flows in a circuit.
Admittance is the reciprocal of impedance and is expressed in mhos.
25.86 What is an automatic gain
contrail- A self-acting compensating
device which will maintain the output
level

of

a

transmission

constant

to

within narrow limits for a wide variation of input signal level.
25.87 Haw are frequencies above
the audio bands classified?

Very Low Frequency
(v1.0

10 to 30 kHz

Low Frequency

(If)

30 to 300 kHz

Medium Frequency
(mf)
High Frequency
(hf)
Very High Frequency

200 to 3000 kHz

3 to 30 MHz

(vhf)
30 to 300 MHz
Ultra High Frequency
(uhf)
300 to 3000 MHz
Super High Frequency
(shf)

3000 to 30,000 MHz

Extremely High Frequency
(ehf)
25.88

30 to 300 Cr I I z

What is a carrier frequency?

What is a two -channel multi-

A wave which may be marked or

plexed ha transmission?-A system of

modulated either by changing its amplitude, frequency, or phase, so that it
may carry intelligence.
25.89 What is o coaxial cable?-A
cable in which one conductor is accurately centered inside another. It is

25.81

transmitting two -channel stereophonic

program material using one rf carrier
frequency. By multiplexing the signals,

both the left- and right-hand sides of
the audio pickup are transmitted inde-
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used for the transmission of television
signals and other high frequencies.
25.90 What is on electrolytic recorder?-An electrochemical recorder in
which a chemical change is caused by
ionization in the recording medium,
generally a chemically treated paper.
25.91
What is an electrosensitive
recorded-A recorder in which the

image is produced by the passage of an
electric current into the recording
medium.
25.92 What is an ink -mist
der?

-A mechanical recorder used in facsimile transmissions in which particles of
an ink mist are deposited directly onto
the recording medium.

25.98 What is the purpose of reversing the polarity of filament -type
tubes operated Irons a direct -current

source?-This procedure is only used
with high -power transmitting and rectifier tubes because the emission is not
uniform over the entire surface of the
filament. This causes certain areas of
the filament to be weakened, in time.
Reversing the polarity of the heater
supply permits a more uniform operation of the filaments and prolongs their
life. Also, the maximum life will be
obtained when the filament voltage is
maintained as near constant to the
specified voltage as possible.
25.99

Describe

the

characteristics

What is a ruder?-An elec-

of neon and argon glow lumps.-Basi-

tronic device developed by H. Dudley
of the Bell Telephone Laboratories for
generating artificial speech. The tones

cally, a neon glow lamp is a member of
the electric -discharge lamp family. it
consists of two electrodes inserted in a
glass envelope containing a rare gas.
When a sufficiently high voltage is

25.93

produced

are

by

a

combination of

mechanical keys similar to those of a
piano keyboard.
25.91 What is a vocoder?-A device
for generating artificial speech. The
human voice is used to actuate the
system rather than mechanical keys as
used in the voder described in Question

applied to the electrodes, current will
flow between the electrodes by means

25.93.

type lamps in that they do not depend
on a filament, and hence do not pro-

25.95

What

is

an

annulling net-

woik?-A network of elements connected in parallel with a filter network
and designed to cancel inductive or
capacitive impedance at the extreme
ends of the passband of the filter.
25.96 What is on iterative impedance?-The value of a terminating impedance, required at one pair of a four -

terminal network, that will terminate
the second pair of that network in a
value equal to the first pair. The iterative impedance of a transmission line is
the same as the characteristic impedance.

25.97 What is meant by the term
"unity coupling"?-Unity coupling is

electrons and positively charged
particles in the gas. This causes light
of

to be produced at the negative terminal.
Glow lamps differ from conventional -

duce

light

by

incandescence.

Glow

lamps are rugged in design with long

life, and produce little heat in their
operation. Such lamps arc used for indicators and for voltage regulation.

The useful life of a glow lamp is a
function of the lamp current and varies
approximately as the inverse cube of
the lamp current. Therefore, doubling
the current through the lamp reduces
its life to approximately one -eighth its
normal life.
For some special applications the
current may be increased as much as
ten times its normal value without immediate injury; however, the character-

achieved when the lines of force of one
coil cut all of the windings of a second

istics

coil. The formula for calculating the

voltages, accompanied by a short life.

coefficient of coupling is:

where,

L. L.

M is the mutual inductance between
the coils,

L is the value of the self-inductance,
K is a constant.

As a rule, the value of K does not exceed unity coupling, or 1.

will be changed, resulting in a
rapid rise of starting and maintaining
Glow lamps have a critical starting
voltage. Below this critical voltage the
lamp may be considered to be an open

circuit. When the starting voltage

is

reached, the glow discharge begins and
light is emitted. Once started, the lamp

will continue to glow if the maintaining voltage is continued. On alternating
current, the maintaining voltage is approximately the same as the starting

1631

GENERAL INFORMATION, CHARTS, AND TABLES
DIRECT CURRENT

ALTERNATING CURRENT

WEAK-LPCORN

/

t

.,e

7L4f.s.
4

to,

artav

ExTING4q1SNiNG VOLTAGE

AO
O

5

20

IS

10

INTERNAL RE
25

MILLIAMPERES

_.."

*.

co"

.

04"

1'

Ti,,,,

NEROONGIts30,T4CE

0

av

AI

lXTINOVISNIN0 VOLTAGE

ISTANCEaV-

30 0

I

61

I0

IS

20

25

30

MILLIAMPERES

Fig. 25-99A. Runaway characteristics of a glow lamp.
times that of a quarter -watt size. The
voltage. On direct current, the discharge

will be maintained at close to 15 volts
below the breakdown voltage. Aging a
glow lamp for about 100 hours by
running it at its normal maintaining
voltage will help to stabilize its characteristics. All glow lamps have a characteristic called the runaway characteristic (Fig. 25-99A); therefore, they must

be operated in series with a current limiting resistor. The screw -base lamp
contains such a resistor; however, an

light output may be increased by increasing the current through the lamp,
but with a resulting decrease of life.
Ionization in complete darkness and
deionization under any conditions may
require a fraction of a second. The light
output will follow the current in a
linear mariner up to frequencies of
15,000 Hz. Increasing the ambient light
level within a limited range will lower
the breakdown voltage because of the

external resistor must be used with
bayonet -base lamps. Conventional carbon -type resistors are quite satisfactory

photoelectric emission of the electrodes.

for current -limiting use. By connecting
a current -limiting resistor of the proper
resistance in series with the lamp, these

low 300'F; however, above this temperature, gases are evolved from the

lamps may be operated from circuit
voltages beyond their normal voltage

characteristics.
Neon lamps may be used for voltage
regulation in the same manner as a

Resistor values for different
voltage ranges are given in Fig. 25-99B.
ratings.

The glow lamp, when in a state of
conduction, may be treated in an electrical circuit as the equivalent of a
constant -arc drop in series with an
internal resistor. Under the usual operating conditions, this arc drop may be
considered equal to the minimum maintaining voltage. Current and resistance
values may be calculated:

VI. -

Lamp I

R,

FL

where,

Vi. is the line voltage,

Glow lamps are not noticeably affected by the ambient temperature bebulb walls affecting the lamp operating

VR150 or similar type of tube, using a
current -limiting resistor as shown in
Fig. 25-99C. The regulated voltage is
taken from across the lamp as shown.
Neon lamps may also he used as leak-

age indicators for currents as low as
1 microampere and also as oscillators,
as described in Question 22.55.
The spectral energy of such lamps is

almost entirely confined to the yellow
and red regions of the spectrum. The
general appearance of a glow discharge
tube is orange -red and may be used as

an indicator without the necessity of

Vvu is the minimum maintaining
voltage,
R1 is the internal resistance.
R... is the external resistance.

using a red glass cover. Because of the

The efficiency of a glow tube is rather

filters.
The spectral emission characteristics

low, about 030 lumens per watt, and
varies directly with the current. A
quarter -watt lamp can be expected to
produce six times the light of a tf7,watt type, and

a

I -watt lamp four

spectral quality of the glow discharge,

only two distinctive

colors,

red and

amber, may be obtained by the use of
for both the neon- and the argon -type
glow lamps are shown in Fig. 25-99D.
The breakdown, maintaining and extinguishing voltage and operating cur-
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TYP4
AR 1

AR-)

AR4

110-125V

NE.21
NE.7
NE-17
NE 21

NE30
NE32

7,500

NE2A
NE -20

NE2E
NE -2H

NE -34
NE -40
NE -45
NE -48
NE.51

NE51H
P48.54

NE-56
NE-57

300475V

3754150V

450400V

10,000

18,000
91,000
100,000
1,000,000
1.000.000

24,000
150,000
160,000
1.200.000
1,200,000

30.000
160.000
180,000
1,600,000
1.600.000

___

--------20.000

--------24,000

Included In Base
Included in Base
15,000
200.000
200,000
100,000
100,000
30.000
30.000
30.000
30,000
30.000

NE.2

220-300V

68,000
82,000
750,000
750,000

___

Included in Base

Included in Base
Included in base
Included in Base
30.000
200.000
47,000
30,000
Included in Base

Included in hese

NE -58

Included in Base

NE-66
N ( 79

3,600
7.500

--------110,000
--10,000
18,000
9,100
6,200

82.000
110,000
750,000

------82,000
-------

_
---

__-

-- _

--

- -- .

-----

150,000

180,000

240.000

27,000
13,000
8.200
120.000
150.000
1.000.000

33.000
16,000
11.000
150,000
180,000
1.200.000

30.000
43,000
22.000
16.000
200.000
240,000
1.600.000

----

-----------

----------

120,000

150,000

---

----200.000
-----

- --

Fig. 25-99B. Current -limiting resistor values used with glow -discharge tubes.

rent for both neon and argon lamps,
may be measured using the circuit of
Fig. 25-90E. When breakdown voltage
is measured, the lamp should be operated for about 1 minute at its normal

rated current within 1 hour of making

not more than 3 percent is applied to
the potentiometer and then to the lamp.

The ripple voltage from the dc power
supply must not exceed 0.10 percent.
When ac measurements are made, a
thermocouple meter should be used for

measurement.

ineasuring the current, with the series
resistor (R.) selected for a value suitable for the lamp under test. The voltmeter across the lamp must have an

The extinguishing voltage is dependent on the impedance in series with
the lamp and is the voltage across the
lamp at which an abrupt decrease in
current between the operating elec-

input resistance of at least 10 megohms
or more.
2.5.100 What is an argon glow
lamp? --Argon glow lamps are similar in
construction and operation to the neon

trodes occurs; it is accompanied by the
disappearance of the negative glow.
Using the circuit shown, a GO -Hz voltage with a total harmonic distortion of

glow lamps. Argon radiates principally
in the blue -violet and ultraviolet region
of the spectrum. The visible purple
color offers the possibility of their use

the measurement. If it is to be measured

M total darkness, the lamp should be
inoperative for at least 24 hours before

as a second color to the neon glow lamp.
The predominant radiation is in the

0.-

near ultraviolet or black -light region.
DC
OUTPUT

The initial black -light output is approx-

CURRENT
LINITINR
RESISTOR

imately

3.5

fluorens

per

watt. Glow

lamps using argon gas may be used in
timing devices for high-speed photog-

GLOW

LIMP
REGULATED
VOLTAGE

Fig. 25-99C.A voltage -regulation circuit using a glow lamp and a current limiting resistor.

raphy, as their violet and near -violet
radiation occurs In a region where photographic materials have their highest
degree of sensitivity. The values of current -limiting resistance required for an
argon -type glow lamp are the same as
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Fig. 25-99D. Spectral emission
curves for glow -discharge tubes.
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25-102. A typical quartz crystal

Fig. 25 99E. Circuit for testing gas -filled
glow lamps.

Fig.

for the neon -type lamp, as shown in

The natural frequency of resonance
will occur, for a particular thickness of

Fig. 25-99B.
How ore the specific gravity
25.101
readings of a storage battery interpreted?
1.275 to 1 300 A high state of charge.
A medium state of charge.
1.250

A low slate of charge.
If a storage battery is left in a discharged condition for any length of
time, the plates may he damaged due
to sulfation. (Sec Question 24.73.)
25.102 What causes a quartz crys1.200

oscillator circuit.

the crystal, where at least one complete
wavelength can exist between the two
long surfaces. For the same thickness, it
is also possible for two or more shorter

wavelengths to exist between the two
surfaces. Crystals also vibrate at harmonics of the fundamental frequency.
The second mode of vibration is de-

termined by the width of the crystal
slab measured along the long parallel
surfaces. This is called width vibration.

tal to oscillate?-Quartz crystals have
two modes of vibration-they can bulge
in and out in a direction perpendicular
to their long parallel surfaces, or they
can expand and contract so that the

In addition to these two modes of
vibration and their harmonics, addi-

short parallel surfaces bulge in and out.

more numerous become the resonances

In the so-called thickness mode of vi-

and also the higher the frequency of

bration, pressure waves travel from one
long surface to the opposite surface and

vibration.
Quartz crystals are manufactured to
operate at frequencies of from 50 kHz
to 50 MHz. Special crystals for certain
types of test work may be obtained that
will vibrate at a low frequency of 1000
Hz. A typical circuit for a quartz crystal
oscillator is shown in Fig 25-102.
25.103 Are all quartz crystals cut
on the same axis?-No. Quartz crystals

are reflected back again. For a given
thickness of the crystal slab, the reflected waves arc in phase with the
direct waves and reinforce each other.
This causes standing waves on the surface of the crystal in the long direction.
Under these conditions, it is said the
crystal is at resonance

tional modes of vibration will exist because of the twisting and bending of
the crystal. The thinner the crystal, the
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designed for oscillatory use are cut from

6dB per Octave

the mother crystal at many different
angles to the crystal axis. The axis of
the cut will depend on the type of service the crystal is to render. The axis
of the cut determines the stability, temperature coefficient, and frequency of
oscillation. As no single type of cut will
cover all the different frequency ranges

required, different cuts are used for

f in Hz

dB

10

-40.00

20

60

-33.98
-30.46
-27.96
-26.02
-24.44

70

- 23.10

80

30
40

50

different frequency ranges and types of
service. For frequencies between 300
kHz and 5 MHz, the A -T cut is generally employed; above 5 MHz, the B -T

90

-21.94
-20.92

100

-20.00

cut is used. Type X and Y cuts have
poor temperature coefficients and are

200
300

-13.98
-10.46

400
500
600

- 7.96
- 6.02
- 4.44
- 3.10
- 1.94
- 0.92

not used where a high degree of stability is required. As a rule, the crystal is
cut from selected Brazilian quartz, free

from impurities such as optical twinning, electrical twinning, bubbles, fractures, scratches, and mineral inclusions.
A typical mother quartz crystal is
shown in Fig. 25-103, together with the
different cuts used.

ZERO

4

E MK RAT UK
COLE ICVN
Wool -

REOU(KY
050 0_ AT CRS

700
800

900
1,000

2,000
3,000

+ 6.02
+ 9.54

4,000

8,000
9,000

+12.04
+13.98
+15.56
+16.90
+18.06
+19.08

10,000

+20.00

11,000
12,000
13,000
14,000

+20.83
+21.58
+22.28
+22.92
+23.52
+24.08
+24.61
+25.11
+25.58
+26.02

5,000
6,000
7,000

15,000
16,000
,1

ALTO.<

17,000
18,000
19,000
20,000

Fig. 25-103. Axes of cuts used for quartz

Fig. 25-104. Actual decibel change for

crystals.

a 6 -d8 -per -octave curve.

25.104 Show the relationship be
tween frequency and decibels for a 6 -dB -

watts. - This relationship is shown
graphically in Fig. 25-105A, for a 1-milliwatt reference level. It will be ob-

per -octave curve, using a reference he-

guency of 1000 Hz. -This relationship
is shown in Fig. 25-104. It will be noted
for frequencies of equal increment that
the change in decibels is not exactly 6
dB. Although the differences are small
in some instances, they may have to be
taken into consideration.
25.105 Show graphically the relationship of decibels to power level in

served, each time the level is increased
10 dB, the power level increases 10 dB.
The chart is quite handy in determining
power gains and power losses. For example, if a speaker crossover network
has a 1 -dB insertion loss and is driven
by a 40 -watt power amplifier, how
much power is lost? Following the diagonal line up to the power level of 40
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Fig. 25-1 05 8. 08 versus power in watts. Reference power 6 milliwatts (500 ohms).
watts, the level in decibels is plus 46 dB,

cuit containing resistance and a reactive

as read from the right-hand margin.

element?

The network has a 1 -dB insertion loss.
Moving downward 1 dB on the diagonal
line indicates a power loss of 8 watts.
Thus, to restore the original level to 40

watts, the amplifier must produce 48
watts, whereby for an insertion loss of
0.25 d1.3 the power loss is approximately
3 watts.

For resistance and capacitance:

t = RC
where,

is the time constant in seconds,
It is the resistance in ohms,
C is the capacitance in farads.
t

For resistance and inductance:

A similar graph for a 6-milliwatt reference level is given in Fig 25-105B. It
is used in the same manner as the graph
in Fig. 25-105A.
25.106 What are the equations for

calculating the time constants of a cir-

t=

L

where,

t is the time in seconds,
L is the inductance in henries,
R is the resistance in ohms.
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T is defined as the time it takes to

To calculate the time constant using
other units of measure, the following

charge the capacitor to 63.2 percent of
the maximum voltage. In a circuit containing inductance and resistance, the
time constant is defined as the time it
takes for the current to reach 63.2 percent of its maximum voltage. Rise time
(T5) is the time it takes for the charge
to rise from 10 percent to 90 percent of

terms arc employed:
Seconds equal megohms, microfarads.
Microseconds equal ohms, micro farads.

Microseconds equal megohms, picofarads.

For calculations involving inductance:

its maximum value. Values T and T.

Seconds equal ohms and henries.
Microseconds equal ohms and micro -

can be found simultaneously by the use
of the nomograph in Fig. 25-106A. A

henries.
Microseconds
henries.

equal

straightedge is placed from R,. to L at
their respective values for the RL circuit. Values of T and (Tr) are then
multiplied by 10-. Where Ri. is multiplied by 10", then T and Ti. are multiplied by 10-".

megohms and

In a circuit consisting of only resistance and capacitance the time constant
to
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Fig. 25-106A. Time constant and rise -time nomograph latter Applebaum). (Courtesy,
Electronics and Communications, Canada, and Electronic Industries, USA)
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Fig. 2S -106B. Universal time graph.

Example: Find T and T. for an RL
circuit in which Ri. is 300,000 ohms, and

L is 0.65 henry. With a straightedge
from 30 on the RI. scale to 0.65 on the
L scale, it intersects the T scale at 0.022
and the T. scale at 0.05. Since Ft1, is
multiplied by 10', then T and T. are

multiplied by 10'.
Example: Find T and T. for an RC

through a coil can never actually reach
100 percent, but is considered to be 100
percent after five time constants have
passed. When the voltage is removed,
the capacitor discharges and the current
decays to 63.2 percent of the full value.
These two factors are shown graphically
in Fig. 25-10613. Curve A shows the
voltage across a capacitor when charg-

is 0.015 µF. The straightedge from 25
on the Re scale to 0.015 on the C scale

ing, or the current through an inductance on build-up. Curve B shows the
capacitor voltage when discharging or

intersects T at 0.37 and T. at 0.82. Since

an inductance current decay. It is also

Re was multiplied by 10 and C by 10,

the voltage across the resistor on charge
or discharge.
25.107 Con a low -voltage fuse be
used in a high -voltage circuit if the amperage rating is corrrectT-Low-voltage
fuses should not be used in high -voltage

circuit where Re is 250,000 ohms and C

then T and T. must be multiplied by
Hr. The answers are: T equals 37 microseconds, and T. 82 microseconds.
(See Question 22.74.)

When a de voltage is applied to an
RC or RL circuit, a certain amount of
time is required for the capacitor to
charge or the current to build up to a
portion of the full value. This is termed
the time crnistarit of the circuit. However the time constant is not the time
required for the voltage or current to
reach the full value of the applied voltage. Rather, it is the time required to

reach 63.2 percent of the full vallue.
During the next time constant, the capacitor is charged or the current builds
up to 63.2 percent of the remaining difference of full value, or to 86.5 percent
of the full value. Theoretically, the

charge on a capacitor or the current

circuits because the break distance is
less and arc -over may result. The break
distance is defined as the separation of

the parts supporting the fusible materials. Fuses are constructed of a fast melting alloy and are so designed that
when a given current is exceeded, the
alloy will melt. A fuse has no voltage
limit, except that imposed by the construction and insulation. Heat developed

across the fusible element by the current and the resistance of the alloy

(ill) will blow the fuse when a given
is exceeded. The only factor
important to a fuse is the amount of
current through it.

current
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25-108. Fusing time chart for small glass -type

Fig.

AGC 30
AGC IS

fuses.

(Courtesy, 8ussmann

Mfg. Co.)

Can a high -voltage fuse be
low -voltage circuit if the
amperage rating is correct? - Yes. A
higher -voltage -rated fuse can always
25.108

used

in

a

be used in a low -voltage circuit provided the current -carrying capacity is
correct. Fuses rated at 250 volts may
be used in 6-, 12-, 24-, 32-, or 115 -volt
circuits and 32 -volt fuses may be used
in 6-, 12-, or 24 -volt circuits.
The time/current characteristics for
small glass -type fuses are given in Fig.
25-108.

25.109 What is a parallel -T network?-A resistive and capacitive network consisting of three resistors and
three capacitors, as shown in Fig. 25-109.

Such networks are used in bridge circuits and distortion -meter circuits, as

To illustrate the relationship of capacitance to

resistance

in such net-

works, typical values for a 400 -Hz network are given below:
Cl and C2

C3

RI and R2

R3

0.001

397,885

0.01

0.002
0.02

198,942
19,894

0.05

0.01

39.788
7957

3978

The dip filter described in Question 7.72
is a typical example of a parallel -T type
of attenuator.
25.110 Describe a compactron tube.

-Compactron is a trade name of General Electric given to a Vanillin tube
that houses the elements of four individual tubes in one glass envelope. A
typical tube of this type might house a

well as other devices where an un-

detector diode, audio stage, output pentode, and a rectifier. Similar tubes house

usually sharp null

required. The

a pentagrid section and an rf amplifier

three resistors may be ganged mechan-

stage. A T-9 bulb and a 12 -pin base are

ically to provide a variable frequency

used.

is

range and permit single -dial operation.

The relation of the capacitors and resistors is given:

Cl = C2

C3 = 2C1

RI = R2

R3 =

RI
R2

The null point of a parallel -T network
may

be

considerably

sharpened

by

using a negative feedback loop around
the stages encompassing the network.

Fig. 25-109. A porollel-T network.
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25.1 H How are permanent magnets

charged?

By

passing

a

heavy

direct current through

a coil wound
around the material to be magnetized.
The amount of magnetic energy that
can be stored in a permanent magnet

1639

A more simple method of magnetizing small magnets such as used in meters and similar devices may be accom-

plished by wrapping about 3 feet of
insulated ik-inch copper braid around
the magnet to be charged. Polarity of

is dependent on the volume of the mag-

the magnet is determined by means of a

netic material and the maximum flux
density in the material.

compass, remembering the north indicating end of the compass needle is in
reality a south pole and hence it will be
attracted to the north pole of the mag-

The schematic diagram for a magnet charging device is shown in Fig. 25-111.

The components consist of a step-up
transformer, T1, a rectifier, R, a large
capacitor bank, C, two Ignitron tubes,
VI and V2, and a coupling transformer,
T2,

for coupling to the device to be

magnetized. The circuit shown is commonly known as a stored -energy magnetizer in which the energy is stored
as a charge on a capacitor for supplying a high peak current.
The ac voltage at the primary of Ti
is stepped up by the secondary and rectified. The rectified dc voltage charges
the capacitor hank, C. This actuates the
magnetizer switch which causes ignitron
tube VI to conduct, thus permitting the
capacitor bank to discharge into the

primary of transformer T2. The secondary of T2 is connected directly to
the magnetizing loop wound around or
slipped through the device to be magnetized. Ignitron tube V2 prevents current reversals In the magnetizing loop.

The magnitude of the current in the
secondary of T2 is controlled by the
value of the de voltage applied to the
capacitor bank and the turns ratio of

net.

Next the direction of the current
through the coil must be determined.
This is accomplished by the use of the
right-hand rule. Grasp the coil in the
right hand with the extended thumb
pointing toward the north pole of the
magnet. The four fingers now point in
the direction in which the current must
flow through the coil. Note which end
the current must enter the coil and con-

nect this end to the positive terminals
a storage battery of considerable
ampere -hour rating (100 or greater).
Touching the other end to the negative
terminal once or twice should he sufof

ficient for most purposes.
25.112 What is a discrieninatar?A circuit used in fm radio receivers
for converting the fm signals to audio

frequencies. Discriminators are used in
place of the conventional detector in an
a -m radio receiver. Very often discriminators are used in audio -frequency test

equipment such as a flutter meter, fm
pickups, and disc -recorder cutting -head

calibrating equipment. A typical circuit

transformer T2.
The dc voltage applied to the capacitor bank ranges between 1000 and 3000
volts. The turns ratio of transformer T2
may be varied from 100:1 to 600:1, permitting currents of 40,000 to 200,000

appears in Fig. 25-112A.
The fm signal frequency is converted

amperes to be sent through the magnetizing loop. The capacitor bank for
this particular circuit approximates

of an audio amplifier tube. The response
characteristics of the tuned circuits rise

2000 µF.

to an audio -frequency signal by rectification of the voltage response of two
tuned circuits to the frequency and
impressing the difference on the grid

from a low value, below the resonant
frequency, to a peak at the resonant

Fig. 25.111. A high -power magnet -rho ging circuit.
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Fig. 25-112A A balanced -discriminator circuit.

frequency, and then fall to zero above
the resonant frequency. Thus, a maximum voltage appears across the terminals of the tuned circuit at the resonant frequency. This voltage decreases
as the signal frequency changes above
or below the resonant frequency. (See
Fig. 25-112B.)

oped across RI and R2 are the same,
resulting in a zero output voltage from
the discriminator. At frequencies above

the center frequency, a larger current
flows in the circuit consisting of LI, Cl,

and C3. As a result, a voltage of
greater magnitude is developed across
RI, and the output of the discriminator
RI,

is positive.

At frequencies below the center fre-

quency, a larger current flows in the
circuit consisting of L2, C2, R2, and C4.
The larger voltage is then developed

across resistor R2 and the output signal becomes negative. In this manner.
an audio -frequency signal is obtained
from the high -frequency fm signal. The

Fig. 25-112B. Characteristics of the ditcriminator circuit given in Fig. 25-1I2A.

Coils LI and 1.2 (Fig. 25-112A) are
tuned to frequencies slightly above and

below the i-f of the receiver by slugs
in the coils and capacitors Cl and C2.
When the output signal from the intermediate amplifier is of an instantaneous

positive polarity, the ends of the discriminator secondary coil connected to

the plates of the diodes are positive.
Therefore, the diodes conduct. When the
signal is of negative polarity, the diodes
do not conduct.

The magnitude of the voltages developed across load resistors al and
R2 depends on the frequency of the input signal to the discriminator The cnr-

bottom end of R2 is returned to a negative bias voltage point and is used as
a reference voltage for the audio signal.
During negative half -cycles of the input, capacitors C3 and C4, because of
their low discharge rate relative to the
intermediate frequency, maintain the
voltage developed across resistors RI
and R2, ensuring a distortionless audio
output signal.
rt is customary to precede the discriminator by one or more limiter amplifier stages which remove amplitude
variations from the fin signal. This

stage may he a tube operating as

a

plate and
screen voltage so low that saturation
is obtained with a very small signal
voltage at the control grid.
class -II amplifier with the

25.113

What is a thyratron switchcircuit?-Two type -885 thyratron
tubes connected in a double -ended cir-

ing

rent, shown by the arrows, produces

cuit, as shown in Fig. 25-113. A modified

bucking vnitages across the load resistors and the difference voltage is taken

square wave is applied to the control

from across RI and impressed on the

grid of tube VI, amplified, and then applied through an interstage transformer

control grid of the audio amplifier.
At the center frequency, the response

TI to the control grids of two thyra-

of both circuits is the same and, consequently, the opposed voltages devel-

at the two control grids are of equal

trons, V2 and V3. The signal voltages
amplitude and 180 degrees out of phase.
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OUTPUT

OUTPUT

150

Fig. 25-113. A thyratron switching circuit.

Assume the modified square wave
applied to the control grid of V2 has
a positive instantaneous polarity. Tube
V2 will fire, charging capacitor Cl,
whereas the control grid of V3 becomes
negative. During the second half -cycle,
the voltages at the control grids of V2

and V3 are reversed and V3

fires,

charging capacitor Cl in the opposite
direction.

This action will continue us long as
the signal is maintained at the control
grid of VI. The waveform at the plate
of V2 and V3 is independent of the
waveform applied to the control grid of
VI. The output voltage is taken from
plate load resistors R3 and R4 through
capacitors C2 and C3. Resistors R1 and
R2 are current -limiting resistors to pre-

vent damage to the thyratrons. Such
circuits are used to control servomechanisms and motor circuits.
25.114 How may a glow tube be
used os a fuse indicatorl-By connecting the lamp in series with a current limiting resistor which is in parallel
with the fuse, as shown in Fig. 25-114.
If the fuse is good, it acts as a short
circuit across the glow lamp and the

lamp remains dark. Where the fuse
blows, the circuit potential is applied

to the lamp, causing it to glow, indicating the fuse has blown.
2 5.1 15
What is the relation between decibels, voltage, and powerl--

This relationship, In tabulated form, is
given in Fig. 25-115. The power level in
decibels appears in the first column,
the rms voltage in the second column,

and the power in watts in the third
column. The foregoing values are in
reference to
milliwatt of power in a
1

600 -ohm circuit.
25.116 What is a megger? A small
constant -voltage, hand -cranked gener-

ator manufactured by the James Biddle
Co. and used for measuring the resistance, leakage of audio- and radio -frequency transmission lines, power cables,
generator and motor insulation, transformers, and other electrical and electronic equipment. A typical instrument
is shown in Fig 25-116A.
Basically, the device consists of a
hand -cranked generator, which when
cranked at approximately 160 rpm will
produce 500 volts dc, and a meter calibrated to read directly in ohms similar

to an ohmmeter. An overriding clutch
limits the speed of the armature and,
with the circuit as shown in Fig. 25116B, the voltage is held constant.
Referring to the schematic diagram,

coils A and B are mounted in a fixed
relationship to each other and on 3
moving system, which is pivoted in

GLOW LAMP

spring -supported jewel bearings. The

moving system carries a pointer and
a balancing weight, and is free to rotate through about 70 degrees in a

rust
OUT

ON

Fig.

2 5-1 1 4.

A

fuse -indicator

using a glow lamp.

permanent magnetic field. A C -shaped
iron core, C, is mounted in a fixed poscircuit

ition coaxial with the moving system
and forms an important part of the
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ohmmeter magnetic circuit. There are
no control springs such as are used in
the conventional voltmeter or ammeter.
Current is fed to the coils by lead-in

spirals which offer only slight resistance.

REFER-

Coil B is also connected across the current supply in series with fixed resistor

REFER-

ENCE
LEVEL
.001 w.
in 6001/

Coil A is connected across the cur-

rent supply in series with the resistance under test and fixed ballast resistor RI. It is called the current coil.

ENCE
LEVEL
.001 w.

Decibels

Volts
ruts

Watts

- 20

.07746

.000010

16

4.8873

-19
-18
-17
-16

0.03981

.08691

.0000126

17

5.4838

0.05012

.09752

.0000158

18

6.1531

0.06310

.10949

.0000199

19

6 9036

0.07943

.12275

.0000251

20

7.7460

0.10000

-15
-14
-13
-12

.13773

.0000316

+21

8.6913

0.12589

.15454

.0000398

22

9.7519

0.1585

.17323

.0000501

23

10.949

0.1995

.19458

.0000631

24

12 275

0.2512

-11

21830

.0000794

25

13.773

0.3162

- 10

.24495

.0001000

26

15.454

0.3981

.27485

.0001259

27

17.323

0.5012

.30838

.0001585

28

19.458

0.6310

.34742

.0001995

29

21.830

0.7943

.38823

.0002512

30

24.495

1.0000

.43557

.0003162

+ 31

27.485

1.2589

.48873

.0003981

32

30.838

1.5849

.54838

.0005012

33

34.742

1.9953

.61531

.0006310

34

38.823

2.5119

-- 1

.69036

.0007913

35

43.557

3.1623

0

.77460

.0010000
36

48.873

3.9811

.86913

.001259

37

54.838

5.0119

.97519

.001585

38

61.531

6.3096

-9
-8
-7
-6
-5
-4
-3
-2

+1
2

in 60011

Volts

Decibels

rats

Watts

3

1.0949

.001995

39

69.036

4

12275

.002512

40

77.460

10.000

5

1.3773

.003162

86.91

12.58

6

1 5454

.003981

42

97.51

15.84

7

1.7323

.095012

43

109.49

19.95

8

1.9458

.006310

44

122.75

25.11

9

2.1830

.007943

45

137.73

31.62

10

2.4495

0.01000

46

154.54

39.81

+41

7.9433

2.7485

0.01259

47

173.23

50.11

12

3.0838

0.01585

48

194.58

G3.09

13

3.4742

0.01995

49

21830

79.43

14

3.8823

0.02512

50

244 95

100.00

15

4.3557

0.03162

+ 11

Fig. 25-115. Decibels, ems voltages, and watts.
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Fig. 25-116A. A megger manufactured by the James G. Biddle Co.

GUARD

SCALE SELECTOR
SWITCH

Fig. 25-116/3. Schematic diagram of the megger pictured in Fig. 25-116A. The resistance to be measured is connected between the line and earth terminals.

R and is called the potential coil. Coils
A and B are so connected that when
current is supplied they develop oppos-

ing torques and tend to turn the moving
system

in

opposite

directions.

The

pointer assumes a position where the
two torques balance.

25-116D. C
ions for testing
the insulation resistance of one wire in a
multicanductor cable against all other
wires and the sheath.
Fig.

Fig. 25-116C. Use of the guard connection on the megger to eliminate the ef-

fect of leakage to ground.

When the megger is operated with
either a perfect insulator or is open
between the line and ground terminal,
no current will flow in the deflecting
coil A. However, coil B receives current

from the generator and will position
itself opposite the gap in the C -shaped

iron core, C. This is the infinity calibration point on the meter scale.
When a resistance is connected across

the terminals, current will flow in coil
A and the corresponding torque will
draw the control coil B away from
the infinity calibration position into a
field of gradually increasing magnetic
strength until a balance is obtained be-
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tween the forces acting on the two coils.
Thus, control coil 13 acts as a retaining
spring. The scale calibrations are inde-

0153

NO0 AMPS

FROM

pendent of the generator voltage because the two coils receive current from
the same source (the generator) and
any change in the generator voltage will
affect both coils in the same proportion.
Such instruments may be obtained with
internal voltages up to 2500 volts.

H

.--M16157
RECTIFIER

Fig. 25-117A. A 400 -ampere, low-pass
Filter for removing arc -lamp whistle.
of the

rectifier or by the generator

commutator. If the rectified voltage is
from a three-phase source, the acoustically radiated frequency is the second

harmonic of 360 Hz, or 720 Hz. If the
rectified voltage is 60 Hz, the ripple
frequency is 120 Hz.
This annoying acoustical interference can be eliminated in two ways.
In the instance of the rectifier a lowpass, brute -force filter, shown in Fig.
25-117A, is connected in the supply
line at the rectifier. It will be noted the
Fig. 2 5-1 1 6E. Connections for m

ing

the insulation resistance between a high and low -voltage transformer winding
without being affected by leakage to

ground. Note the use of the guard connection.

inductance required is quite small, but

must be capable of carrying at least
10 percent more current than the full load current. The filter shown was designed for use with a 400 -ampere rectifier at 120 volts dc.

The methods of connecting the megger to a power cable, transmission line,
and transformer for measuring leakage
resistance to ground are shown in Figs.
25-116C to E. The instrument pictured
has two resistance ranges: 200 megohms

and 20 megohms. It will permit the
measurement of insulation resistance to
as low as 1000 ohms. The guard connection prevents errors due to leakage
internally or externally between the
positive and ground sides of the megger. Such leakage is caused by moisture
or dirt between the terminals. The

guard circuit offers

a

low -resistance

leakage current directly to
ground without passing through the
deflecting coil of the ohmmeter. The
resistance coils and other elements of
path for

the instrument are mounted on the
guard -circuit supports inside the case.
25.117

What causes an arc lamp

120V0C

soon

120000F

.

CO 150VDC

2COW

Fig. 25-1178. Capacitor bank for removing arc -lamp whistle.
remove

To

generator

commutator

ripple will require at least 10,000 jA1'
and

preferably

20,000

jaF,

connected

directly across the output terminals of
the generator. In addition, at the end

of the supply line an additional filter
of 10,000 par is connected at each arc
lamp. These units are portable and
connected as required. It will be noted
that because of the danger of serious
injury from these capacitor banks when
charged, a 500 -ohm 200 -watt resistor
is connected permanently across the
bank to discharge it when it is discon-

operated from rectified oc to whistle
acoustically, and how can this be climinatedt-Carbon-arc lamps used on motion picture sets are generally supplied

nected.

from a source of rectified ac or from
a dc generator. A singing noise is

capacitor values given arc the mini-

sometimes

radiated

acoustically

and

picked up by the microphone. This
noise is caused by the ripple frequency

The capacitor banks consist of bakelite-encased 150-Vdc electrolytic capacitors mounted in a wooden box. The

mum and may be increased if desired.
(See Question 3.46.)
25./18 What is the time duration
per cycle for frequencies between 10 Hz
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and 20 MH:1-The time

in microseconds, milliseconds, and seconds is

1/400, or 0.0025 second. The relationship
of milliseconds to microseconds and

given in the table below.

vice versa is shown graphically in Figs.
25-118A and 13 for ready reference, with

Freq.
1.0 Hz
10 Hz
50 Hz
100 Hz
200 Hz
500 Hz
1 kHz

Microseconds

Milliseconds

1,000,000
100,000
20,000
10,000
5000
2000
1000
500
200

1000
100
20

2 kHz
5 kHz
100
10 kHz
20 kHz 50
50 kHz 20
100 kHz 10
200 kHz 5
500 kHz 2
1.0
1 MHz
0.5
2 MHz
0.2
S MHz
10 MHz 0.10
20 MHz 0.05

milliseconds to seconds shown in Fig.
Seconds

25-118C.
25.119 How may the balance of a
d'Arsonval meter movement be checked?

1.0
0.10
0.02
0.01
0.005
0.002
0.001
0.0005
0.0002
0.0001
0.00005
0.00002
0.00001

10
5
2

1.0
0.5

0.2
0.1

0.05
0.02
0.01

0.005
0.002
0.001
0.0005

0.0002
0.0001
0.00005

-Lay the meter flat on its back and
note whether the pointer coincides with
the zero calibration mark. If not, adjust
the set screw on the front of the meter
to bring the pointer to zero. If the me -

ter hand is bent, it must be straight ened before this adjustment is made.
Next, place the meter in an upright
positiou and turn it until the pointer

in a vertical direction or position.
If the pointer does not zero, the horizontal balance weight needs adjust merit. Now, continue to hold the meter
in an upright position and rotate it,
is

0.000005
0.000002
0.000001
0.0000005
0.0000002
0.0000001
0.00000005

either clockwise or counterclockwise,

until the pointer is horizontal. If the
pointer does not zero in the horizontal
position, the tail weight on the pointer
needs adjustment.
25.120 How is the maximum sole

The time period equals 1/f. Thus, the
time period for 1 cycle of 400 Hz is

capacitance calculated for connection

10

01

3
J

001

C001
10

10

10

100

micitosEconos

Fig. 25-11 BA. Conversion chart, milliseconds to microseconds.

1000
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1000

100

se

10

10

01
102

104

PO 3

106

PO

M IC ROSECONDS

Fig. 25-718B Conversion chart, milliseconds to microseconds.

1.0

0)O

0
U

.01

a-

001
10

100

10

1000

iSECONOS

Fig. 25-118C. Conversion chart, seconds to milliseconds.
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between a power line and the chassis
of o piece of electrical equipment?-To
meet the Underwriters' specifications, it
may be calculated:
800

C (single phase)

C (three-phase)
where,

1647

prevented?-The inner and outer surfaces of the cases can be wiped with a
detergent used for washing dishes, or
with one of several antistatic solutions
developed for this purpose. Meters of
recent manufacture have antistatic
Covers.

SOO

-FXE

25.124

What

is

electrolysis

and

whet is its cousel-Electrolysis is de-

C is the capacitance in µF,
F is the frequency of the power
source.

E is the voltage of the power source
25.121 What is a synchroscope?A special type cathode-ray oscilloscope

designed for the precise study of periodic and nonperiodic pulses such as
are found in radar circuits. The name
is derived from the fact the horizontal
sweep is generated only when a syn-

fined as the process of chemical decomposition caused by the influence of
electricity. Electrolysis is caused by the
leakage of electricity in the earth, setting up a chemical action leading to the
decomposition of protective sheaths on
cables, pipes, rails, and other metallic

chronizing signal is present. The sweep

objects buried in the earth. The principa: cause of electrolysis is the presence of stray currents from power,
direct -current arc light, and electrical
railway systems Little damage is

is made variable and calibrated in mi-

caused

for measurement of the
pulse length.
25.122 Define the right-hand rule.

croseconds

-The right-hand rule is a method devised for determining the direction of a
magnetic

field

around

a

conductor

carrying a direct current. The conduc-

tor is grasped in the right hand with

by the alternating currents
through the earth.
Damage from electrolysis Is, as a
rule, due to direct current from street
railway systems causing stray currents
from the trolley car through the ground

and back to the generator. The area
covered by the stray currents varies
with the car movement as it travels to

the thumb extended along the conductor as shown in Fig. 25-122. The thumb

points in the direction of the current.
If the fingers are partly closed as
shown, the finger tips will point in the
direction of the magnetic field.
Maxwell's rule states: If the direction of travel of a right-handed corkscrew represents the direction of the
current in a straight conductor, the dithe corkscrew
will represent the direction of the magnetic lines of force.
rection of rotation of

25.723 How con the formation of
static charges on plastic meter cases be

Fig. 25.122. The right-hand rule for determining the direction of a magnetic
field around a conductor in which direct
current is flowing.
TROLLEY lenRf

DC

Noamat. now

GENERATOR

or

AREA

CURRENT

jrRAt
ARFL

-AREA

Fig. 25-124. Stray current between a street railway system and pipe or cable buried
in the earth.
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and from the generator end. If cables or

pipes arc in the path of the stray cur-

arc replaced with impedances equal to
the internal impedances of the gen-

rents, the currents will flow through
the pipes rather than the ground be-

erators.
25.126

cause of lower resistance.
Tests indicate that the rails are positive to the pipes in the positive area of
the pipes, and the current alternates in

for the solution of capacitor problems?
Two capacitors in series:

What are the equations used

the neutral areas. The pipes are positive in the negative areas. This latter
point is where the stray currents leave
the cable and return to the rails. It is
also the area where the greatest damage occurs.
Electrolysis also attacks aerial ca-

C.-1
10°X

2wfE

Three or more capacitors in series:

back

to

Thevenin's theorem is a method used
for reducing complicated networks to a
simple circuit consisting of a voltage
source and a series impedance. The
theorem is applicable to both ac and
de circuits under steady-state conditions.

The theorem states: The current in
a terminating impedance connected to
any network is the same as if the net-

work were replaced by

generator
with a voltage equal to the open -circuit
a

voltage of the network, and whose impedance Ls the impedance seen by the
termination looking back into the net-

work. All generators in the network

1

1

1

CI

CI

CI

Capacitors in parallel:
C,

C., -,- Ca+

C,

.

where,

C, is the total capacitance,
C. is an unknown capacitance.
25.127 What are the equations used
for the solution of resistance problems?
Two resistances in parallel:

Rg x R.

+

B. _

R, X IL

R, -R,

Three or more resistors in parallel:
Rg _

1
1

I

Ft, -

R.

1

Re. .

.

Resistors in series:

ground through the neutral

wire. Grounding systems are discussed
in Section 24.
25.125 State Therenin's theorem.

1

-

C,

only solution to the problem of elec-

Gas pipes should never be used for
ground connections because an insulated coupling is generally used at the
meter. Also, the thread -sealing compound acts as an insulator. If a water
pipe is used for a ground connection,
a heavy copper strap should be connected around the meter to make good
connection to the feed pipe.
Sound installation grounds must not
be connected to a neutral wire or
ground connection for the lighting system, because of the ac potential developed by leakage current and current

CI X Ca
C,

C.-

bles, causing crystallization of the lead
sheath and, ultimately, damage to the
cable pairs contained in the sheath. The
trolysis is to ground all equipment,
conduits, pipes, and circuits where
practical. Fig. 25-124 illustrates how
stray currents flow outward from a
railway generator station, through
pipes buried in the ground, and back to
the generator again.

Cs X CI

C

R, = R, + R. +

R3 .

where,

R, is the total resistance,
R. is an unknown resistance.
25.128 What arc the equations
for the solution of inductance

used

problems?

Inductors in series, with multiple coupling zero:
L,

L, + Ls+ L3 4

= 2I'
rf
Two inductors in parallel:
Lg

x L2
+

L2

L., -

L2

_LXL.
L.
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Three or more inductors ir parallel:

The values of C are expressed in farads,

1

off in Hz, and of R in ohms.

1

1

25.133

+17.64.17.+
where,

L, is the total inductance,
is the unknown inductance.

25./29 What are the equations
used for the solution of resonant -circuit
problems?

F =

X,.

1

2.ff \ire

2trCX.

Ki

1

2rf

(2irf)T

2rfX.
XL= 2rfL

(2r01.,

percent, or a change of 90 percent down

from the original value. Values of percentage may be determined by revers-

X.= 2srfC
1

ing the procedure.

Z=RwhenXi.=X.
where,

F is the frequency,
L is the inductance,
C is the capacitance,
X,. is the inductive reactance,
X. is the capacitive reactance.
Z is the impedance,
R is the dc resistance.

25./30 Whot is the equation for
calculating the Q of a capacitor?

Q = 2riCH -tan I.

PF

where,

F is the frequency,
C is the value of capacitance,
R is the internal resistance of the
capacitance,

PF is the power factor.
25.131

Is the inductance of a coil

affected by the type of wire used for its

constructionl-No: the inductance will
not be affected, regardless of the type
of wire employed, for a given number
of turns and other factors. However, the

Q of the coil will be governed by the
ohmic

resistance of

What is a percentage change

chart?-A chart as shown in Fig. 25-133
for converting percentage change of
voltage, current, power, resistance, and
impedance to decibels, or vice versa. To
illustrate how the chart is used, suppose
it is desired to find the percentage
change for a loss of 6 dB. Using the
100 -percent point to represent the orig-

inal value of voltage, follow the 6 -dB
line at the right to where it intercepts
the diagonal line, then read downward
to 50 percent. For a change of 20 d13,
the percentage of the voltage left is 10

27,1.

1

C

equals II,C,; "n" is a positive multiplier.

the wire.

Coils

wound with silver or gold wire have the
highest Q for a given design.
25.132 What are network transfer

functions?-They are the ratio of the
input to output voltage for a given type
of network containing resistive and reactive elements. The transfer functions
for networks consisting of resistance

The chart is also useful in determining the percentage of modulation for a
light modulator relative to a given deflection. The level of the harmonics for
a given amount of percentage of distortion may be found by entering the chart
at the percentage of distortion and following it upward to the diagonal line.
The level in decibels is read from the
vertical margin.

Example: What is the level of the
harmonics for a percentage of distortion
of 1.5 percent? Answer: 38.5 dB below
the fundamental frequency. If the problem is one involving power, the answer

is divided by 2. Thus, a change of 50
percent in power is equal to a change
in level of 3 dB.
25.134 Define the term "waveform
in quadrature."-It is the phase relationship between two periodic quantities of the same period when the phase
difference between them is 90 degrees or

one -quarter of a period. This may be
seen by referring to Fig. 25-134. Here
are seen two waveforms of the same
frequency, but one -quarter period or 90
degrees apart. The displacement is taken
at the peak of the waveform.
25.135 What are the equations for
converting Fahrenheit to centigrade, and
vice versa?
32) >:

Degrees("

9

and capacitance are given in Fig. 25-132.

Degrees F =

(:

t..; 9
.

32

The expressions for the transfer func-

tions of the networks are: A equals
6.28f; B equals RC; C equals R,C,; D

How may the temperature
a generator or motor be mea-

25.136
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Fig. 25-133. Decibel/percentage ratio chart. Add 20 dB for each decade below
100 percent.

surce-Internal temperature rise of a
motor or generator is measured by measuring the resistance of either the field
or armature windings of the machine.
If the temperature rise of a dc generator is to be measured, it is done in
the following manner: Two convenient

segments of the commutator are selected and marked for identification.
The brushes are removed and, while
the machine is cold, the resistance of
the armature winding between the two
commutator bars is accurately measured with a resistance bridge. The
brushes are then replaced and the machine operated at its rated load and
duty cycle. A thermometer is taped to
the outside case and the machine run
until the temperature stabilizes. The
resistance of the previously identified
winding is then measured. From these
tests, the temperature rise may be computed:
T. =

R,

(2343 + T,) - 234.5

where,

T, (in degrees centigrade) is the measurement of the temperature at the
time the first resistance measurement (R,) was taken,
T: is the temperature in degrees cen-

tigrade at the time the second resistance
made.

measurement

(R:)

was

Fig. 25-134. Waveforms in quadrature.
The displacement is measured from peak
to peak.

3. The inductance increases as the
cross-sectional area of the core material
is increased.
4. The inductance is increased as the
length of the winding is increased.
25.138 When is the maximum voltage induced in a conductor moving in a
magnetic field?-The voltage is propor-

tional to the number of magnetic lines
of force cut by the conductor moving
in the field. A conductor moving parallel to the lines of force cuts no lines
of force; therefore, no current is generated in the conductor. A conductor
moving at right angles to the lines of
force will cut the maximum number of
lines per inch per second; therefore, the
voltage will be at the maximum.
A conductor moving at any angle to
the lines of force cuts a number of lines
of force proportional to the sine of the

The value 234.5 is a constant.
25.137 What is the relationship of

angles. Thus:

the turns in a coil to its inductance?
1. The inductance is proportional to

where,

the square of the turns.
2. The inductance is increased as the
permeability of the core material is
increased.

E=BxLXVXsinOxlir
L is the length of the conductor in
centimeters,

is the velocity in centimeters per

second of the conductor moving at
an angle 0,
B is the flux density.
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The direction of the induced emf is in
the direction in which the axis of a

graphically the current -carrying

right-hand screw, when turned with

nesses of a printed circuit.
25.14/ What is a ferroresonant circuitT-A circuit used in computers containing only resistance, capacitance, and
inductance. It is designed to perform as
an amplifier, trigger, switch, flip-flop,
gate, or oscillator.
25./42 What is an electrometerTAn advanced form of dc vacuum -tube
voltmeter with an extremely high input
impedance. The input impedance of an
electrometer is usually around 10' megohms, as compared with the input of 2
to 10 megohms of the conventional vacuum -tube voltmeter. Standard vacuum tube voltmeters are not satisfactory for
electrometer use because of the low input resistance between the control grid
and cathode circuits.
An electrometer can be used for

the velocity vector, moves through the
smallest angle toward the flux density
vector. This is called the right-hand
rule. (See Question 25.122.)
25.139 What is an electronic sound

absorber?-An electronic device devel-

oped by Dr. Harry F. Olson of RCA
Acoustical Research Laboratory in 1954,
with further development by J. C.
Bleazy in 1962. Sound waves generated
by noise are turned back against them-

selves and reduce the intensity of the
original noise from 10 to 25 dB. Counter
waveforms reduce the noise waveforms
or cancel them entirely.

The electronic sound absorber consists of three elements: an electronic
microphone

(described

in

Question

4.69), an amplifier, and a specially designed speaker unit. In operation, the
microphone picks up the noise and reacts instantaneously to pressure changes,
and then translates these pressure

changes into electrical impulses which
are then amplified. The impulses emerge

ca-

pacities for different widths and thick-

measuring currents of 10-" microamperes and in circuits which require
practically zero current drain.
25.143

What is

a

sound -powered

telophonel- A telephone transmitter
which requires no external source of

from the speaker directly behind the

power. The acoustic waves impinging

microphone as counter waves of equal
and opposite pressure. The effect within
a few feet of the speaker is a substantial
leveling of the changes in air pressure
hence, a reduction or elimination of
the oncoming sound.
25./40 Mow is the current -carrying
capacity of heater wiring calculated for
a printed circuit?-The current -carrying
rapacity is based on the cross-sectional
area as for wire. Fig. 25-140 shows

on the diaphragm of the transmitter
cause a small armature attached to the
diaphragm to move in a coil placed in
a magnetic field. The movement of the
armature generates currents which have
the same frequency as the sound waves
striking the diaphragm. These currents
are sent over a wire to a receiver which
is constructed in a similar manner.
The received currents cause the armature to move in the magnetic field.

Moving the armature in the magnetic
field causes acoustic waveforms to be
generated which, in turn, are heard by

40

the listener. 'Thus, a single unit may be

used for both transmitting and receiv-

30

ing. A cross-section of a typical sound powered telephone is shown in Fig. 25-

20

143.

z

Sound -powered telephones are also

ty

d ,0

constructed using the principle of a
dynamic speaker, whereby a small voice
coil is suspended from the diaphragm
in a strong magnetic field. As in the

0

armature type, a single unit is used for
PRINTED USE VONli
irrOCS

25-140. Currentcarrying capacity
for printed circuits. Values are based on

Fig

the resistance of printed wiring at 20°C

for 100% conductivity copper.

both transmitting and receiving. The
average output voltage when transmitting is from 20 to 30 millivolts.
25.110 Give the nomenclature for
identifying vacuum tubes.-Tube types
and numbers are divided into four
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music. Portamento is required to
supply a smooth gliding effect between
tones and is achieved at various speeds
and in various waveforms. Vibrato is a
cyclic pulsating effect adding warmth
and beauty to a tone. Rocking the finger
to

DiAPPRAGM

.
L-11

-1

PERMANENT
MAGNETS
ARMATURE

on a string of an instrument produces

Fig. 25-143. Cross-sectional view of an

this effect. Synthetically, it is produced
by modulating either the frequency or
amplitude. Tremolo is the rapid fluttering of a tone or chord without apparent

armature -type, sound -powered telephone.

break and

OUTPUT

parts. The first part consists of one or
more digits and designates the heater
or filament voltage. Following the digit(s), one or more letters designate the
type or function of the tube. Then, a
number designates the number of elements. The final letter or letters designate the envelope size or construction.
A typical example is the 12AX7A
tube, a high -mu twin diode requiting a
heater voltage of 12.6 volts, and which
is an amplifier with seven useful elements. The final letter designates those
designed for military use, or a special
base or construction.
Originally, rectifier tubes used only
the letters U and Z; however, this is no
longer true, as present-day tubes use
no less than eleven different letters of
the alphabet. The letter "G" indicates
that the tube employs a glass envelope.
25.145

Describe the basic principles

of electronic musical instruments.-The
musical engineer is confronted with two
types of musical electronics: (1) musi-

cal amplification of the natural instrument, and (2) music created primarily
with electronic circuitry. A third category might be considered a combination
of the two, such as the amplification of
the primary tones created by the instrument, with electronically added embellishments that were not present in the
original produced tones.

Electronic music must approach

a

tonal quality pleasing to the human car,

with attention given to the frequency,
intensity, waveform, and timing. Such
music is often referred to as "synthetic
music." Usually oscillators are used to
provide the required frequencies in the
form of a pure sine wave; harmonics
are added to form a complex waveshape
and produce timbre in the tone. Growth,
duration, and decay time lend a natural

quality to the tone. Variations in loudness provide the dynamics or expression

is

produced by

a

cyclic

change in intensity.
The electronic carillon might well be
used as a basic example of musical amplification. Here the operator makes use
of a keyboard to actuate hammers
(usually metal to similate bell tones) to

strike the vibrating member. The resultant sound is electrostatically or
electromagnetically picked, sip amplified, and fed to speakers. Another form
uses an electromagnetic mechanism to
strike the vibrators. The amplifier may
be in a remote position or near the key-

board, but it must be capable of producing

considerable

power to

feed

heavy-duty multiple speakers arranged
for the desired distribution.
The theremin is an electronic instrument named for its inventor, Dr. Leon

Theramin, and has tone qualities distinctive to itself. The device consists of
two rf oscillators which operate similar
to the heat -frequency oscillators described in Question 22.51. A free movement of the musician's hands in a space
surrounding a tone rod changes the
pitch and volume by altering the capacitance of a third oscillator whose output
is rectified and used as a bias control on
the amplifier feeding the speaker.
Amplifiers used for guitars may well
be considered a combination of the natural and synthetic music, as they make

use of the vibrations generated in the
strings by the performer, and provide a
means of adding tremelo, vibrato, and
reverberation. Earlier amplifier systems
usually consisted of a pickup mounted

in contact with the bridge to pick up
the vibrations; however, this arrangement often picked up unwanted sounds
such as the rubbing of the instrument
by clothing. Today magnetic pickups
responding only to the motion of the
metal strings in a magnetic field are
used. A coil around a permanent magnet is placed under each string, and the
physical motion of the string is that of
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a conductor moving in a magnetic field.
Other models make use of a single, long,
fiat coil in a metal -shielded case

clamped to the guitar. Where individual
coils are used for each string, they may

be connected in series or in parallel.
The signal is fed to the preamplifier
through a low -capacitance shielded
coaxial line. High- and low-pass filters
are used to alter the bass response.
Tremolo may be accomplished by vary-

ing the bias on an amplifier stage with
a

low -frequency

variable

oscillator.

Vibrato may be achieved electronically
by means of phase -shift circuitry, but
most often a mechanical lever action of

the tailpiece of the guitar is used to
alter the tension on the strings, thereby

Fig.

25-145A. Electra -Voice
electronic organ.

Series -D

changing the frequency of the chord
slightly. Both mechanical and time -de-

lay networks are used to add reverberation. Power amplifiers and speakers

complete the circuitry.

organs have come into
wide use and are used frequently in
Electronic

studio production work. Several designs

are used. On design makes use of a
scalloped edge otating in a flux supplied by a permanent magnet which is
inserted in a coil. Undulations of the
disc produce a change in flux, resulting
in an alternating voltage. The output of
this generator is then amplified and fed
to a speaker. Oscillator circuits instead
of a tone wheel are widely used to generate the tone. Other designs make use
of air -driven reeds with electrostatic
pickups, while yet another design employs electrostatic generators.

Of interest is the Electro-Voice Se-

ries D organ (Fig. 25-145A), which
makes use of stators and scanners to
reproduce the actual sounds created by
the pipes of selected organs with regard
to their timbre. This organ is based on
the work of Dr. Jean Dereau, a French
physicist, who developed an ingenious
method of visually translating the com-

plex waveforms to the stator plates.
Twelve pairs of these plates are used on
each organ generator. When the organ-

ist selects a tab and depresses a key, a
single waveform area on one stator is
electrostatically charged. The scanner
operating in the charged area generates
vibrations by changes in capacitance
and when these vibrations are amplified

accurately, they recreate the original
sound of the organ, without embellish -

Fig. 25-1458. Rear interior view of Electra -Voice Series -0 electronic organ.
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ments or mixing. A rear view of the

the reeds, horns, and percussions. Some

console is shown in Fig. 25-145B, and

of the problems have been to maintain

the tone generators are shown in Fig.
25-145C. A massive 30 -inch dynamic
speaker is used to realistically reproduce the 16 hertz of the 32 -foot low C.

the instrument in their natural form

Other speakers, midrange and very high

frequency horns, provide reproduction
beyond the range of audibility.
The electronic piano has no sound
board, but does use the usual keyboard.
String vibrations are converted into
electrical voltages which are picked up
and amplified in a manner similar to

and not to create just another electronic
device. Jean Selmer of Henri Selmer et
Cie, Paris, experimented with the saxophone, and determined that the microphone should be placed within the saxophone, but found that the proper positioning within the bell of the instrument
was critical. Working in conjunction
with Electra -Voice. Jean Selmer developed a ceramic pressure -sensitive mi-

that of the guitar. These instruments

crophone along with its electronic circuitry, which added tremolo, reverber-

are often used in studios by composers.

ation, and a suboctave effect termed the

who are required to work in relatively
quiet areas, where the output may he
tape recorded and played hack over

"Octamatic." The resultant interplay of

headphones or speakers for analysis and

plification must be capable of heavy

editing. A synthesizer, developed by
Robert Moog, offers ultramodern facilities available to the composer, where
multiple parts may be prerecorded and

power requirements, up to 100 watts of
output. Speakers are selected for the
ranges of the instruments involved, and
some instruments may use multiple

fed through a computer into a mixing
center and reproduced for analysis of

speaker systems.
25.146 What is the difference be-

the composition. Much valuable time is
conserved when the composer has such
equipment available.
to

tween a linen, and a nonlinear curve or
response?-Three curves are shown in
Fig. 25-146. Curve (a)
that is, if the input (the vertical figures)
is increased 25 percent, the output (the
figures along the bottom of the graph)
increases in the same proportion. Such

cost of such facilities, few have been
established.

Other amplification systems have
been developed for such instruments as

sounds approaches that of a duet.
The amplifiers used for musical am-

a relationship between the input and
output of a device is said to be linear
and appears as a straight line when
plotted.

Curve (b) is a nonlinear curve. It
will be noted this curve has no straight
portion, but is constantly changing. For
an increase of 25 percent at the input
(vertical figures) the output voltage
does not increase in the same proportion. This is also true for other values
of input voltage.
Curve (c) shows another type of
nonlinear operation. It is similar to that
of a vacuum -tube characteristic curve.
It will be noted there Is a curvature at
both the top and the bottom and, also,
that near the center the slope is fairly
flat. A dotted line has been drawn in
to indicate what would be called the
straight-line portion of the curve. If
this represents the characteristic curve

of a vacuum tube, the negative bias
voltage would be adjusted to center the
Fig. 25-145C. Rear interior view of flcctroVoice electronic organ with tone gen-

operating point in the flattest portion
of the center part of the curve. The

erators removed.

tube would not be permitted to operate
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Fig. 25-1478. Bell Telephone Laboratories Ferreed relay, showing the coils and
the Remendur magnet. The actual size
of
the
relay
is
X 0.150 inch.
(Courtesy, Bell Telephone Laboratories
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(c) Nonlinear.
Fig.

25-146.

Linear

and

Record)
nonlinear

curves.

that the contact is open or closed in response to pulses of current in the X and

beyond this portion. This would result
in the 25- and 75 -percent points being
the same distance apart, producing a
linear output voltage.

Y leads. For the closed state shown,

25./47 Describe a reed relay. -Reed
relays were developed by the Bell Tele-

phone Laboratories in 1960 for use in
the Bell System central offices. The device

(Fig. 25-147A)

consists of two

magnetic reeds in a glass capsule with
a nitrogen atmosphere. The glass envelope is surrounded by an electromagnetic coil connected to a control circuit.
Although originally developed for the
telephone company, such devices have
found many uses in the electronics industry.

Fig. 25-147B shows the concept of
the Ferreed relay in a simplified form.
Windings around the glass envelope enclosed reed are arranged in such a way

3
Fig. 25-147A. Reed relay encased in an
envelope of gloss, filled with nitrogen.
Contact capacitance is 0.1125 picofarad.
(Courtesy, Bell Telephone Laboratories I

simultaneous pulses in both the X and
Y leads effectively cause the Remendur
to become one magnet. The two reeds
are now magnetically attracted and the
contact closed. To open, a pulse is applied to either the X or the Y winding,
and effectively divides the Remendur
into two magnets at the magnetic shunt
plate. Since the ends of the Remendur

are both north (or both south) poles
they repel each other and the contact is
opened.

Remendur is a cobalt -iron -vanadium
alloy, developed by Bell Telephone Lab-

oratories, with a square hysteresis loop
with values of coercive force between
those of soft magnetic material and permanent magnet. The reed may be closed
in 1,7 millisecond and has an intereapac-

itance of 0.1125 picofarads and an ac
contact resistance of 50 milliohms. The
advantages of such relays are their low
internal capacitance, low contact resistance, and speed of operation.

Reed relays are also manufactured
without the magnet and when the coils

are energized, the reed snaps closed.
The coil actuation is limited to low de
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peak = 1.57 x average voltage
0.637 X peak voltage
average
average = 0.9 x rms voltage
peak -to -peak - rms x 2.828
rms = peak -to -peak x 0.3535

ripple current. However, an ac control
voltage may be used in conjunction
with a diode and filter capacitor. Depending on the design, the reeds will
follow an ac coil input or dc pulses up to
400 Hz, provided the time on does not
exceed 50 percent. Because of the fast
action of the reed relays, they are ideal
for use with semiconductor devices.

Effective voltage equals the rms voltage. Root mean square (rms) is defined
as the square root of the average of the
squares over a given angle.
25.150 What are the basic design
principles used in dc relays and how arc

Coils range from 1700 turns to 30.000

turns, with a de resistance of 100 to
10,000 ohms. Operating voltages range
from 6 to 110 volts. Up to three internal
contacts are available; thus, single -pole,
double -throw action can be obtained.
The relays may be obtained with dry or
wetted contacts and will withstand
shock up to about 40 g's, without false
operation. Typical contact ratings are:
15 volt-amperes, 1 -ampere switching,
and 3 amperes carry.
25.118 Define the term "random
noise."-lt is the noise generated within
a vacuum tube or transistor or by
means of a random -noise generator. In

they classified?-Basically, there are
two types of relays: ac and de. A relay
is an electrically operated switch connected to or actuated by a remote circuit. The relay causes a second circuit
or group of circuits to operate. The relay may have any number of circuits
connected to it. These circuits may con-

sist of motors, bells, lights, etc., or the
relay may be nsed to switch a number
of other circuits.
Regardless of whether the relay is
ac or de, it will consist of an actuating
coil, core, armature, and a group of contact springs which are connected to the

a vacuum tube
the noise increases
somewhat uniformly with frequency.
However, in a transistor the noise decreases with frequency up to a point

circuit or circuits to be controlled. Associated with the armature arc mechanical adjustments and springs. The me-

quite rapidly.
However, today's transistors have noise
factors that equal those of the quietest
vacuum tube and are even less in some
and then

again

rises

instances.
Random -noise

generators

as

chanical arrangement of the contacts
may be such that when the relay is at
rest, certain circuits are either open or
closed. If the circuits are closed when
the relay is at rest, the relay is said to
he normally closed. If the circuits are

de-

scribed in Question 22.56 are used in
making tests on speakers, for the measurement of acoustic characteristics of
auditoriums. and for many other different types of testing.
25.149 What is the mathematical
relationship of rms, peek-to.peok, and
average voltage? - The relationship is
shown graphically in Fig. 25-149 and

open, it is called a normally open relay.
The mechanical design of the contact
springs is such that when the contacts

are closed they slide for a short distance over the surfaces of each other
before coming to rest. This is called a
wiping contact and it ensures good electrical contact.
Telephone relays are wound in many
different manners. Among them are the
single -wound, double -wound, parallel wound, tandem -wound, and noninductive-wound.

mathematically below:
rms.= 0.707 x peak voltage
rrns7--- 1.11 X average voltage

peak = 1.414 x rms voltage

WX
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Fig

25-149.Sine-wave terminology and voltage relations.
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Relays differ in the amount of current and voltage required to operate
them. Also, the dc resistance of the
actuating coils may vary from a few

A third type employs a split pole
piece of which one part is surrounded
by a copper ring acting as a shorted
turn. Alternating current in the actuat-

ohms to several thousand ohms. In ad-

ing coil winding induces a current in
the copper coil. This current is out of

dition, they may be of many different
types including the marginal, quick operate,

slow -operate,

and

polarized

varieties.

A marginal relay is one which operates when the current through its winding reaches a specified value, and releases when the current falls to a given
value. In the quick -operate type, the
armature is attracted immediately to the
pole piece of the electromagnet when
the circuit is closed.
Slow -operate relays have a time -de-

lay characteristic; the armature is not
attracted immediately to the pole piece
of the electromagnet when the circuit is
closed. These relays employ a copper

collar around the armature end of the
pole piece and differ from the slow release variety in that the latter type
has the copper collar around the end of
the pole piece opposite from the armature.
A polarized relay is designed to react

to a given direction of current and magnitude. Polarized relays use a permanent -magnet core. Current in a given
direction increases the magnetic field,
arid in the opposite direction it de-

creases the field. Thus, the relay will
only operate for a given direction of
current through the coil.
25./5 I

phase with the current in the actuating
coil and does not reach the zero value
at the same instant as the current in the
actuating coil. As a result, there is always enough pull on the armature to
hold it in the operating position.
An ac differential relay employs two
windings exactly alike, except they are
wound in opposite directions. Such relays operate only when one winding is
energized. When both windings are energized in opposite directions, they produce an aiding magnetic field, since the
windings are in opposite directions.
When the current through the actuating

coils is in the same direction, they produce opposite magnetic fields. If the
current through the two coils is equal,
the magnetic fields neutralize each other
and the relay is nonoperative.

A differential polar relay employs a
split magnetic circuit consisting of two
windings on a permanent magnet core.
In reality a differential polar relay is a
combination of a differential and a
polarized relay.
25.152 What are spring piles on a

relay?-They are various combinations
of contact springs making up the circuits which are operated by the action

of the relay. Typical spring piles arc

Whet are the basic principles
of design in an alternoteng-current relay?

shown in Fig. 25-152.
25.153 How are the actuating coifs

Alternating -current relays are similar in construction to the dc relays de-

of a relay woundt-The different types

scribed in Question 25.150. Since alter-

nating current has a zero value every
half cycle, thc magnetic field of an ac operated relay will have corresponding
zero values in the magnetic field every
half cycle.

At and near the instants of zero current, the armature will leave the core,
unless some provision is made to hold
it in position. One method consists of

using an armature of such mass that
its inertia will hold it in position. Another method makes use of two windings on separate cores. These windings

are connected so that their respective

currents are out of phase with each
other. Both coils effect a pull on the
armature when current flows in both
windings.

of windings employed in relays are
shown in Fig. 25-153.
25.154 What is a bimetal thermo-

stat control?-A strip consisting of two
dissimilar metals welded together. Because the metals selected have different

temperature coefficients of expansion,
they are caused to bend with changes
of temperature.
Fig. 25-154A shows a bimetal thermostatic control manufactured by Thomas

A. Edison, Inc. A typical application is
the control of temperature in a crystal
oscillator oven where the frequency of
oscillation must be maintained to within
five parts in ten million. In such applications, the temperature must be held
to within 0.20 degree centigrade to permit frequency readings over long periods without recalibration. The interior
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ternal means, permitting the adjustment
while the element is sealed in the glass
1

envelope.

The free end of the heat -sensitive bimetal deflects in the direction which
separates the normally closed contacts
as the temperature rises. After the stabilizing adjustment has been made, the

I

(b) 1 break.

2

Ir
I

-I

(c)

2

(a) Single.

snake.

I
I

I

I

I

I

I

M

I

I
(d) 2 break.
(b) Double.
1

(e) I make before break.
2

4

(c) Parallel.
(f) I break, 1 make.
I

I

(g)

1

(d) Tandem.

break, 2 make.

NONINDUCTivE

i
BMW...,
MAGNET

!Lb

N
(h) Break 2.
Fig. 25-152. Relay contact spring piles.

construction of a typical thermostatic
control is shown in the illustration.
Basically, the device is a single -pole,
single -throw switch incorporating a bimetallic member actuated by thermal
energy. To obtain operating stability
and accuracy the complete structure is
enclosed in a glass envelope containing
a protective gas. The slow -make, slow -

,, .

,.

(e) Noninductive.

Fig. 2 5-1 5 3. Relay -coil windings.

bimetal will always assume a definite
deflection for a given temperature. The
temperature at which the contacts will

open depends on the position of the
calibration screw. By reversing the po-

sition of the bimetal in the assembly,
the control can be made to close the

break principle of design results in

external circuit as the temperature

small operating differentials that approach zero under no-load conditions.

rises. The bimetal, because of its relatively long arm, is highly sensitive to
small temperature changes.
A typical thermostatically controlled
oven circuit is shown at (a) in Fig.
25-154B, and a typical thermoelectric

The gas atmosphere minimizes the effect

of contact arcing under heavy current
loads. The unit is calibrated to the final
operating temperature setting by ex -
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ADJUSTING
SLUG
CONTACT
PRE LOADING
SPRING

Factors controlling the deflection of
the bimetal arc stable and the original
setting of the contacts permanently
fixes the timing characteristics of the
relay. The structure of the elements is
such that the contacts will not close
under vibration (14,1 inch at 55 Hz) with

SIDE SPRING

FRY'S ,'.

the heater unexcited, nor will the contacts open under the same condition at
saturation temperature.

E, PR
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Fig. 2 5-1 5 4A. View of a Thomas A. Edison Instrument Division Model 51-1A
thermostatic relay.

(a) Circuit for operation with a Crystal
oven.
CCririlCIS

oven cycle is given at (h)

CLOSED

:n

25-

What it

AVIA41

thermal time delay relay and how is it constructed?A relay with a thermal unit so designed
that a delay period of from 2 seconds
to 5 minutes may be induced in an electrical circuit. Fig. 25-155A shows a thermal delay relay manufactured by
Thomas A. Edison, Inc. It consists of
two bimetallic strips, each rigidly supported at one end and carrying a cona

tact at the other. An electrical heater
is wound around the primary bimetal
member, which is deflected by the ap-

0'55

OPERA ft WWI.

154B.

25.155

CON PACTS

Tre(PROSTaT

MOP
ilg(APOSTAT

KOK PATE r[tI

RORRORE

TEMP

WATER YEW

(b) Oven operating cycle
Fig. 2 5-1 5 4B. Circuit and operating
characteristics for the Thomas A. Edison,
Inc. thermostatic relay.

plication of heater current to mate with

the contact mounted on the other bimetal strip. The use of the second bimetal strip which supports the pre -

the control of plate voltage

loaded spring contact provides compensation for ambient temperature changes
from minus 60 to plus 85 degrees centi-

reached the proper operating temperature, overcurrent protection, overvoltage protection, motor starting, hold-

grade.

One contact is mounted on a spring
attached to the compensating bimetal
strip. This spring is restrained until the
primary bimetal is deflected sufficiently

After the contacts
close the spring lifts from its restraining support and applies force to hold
to

cause contact.

the contacts firmly together.

Applications of this device include
to

large

vacuum tubes after the heaters have

over circuits, and the integration of
pulses or intermittent current into accumulated heat energy which will operate its contacts after a predetermined
rate

of input has been reached. The

operating characteristics of this device
are given in Fig. 25-155B, and typical
operating circuits are shown in Fig. 25155C.
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mocouple or photocell output, is shown

in Fig 25-156. It may also be used in
the grid or plate circuit of a vacuum
tube, or as a polarized relay for use as
a null detector in a servo bridge circuit.
The relay mechanism is a fixed -coil,
moving -magnet type having the characteristics of a d'Arsonval meter movement. The fixed coils may be obtained
with resistance values between 0.5 and
24,000 ohms. The rotor shaft carries a
small alnico V-shaped magnet vane at
the lower end and a moving contact at
the upper end. The rotor assembly is
pivoted on jeweled bearings so that the
magnet vane rotates between the stationary coils. Because of the small size
and small mass of the rotor assembly,
the relay may be used in applications
having high shock values.
The

contact

circuit

is

completed

through a hairspring that also provides
counter torque or restoring force. Counterweights on a crossarni provide rotor
balance to permit operation in any
Fig. 25-155A. Interior view of o Thomas
A. Edison, Instrument Division Model
501 thermal time -delay relay.
25.156

of

vibration. The magnetic field is shielded

construction

the

Describe

plane and to minimize the effects

and operation of a sensitive direct -current relay. --A sensitive tic relay, minus
factured by Thomas A. Edison, Inc., designed to operate directly from a ther-

LIN

(a) As a relay.

RECPERAT1NG

TIME
RECOVERY
TIME

CPERATimr

/

nig

A-1-."
.

.

(

: ( sal
.

,

C<

TIME

(a) Operation when the heater voltage
is removed immediately after contact.
BSI. CI.

REOPERAT

TIME
OPCRAT I/G

nut
1

lMC

(b) As a slave unit to provide rapid
resetting.

OPER. TIME

RECOVERY f

/

RYE

:

I

t

-7

(b) Operatton when the heater voltage
maintained until the himetals reach
saturation temperature.

is

25-155B. Characteristics of the
Thomas A. Edison thermal time -delay
Fig.

relay.

(c) Delayed openit g of load circuit.
25-155C. Circuit connections for
the Thomas A. Edison thermal time -de
Fig.

lay relay.
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deflection is 45 degrees; however, by
AVM.
101EN

-

11 MEP

eteltCT
S TOP

ARM

MA

P

'-Sc

L-444%

presetting the angular position of the
fixed contact, the operating power can
be varied from 0 to 70 microwatts.
25.157 What arc the prefixes used
for metric units?-The standard symbols

adopted by the Institute of Electrical
and Electronic Engineers (IEEE) for
metric units are given below.

CUP

Numerical

PLUG
PLUG

Edison,

Instrument

proximately 40 milliseconds. The normal
OM G1001.

vet us

1'4+

111.4
1

Ii.

NN. 444.

.

I

ebee.

4

II

MI+

4-

NON.

4--1 4-4 4-4

Sew

4 -11

Valle

4 -It
4

.4

NM

4-N

Mow

4-

New

4

u....

41

4-- 4---

4--a
NMI-

3-4
4

It
,.._,
)4

kilo
hecto
deka
deci
centi
milli
micro
nano
pico
femto

II

4-

4

3

he
he

10'
10-"

10'
10'

My

da

p.

atto

a

Examples of usage:
decibel
gigahertz
hertz (cps)
kilohertz
picofarad (µoF)

dB
GHz
Hz
kHz
OF

For further use of symbols and adoption, IFFY Standard Symbols for Units,
No. 260, should be consulted.
The metric conversion table (Fig.
25-157) provides a fast and easy method
of converting from one metric notation
to another, including the preceding designated units. The table aids in restating
a value. After locating the prefix in the
Original Value column, it may be con-

verted to another desired value of different prefix. The number indicates the
number of places the decimal is to be
0e140141 w A NW

New WNW 114.4

--I. t-4 5-4 4-4

Cl..

_., 4

myria

10"

from external fields by a high -permeability shield and by a second external
shield cover. This shielding also provides a return for the magnetic flux.
Such relays are calibrated in terms
of current to avoid variations induced
by temperature. The relay is a current sensitive instrument operating on the
same principle as a tangent galvanometer. In the instrument shown, if the
operating current is changed gradually,
the moving contact will follow the rate
of change until it touches one of the
stationary contacts. The speed of operation depends on the rate of change of
the operating current and its magnitude.
As a rule, initial contact is made in
approximately 150 milliseconds when
the rated current is instantaneously applied. Increasing the operating current
increases the speed of contact closure
exponentially. At ten times the nominal
closing current, contact is made in ap-

They

10'

10'
10'

Division Model

501-51-1A sensitive dc relay.

Symbol

giga
mega

10
101

Fig. 25-156. Interior view of a Thomas
A.

Prefix
tera

Valise
10"
10'
10'

WAN

444

ONO.

11144

11-1 11-4 11-4 N-.4 11--1

5-4 3-1.. --I. 0-4 14-4 11-4 13 -51-4 1-4 4-4 4+ 4-4 7-4 4-4 9-4
I
III.
5-4. 3-4 4--o- 4-1- 41--* ...4.
4-1
1-4 t-4 4+ 44. 4-4 4-4
1-t 4-4
1-4 4-4 4+ 4-4 5-4
4-3 he 4-1
1-4 Tt-I 1-4 4-4
4-4 4.-3 4-1 441
1-4 1-4 1-4
1 -I 4-4 4-3 he 4-1
1-4 t-4
4-4 4-11 .44 4-3 he 4-4
1-4
4-P
4..4 4-1 4-1 4-5
11 -4

Na..

Nem.

111-4

11-4

15 - y

111- y

PONY

111-4

n-1

11-4 14-4 4-4.

.0.4.

9-4

11- N-4

11-4 11-4

11-4 11-4

4-

7-4 14-4 13-14
4-4
4-4 11-4 a-1.
41-111 4-1
11-4 e-4 11y
4 -le
4-4 7-4 1111-1.
4.01 4-4
4-4 11-4 1-4
4--N 4-Y, 4-N 4-0 -4-0 4-4 4-41 4-4 +4 4-3
3-4 5-4
4_,. ..._44 4_,1 4-44 4-11 4-0 .1-0
41-7 41-4 4-1
3-4
4
3, .1 te ...--5 4-16 4--0
4-0 4-0 4-11 4-14 4-.. 4-4 4.4

4-

4- 4-

1-

Fig. 25-157. Metric conversion table.
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moved,

and

the arrow indicates

in

will be observed that for a density of
(used in optical film recording),
the transmission is 3.162, or 3.162 percent transmission or reflection; for a
density of 4.0 the transmission is 0.01

which direction. As an example, if 0.15
kilowatts is to be converted to watts,
taking kilo from the Original Value column and following the horizontal line

1.50

to the unit column, read a 3 with the

percent.

arrow pointing right. Therefore the decimal is to be moved right three places,

and it may now rend as 150 watts. If
4500 kilohertz is to be converted to
megahertz, read kilo in the left-hand
column and under mega read 3 with a
left -pointing

arrow.

The decimal

is

shifted three points in that direction,
and 4500 kHz is equivalent to 4.5 MHz.
What is a guard circuit and
is it used?-A guard circuit is one

Density = Log,.T1where,

T is the percent transmission.
25.161
What is the relationship of
footage and running time for 16 -mm
motion picture film? -This relationship
is given in Fig. 25-161.

25.162 What is the relationship be16 -mm and 35 -mm motion -pic-

25.158
where

1663

tween

which is used to remove the effects of
stray leakage and capacitance or any
other stray parameter that might affect
the measurement of the actual value of
the element under measurement. Guard
circuits are used with many different
types of electrical measuring circuits
and equipment, particularly with capac-

ture film footage?-The relationship is
2.5:1; that is, 400 feet of 16 -mm film

itance bridges. (See Question 25.116.)
15.159 Describe a latching relay.It is a relay containing two separate
actuating coils (Fig. 25-159). Actuating

capacities.-Such a table is riven in
Fig. 25-163.
25.164 Show graphically the rela-

one coil latches the relay in one position, where it remains until it is unlatched by energizing the other coil.
Relays of this design arc used frequently in sound installations, such as
in the virgin looping system described

-Such a graph is shown in Fig. 25-164.

in Question 17.227.
25.160

Give a table showing the relationship of density to percent of trans-

mission or refection.-In the process of

recording on photographic film, it is
necessary to know the percent of transmission relative to a given density. To
simplify the computation, the table of
density related to percent transmission
or reflection is given in Fig. 25-160. It

running at 36 feet per minute equals
1000 feet of 35 -mm film running at 90
feet per minute. (See Fig. 25-162.)
25.163 Show a wire table for wire
sixes between
and 44, with the cir1

cular -mil

area

and

current -carrying

tionship between farads and microfarads.
25.165 Show graphically the relationship between inicroforods and picafarods.-Such a graph is given in Fig.

25-165. The term niieromicrofarads has

now been replaced by the term picofarads.
25./66

What is electronic gating?

-A vacuum -tube amplifier that is cut
off and on electronically by energizing
the control grid or cathode circuit by
the application of a square wave. When
actuated by the external -control
source voltage, the output of the gating

so

tube will pass a signal at the rate at
which the control circuit operates. This
system is used in computers and electronic control equipment.
25.167

What

is

decibel

notation

and how is it used?-Decibel notation

is a method of equating power levels
involving the transmission of electrical energy in the audio- and radio frequency bands. To measure the acous-

tic or electrical power associated with
the generation or transmission of audio
frequencies, special instruments and
25-159. Latching relay manufactured by Potter and Brumfield (Canada).
Fig.

measuring techniques are required. In
a commercial power transmission system at 60 Hz, little of the energy is
lost because of the relatively low fre-
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1.76
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0.98
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1.81

1.82

1.549
1.514
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3.890
3.802
3.715

25.70
25.12

10.72
10.47
10.23

1.63

1.68

1.01

9.772

1.41

1.02

1.83

1.479

1.04

9.550
9.333
9.120

1.42

0.64

24.55
23.90
23.44
22.91

1.44

3.631

1.84

1.445

0.65

22.39
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8.913

1.45

3.548

1.85
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54.95
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21 88

1.06

8.710

1.46

3.467

1.86

1.380

53.70
52.48

0.67

21.38

1.07

8.511

1.47

3.388

1.87

1.349

0.68

20.89

1.08

8.318

3.311

1.88

1.318

0.29
0.30

5129

0 69
0.70

20.42
19.95

1.09

1.10

8.128
7.943

1.48
1.49
1.50

3.236
3.162

1.89
1.90

1.288
1.259

0.31

48.98
47.86
46.77
45.71
44.67

0.71

19.50

1.11

7.762

1.51

1.230

19.05
16.62

1.12

1.52

1.92

1.202

1.93

1.175

0.74

18.20
17.78

1.14

1.94

1.15

7.586
7.413
7.244
7.079

3.090
3.020
2.951
2.884
2.818

1.91

0.72
0.73

1.148
1.122

43.65
42.66

0.76
0.77
0.78
0.79

17.38

1.16

6.918

1.56

1.17

1.57

16.22

1.18
1.19

6.761
6.607

0.80

15.85

1.20

2.754
2.692
2.630
2.570
2.512

1.96

16.98
16.60

0.22

023
0.24

0.28

0.32
0.33
0.34

0.35

0 36
0.37
0.38
0.39
0.40

50.12

41.69
40.74
39 81

0.62
0.63

0.75

1.03

1.13

6.457

6.310

1.53
1.54
1.55

1.58
1.59
1 60

1.95

1.97

1.98
1.99

2.00

1.096
1.072
1.047
1.023
1.000

Fig. 25.160. Conversion table. Optical density versus
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0.0776
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0.0741
0.0724
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3.51
3.52
3.53
3.54
3.55

0.0309
0.0302
0.0295
0.0288
0.0289

3.91
3.92
3.93
3.94
3.95

0.0123
0.0120
0.0117
0.0114
0.0112

2.36
2.37
2.38
2.39
2.40

0.4365
0.4266
0.4169
0.4074
0.3981

2.76
2.77
2.78
2.79
2.80

0.1738
0.1698
0.1660
0.1622
0.1585

3.16
3.17
3.18
3.19
3.20

0.0692
0.0676
0.0661
0.0646
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3.56
3.57
3.58
3.59
3.60

0.0275
0.0269
0.0263
0.0257
0.0251

3.96
3.97
3.98
3.99
4.00

0.0109
0.0107
0.0105
0.0102
0.0100

2.01
2.02
2.03
2.04
2.05

0.9772
0.9550
0.9333
0.9120
0.8913

2.41

2.42
2.43

0.3890
0.3802
0.3715

2.44
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2.06
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2.08
2.09
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0.8710
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0.8318
0.8128
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percent transmission or reflection.
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Fig. 25-161. Time versus footage for 16 -mm film.

quency. However, power used for voice
and music transmission over the same
distance will suffer a considerable loss

transmission loss of the line in terms of
a standard -loop mile of No. 19 tele-

phone wire. (A loop mile is, in reality,
two miles of wire, one going and one

because of the higher frequencies in-

returning.) Later this term was re-

volved and the complexity of the waveforms. The longer the transmission line,
the greater are the power losses which
must be compensated for during trans-

placed with a logarithmic term called
the "transmission unit." Some years
later, this term was changed to "bel"
in honor of Alexander Graham Bell.
The unit bel being too large for practical use, it was changed to decibel or

mission.

In the early days of telephone and
radio transmission over telephone lines,
a unit of measurement called "miles of
loss" was used. This expressed the

MEM7
1111M1

one -tenth of a bel, abbreviated dB. The
fundamental equation for the bel is:

I

NM02=1M
amIaI_.:I1Im._iIal.!1MlasmAaA.MMmN.lNmeIloEEnmMUinEmoNs
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Fig. 25-162. 35 -mm to 16 -mm footage convertion chart.
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P

Thus, when a piece of equipment is
rated for a given amount of power, the

,

bel = Log,. P,
Changing to decibels, the equation becomes:

dB higher. A typical example of this

,

dB = 10 Log, ..-,-

The decibel has no actual numerical
value but is used only to express a ratio
between two powers, voltages, or currents. The decibel may also be used to
express ratios dealing with pressure,

impedance, and other basic units.
It is customary, when using decibels,
to employ a reference voltage or power

level to which the measurement is referred. The standard reference now in
use by the broadcasting, recording, and

electronics industries is I milliwatt and
is written "0 dUm" (0.001 watt). Whenever the letters dBm appear behind the
number 0, it means that the reference
power is 1 milliwatt. Therefore, when
such a reference level is indicated, the
power in parenthesis may be left off.
The 1-milliwatt reference power was
adopted by the electronic industry in
milliwatt of
1939 and represents 1
power in a 600 -ohm circuit which has a
sine -wave ems value of 0.773 volt across
it.

power -reference

different

Several

numerical difference in decibels for the
1-milliwatt reference level will be 7.78

levels have been used over the past
years. They are: 6, 10. 12.5, and 50 milli -

watts. These have been replaced with
the present reference power level of 1
milliwatt (600 ohms). Previously the
most common reference power level
was 6 milliwatts. This level is still used
in some types of equipment used for

is an amplifier stated to have a power
output of 20 watts. The output level in
decibels for 20 watts, using the 6 -milli watt reference level, is a plus 35.26 dB.
while for the 1-milliwatt reference
power, the level in decibels is a plus 43

dBm. This may appear confusing because both decibel ratings are for the
same amount of power output Therefore, it is mandatory that the reference
level be stated when rating an amplifier
in decibels only.

The transmission loss or gain of a
circuit may be expressed either in power
or in voltage. When expressed in power,
the following equation is used:
dB 7 10 Log,..

P,

If expressed in current or voltage, use
the equation:
V,
V,
I,
dB = 20 Log... NT, or

t

V or :or

where,
V:. and

V,,

I:

are the

input and

output voltages or currents,
spectively.

As an example, what

is the

re-

loss in

decibels for an attenuator which has 6
volts at Its input and 2 volts at the output, the input and output impedances

being the same and properly terminated? Using the equation:
6

= 20 x 0.477 = -9.54 dB.

purposes other thau recording and
broadcasting. It is based on 6 mill -

dB .1

watts of power in a 500 -ohm circuit,

Knowing that the device presents a loss

with an ems sine -wave voltage of 1.73
volts. In 1939 it was agreed by manufacturers of electronic equipment that

and not a gain, a minus sign

all future equipment would he rated

represents a gain, no sign is used. The
answer is simply stated 9.54 dB.
For unequal input and output impedances, the equation becomes:

with reference to
Because

1

of the

milliwatt.
difference in

the

power of 1 milliwatt and 6 milliwatts.
a conversion factor must be used when
converting or referring from one reference level to the other. The difference
in decibels between the two reference
powers is 7.78 dB. This may be found
as follows:

20 Log,

2

(

is

placed before the number value in deci-

bels. U the device is an amplifier and

dB

E,

.

Log,. -+ 10 Log...

Z

Z ,,

where,

Z, and Z, are the input and output
impedances.

For convenience of computation, E. and

dI3 ---- 10 Log,.6
1

= 10 x 0.778
.= 7.78 dB

E or Z. and 7,, may be inverted, with
the larger value placed above.

In Section 23 many different equations and methods of using decibels are
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1US

A.W.G. Diana
in

No.

is.

(B.&S.)
1

2
3
4
5
6
7
8
9

10

Diem.
in

Crosssectional
area

Cir.
mils

Turns per linear ilia**
D.S.C.
S q.
rn.

InScLs

or
D.C.C.

7.348
6.544
5.827
5.189
4.621

83690
66370
52640
41740
33100

.06573
.05213
.04134
.03278
.02600

42.41
33.63
26.67
21.15
16 77

162.0
144.3
128.5
114.4
101.9

4.115
3.665
3.264
2.906
2.588

26250
20820
16510
13090
10380

.02062
.01635
.01297
.01028
.008155

13.3
10.55
8.36
6.63
5.26

- - -- =1.

7.1
7.8
8.9

7.4
8.2
9.3

10.3
11.5
12.8

11
12
13
14
15

90.74
80.81
71.96
64.08
57.07

2.305
2.053
1.828
1.628
1.450

8234
6530
5178
4107
3257

.006467
.005129
.004067
.003225
.002558

4.17
3.31
2.62
2.08
1.65

9.8
10.9
12.0
13.3

16
17
18
19
20

50.82
45.26
40.30
35.89
31.96

1.221
1.150
1.024

2583
2048
1624
1288
1022

.002028
.001609
.001276
.001012
.0008023

1.31
1.04
.82
.65
.52

16.4
18.1
19.8

21
22
23
24
25

28.46
25.35
22.57
20.10
17.90

.41

15.94
14.20
12.64

26
27
28
29

1126

30

10.03

31
32

33
34
35

8.928
7.950
7.080
0.305
5.615

.9116
.8118

21.2
23.6
26.4
29.4

18.9
21.2
23.6
26.4
29.4

.16

26.0
30.0
31.6
35.6
38.6

29.8
34.1
37.6
41.5
45.6

33.1
37.0
41.3
46.3
51.7

32.7
36.5
40.6
45.3
50.4

502

58.0
64.9
72.7
81.6
90.5

55.6
61.5
68.6
74.8
83.3

21.8

.4049
.3606
.3211
.2859
.2546

254.1
201.5
159.8
126.7
100.5

.0001996
.0001583
.0001255
.00009953
.00007894

.13
.10
.08
.064
.051

41.8
45.0
48.5
51.8
55.5

.040
032
.0254
.0201
.0159

592

50.13
39.75
31.52

.00006260
.00004964
.00003937
.00003122
.00002476

25.00
19.83
15.72
12.47
9.888

.00001964
.00001557
.00001235
.000009793
.000007766

.0127
.0100
.0079
.0063
.0050

7.841

.000006160
.000004885
.000003873
.000003073

.0040
.0032
.0025
.0020

79.70

6321

5.000
4.453
3.965
3.134

.1270
.1131
.1007
.0897
.0799

41

2.75
2.50
2.25
2.00

.0711
.0633
.0564
.0502

42
43
44

2.3.8

17.9
19.9
22.0
24.4
27.0

.0006363
.0005046
.0004002
.0003173
.0002517

2268

6.220
4.933
3.910

9.6

14.2
15.8

14.7

810.1
842.4
509.5
404.0
320.4

.2019
.1798
.1601
.1426

7.6
8.6

10.7
12.0
13.5
15.0
16.8

.7230
.6438
.5733
.5106
.4547

36
37
38
39
40

3531

S.C.C. Enamel S.S.C.
1

289.3
257.6
229.4
204.3
181.9

.33
.26

20

55.0

602
65.4
71.5

189

77.5
83.6
90.3
97.0
104.

101.

158.

92.0
101.
110.
120.
132.

77.0
80.3

111.

175.
198.

143.
154.

83 G

126.
133.
140.

224.

166.

248.

181.
194.

62.6
66.3
70.0
73.5

86.6

897

118.

113.

127.
143.

282.

A mil is 1/1000 inch.
Fig. 25-163. Wire table for sizes between

discussed. Conversion tables and other
pertinent data are given in Section 10.
Several different equations that are
common in decibel notation appear in

25.168 How are telephone lines
classified? -Open -wire, field -wire, and

Fig. 25-39.

-Single bare -wire conductors

cable.

25.169

What ore open -wire lines?
sup-
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Turns per Sq. In.

Current carrying
capacity
(amperes)

Feet per pound

At1000 At 1500

S.C.C. Enamel D.C.C.

D.C.C.

S.C.C.

Bare
3.947
4.977
6.276
7.914
9.980

87.5
110
136
170
211

262

58
74
92

80.0
95.5

114
144

121

182
225
282

150
183
223

1284

8.2
6.5
5.2
4.1
3.3

5.5
4.4
3.5
2.7

14
15

22

17

2.6
2.0

1.7
1.3

17-18

1.6
1.3
1.0

1.1

1300
1639
2067
2607
3287

370
461

2060

910
1080
1260
1510

389
491
624
778
958

2500
3030
3670
4300
5040

3310
4145
5250
6510
8175

1750
2020
2310
2700
3020

1118
1422
1759
2207
2534

1188
1533
1903

2768
3137
4697
6168
6737

3483
4414
5688

7877
9309
10666

9846
11636
13848

11907
14222

17920
22600
28410
35950

97500
122000
152000
190000

12

1031

754

7450

6.9

13.05
16.46
20.76
26.17
33.00

1090
1368
1640
2140
2530

69.50

8
9
10

407.8
514.8
648.4
817.7

940
1150
1400

6510

17.5
13.8
11.0
8.7

4.094
5.163
6.510
8.210
10.35

119
150
188
237
298

31700
39600
49100
62600
77600

26.3
20.8
16.5

127.9
161.3
203.4
256.5
323.4

329
399
479
625

12200
14000
16600
18000

.4028
.5080
6045
.8077
1.018

40.12
50.59
63.80
80.44
101.4

271

10900

1

39.8
50.2
63.2
79.6
100

357

9601)

55.7
44.1
35.0
27.7
22.0

38.8
48.9
61.5
77.3
97.3

450
558
708
868

10220
12650
16200
19950
25000

83.7
66.4
52.6
41.7
33.1

19.9
25.1
31.6

397
493
592
775

5920
7060
8120

.1260
.1592
.2004
.2536
.3192

1000 ft-

19.6
24.6
30.9

321

--

C.M. Nearest
per British

12.58
35.87
20.01
25.23
31.82

124
155
196
247
311

1700

CM.
per
amp

Ohms
per

584
745
903

1.619
2.042
2.575
3.247

13.1
10.4

amp I S.W.G.
3
4

5
7

U
13

16

.86
.68

18
19
20
21

.81
.64
.51
.41
.32

.54
.43
.34
.27
.21

22
23
24
25
26

41.62
52.48
66.17
83.44
105.20

.25
.20
.16
.13
.10

.17
.13

27-28

.084
.067

31-32

4145
5227
6591
8310
10480

132.70
167.30
211.00
266.00
335.00

.079
.063
.050
.039
.032

.053
.042
.033
.026
.021

34-35

423.00
533.40
672.60

.025

.017

39-40

.013
.010
.008

1069.00

.020
.016
.012
.009

41

18286
24381

13210
16660
21010
26500
33410

30610
38700
48600
61400

42130
53100
66970
84460

1323.00
1667.00
2105.00
2655.00

.008
.006
.005
.004

2461
2893

6400
8393

848.1U

.11

29
30

33
36

36-37
37-38
38-39

42-43

.006

43
44

005

45

.004

003

45-46
46-47

.0025

47

Approximate only -thickness of insulation varies.
1 and 44. (Courtesy, Radio Electronics I

ported in insulators on a telephone pole
crossarm. The wires may he of hard -

conductors is generally 8 inches. When

drawn copper, steel, copper -galvanized

on one pole, the spacing between wires

steel, or iron. Two wires constitute a
transmission line. The spacing between

more than one pair of wires is strung
is increased to 10 or 1.2 inches. Wire
diameters most frequently used are
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106

1,000,000

'03
100.000
104

10,CO3 Is

VICKI 1f

k

102

2

100 if
FARADS

104 MICRO FARADS

10

0 vF

100

If
I0

I If
0000001

emote

0001

0000'

001

01

0

10

FARRIS

Fig. 2S-164. Conversion chore-microforods to toroth.
conductors are annealed copper. Stan-

from 80 to 165 mils. This is equivalent
to a wire size of 12 to 6 gauge.
25.170 What is a cable pair?-A
cable consisting of more than two pairs.
Each wire is individually insulated. The
wires of each pair are twisted together

dard gauges are 16 and 19.
25.171 What is a toll

and the entire group is given a long
spiral twist and then covered with a
lead sheath or a plastic coating. The
104

1.000.000

Tr,
000.000

104

10,000

103

to'
10

MI CAOFARAOS

10

PICO FARADS

too
10

10'1
to

0000001

.000001

0000

cable?-A

cable made in the manner described in
Question 25.170, except it is always
covered with a lead sheath. It may be
suspended from poles or buried in the
ground. It is used for long-distance toll
calls, hence its name.

0001

001

DI

to

MICSOFARA06

Fig. 25.165. Conversion chart-picoforads to microforods.
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0

MIL L iwAT TS

B

WATTS

MILL INCA OVIATTS

laCROWATTS

Fig. 25-174. Nomograph for

KILOWATTS

ing absolute power units to dBm. (Courtesy,

Electronics & Communications, Canada)
25.172 What are field wires?-Field
wire, because of its high transmission
loss, is used only for military and

emergency purposes and for short temporary lines. It consists of two conductors made up of seven strands, of which
four are copper and three are steel, to
give strength. Each of the seven -strand
conductors is covered with polyethylene

dBm, position a straightedge between
the appropriate number on scale A and
the applicable cross -point on scale B.
The resultant level in dBm is read from
scale C.

To convert milliwatts watts, or kilowatts, scales A and D are employed, and

the answer is read on scale E. For example, a power of 2 watts is equal to a

insulation with an outer covering of

level of plus 33 dBm as read on scale E.

nylon.
25.173 What is a loop mile?-It is
the total wire in a 1 -mile line consisting

The level in dBm for a power of 10
microwatts (scales A and B) is minus

of two conductors, or 2 miles of wire.
25.174 Give a nomograph for converting absolute units of power to deci-

20 dBm as read on scale C.
25.175
What is considered to be a

bels.-The nomograph in Fig. 25-174

short line]-A short line is one in which
the electrical length of the line is considerably shorter than the wavelength

may be used to convert absolute units
of power, such as watts, to decibels. To
convert nanowatts or microwatts to

of the transmitted signal. An electrically
short line represents a loop mile of line.
If a signal of 1000 Hz is sent through the
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line, and the velocity of the signal in the
line is assumed to be 180,000 miles per
second, the wavelength of the signal is
180 miles, or the line is t i.,i of a wavelength. A second example. If the propagation velocity is 60,000 miles per second, the line is jin of a wavelength. Although both lines are the same length

physically, the slower circuit

is

elec-

trically three times as long as the faster
circuit.
25.176 What is considered to be a

long line?-A long line is one in which
the length is approximately equal to, or
greater than, the wavelength of the
transmitted signal. A line that would he
considered electrically long might be
360 miles. If a 1000 -Hz signal is applied
to this line, the wavelength will he 180
miles.

Under different circumstances,

the same line may behave as either an
electrically short or long line.
If the short line discussed in Question 25.175 were to be energized by a
signal of 200,000 Hz, corresponding to a
wavelength of 0.9 mile, this would be
considered a long line. On the other
hand, if it were energized by a signal
of 60 Hz, corresponding to a wavelength
of 3000 miles, it would he considered a
short line.
25.177 What is an equivalent cir-

cuit of a long line?-A long line may
be considered to be a series of low-pass
filters connected in series with a series

For open wire, this figure is 176,000 to
180,000 miles per second. For nonloaded
it varies from 47,000 to 66,000
miles per second.
25.180 What are line parameters?
cable,

-The constants of the line comprising
the series resistance, series inductance,
shunt capacitance, and the shunt leakage inductance. These elements are designated R, L, C, and G, respectively,
and are based on 1 mile of loop line.
The numerical value of the constants
depends on the size of the conductors,
their spacing, insulation, the frequency

of the transmitted signal, and weather
conditions. The previously mentioned
parameters are distributed along the

entire length of the line. (See Question 25.177.)
25.181 How is

the attenuation lot

a hoop mile of line calculated?
dB attenuation

R NrC G
T E+T

x 8.686

where,
R

I is the series loss,

2

C

is the shunt loss.

Generally, the series loss exceeds the
shunt loss. Increasing the series load-

is

ing inductance decreases the series loss
but increases the shunt loss.
25.182 What is on artificial line?

What is the equivalent circuit for a short line? -11 is one section

-A unit containing the equivalent constants of 1 mile of standard telephone
line or cable. The parameters may be

between the dotted lines of Fig. 25-177.
25.179 What is the electrical length

represented as shown in Fig. 25-177. A
long line may be considered to be made

of a telephone transmission line?-It is
the relationship of the length of the

up of a series of unit sections. Thus a
360 -mile line would consist of five 72 mile units. Such setups are used in the
laboratory to study the hehavior of
transmission lines.

dc resistance. An equivalent circuit
shown in Fig. 25-177.
25.178

line to the wavelength of the transmitted signal. The wavelength may be
calculated:
Wavelength
where,

v is the velocity of propagation of the
I

line at 1000 Hz,
is the frequency in hertz.

25.183 What is the characteristic
impedance of a transmission line?-The
characteristic impedance of a transmission line is equal to the impedance that

must be used to terminate the line in
order to make the input impedance

Fig. 2S-177. The equivalent circuit for a long transmission line.
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equal to the terminating impedance. For
a long line (see Question 25.176) the
input impedance will equal the characteristic impedance of the line, irrespective of the terminating impedance.
The characteristic impedance will

also depend on the parameters of the

pair and the applied frequency. The
resistive component of the characteristic impedance is generally high at the
low frequencies, falling off with an increase of frequency. The reactive com-

ponent is high at the low frequencies
and falls off as the frequency is increased.

The impedance of a uniform line is
the impedance obtained for a long line
(infinite length). It is apparent, for a
long line, the current in the line is little
affected by the value of the terminating
impedance at the far end of the line. If
the line has an attenuation of 20 dB and
the far end is short circuited, the characteristic impedance as measured at the
sending end will not be affected by
more than 2 percent.
In practice, a transmission line is
seldom uniform. The terminating equip-

ment impedance will vary from that of
the line. This may be corrected by the
use of

a

repeat

coil which may be

matched. to the line on one side and to
the terminating equipment on the other.
25.180 What causes delay in a

transmission find-The parameters of the line, causing it to induce a
long

time constant in the transmission.
25.185 What causes the velocity of
propagation to vary with different transmission lines?-A transmission line possesses three inherent properties which
are the characteristics of all electrical
circuits: resistance, inductance, and
capacitance.
All three of these properties
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ing a transmission line" mean?-It is a
method of loading a transmission line
at stated intervals by connecting an in-

ductance in series with the line. Two
types of loading are in general usage,
lumped and continuous. Loading a line
increases the impedance of the line,
thereby decreasing the series loss because of the conductor resistance.
Although loading decreases the attenuation and distortion and permits a
more uniform frequency characteristic,
it also increases the shunt losses caused
by leakage. Loading also causes the line
to have a cutoff frequency above which
the loss becomes excessive.
25.187 What is the difference between a continuously loaded line and

one which is lump loaded?-In the continuously loaded line, loading is obtained by wrapping the complete cable
with a high -permeability magnetic tape
or wire. In the lumped loading method,
toroidally wound coils are placed at
equally spaced intervals along the line.
25.188 What is the effect of continuously loading a line?-The inductance is distributed evenly along the

line, causing it to behave as a line with
distributed constants.
25.189 How arc loading coils connected in a telephone transmission line?
-The coils arc of toroidal construction
and are connected in the lines as shown
in Fig. 25-189. Each coil has an induc-

tance on the order of 88 millihenries.
The insulation between the line conductors and ground must be extremely
good if the coils are to function
properly. Loading coils will increase the

talking distance by 35 to 90 miles for
the average line.

will

exist regardless of how the line is constructed. Lines cannot be constructed
to eliminate any of these character-

c.

istics.

Under the foregoing conditions, the
velocity of the electrical pulses applied

Fig. 25-189. A loading coil connected in
o transmission line.

to the line arc slowed down in their
transmission. The elements of the line
are distributed evenly and are not localized or present in a lumped quantity.
The velocity of propagation will vary
from 10,000 to about 90,000 miles per
second, depending on the construction
of the line.
25./86 What does the phrase "load-

25./90

What is a fuel -cell battery?

-The fuel -cell battery although supposed by many to be a new discovery,
was discovered by Sir William Grove
in 1839. Later developments on the cell
were made by Mond and Langer, who
coined the name, "fuel cell." Work on
this cell was resumed by Bacon in the
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through the solid electrolyte to the
cathode. There they combine to create
electricity and as a by-product produce

HYDROGEN

OXYGEN

drinkable water which is carried off by
capillary action to a collection point.
Such cells have high efficiency, converting 50 to 70 percent of their energy
to power. They require no charging and
give off no fumes. The basic construction for such a cell is shown in Fig. 25190.

25.191
SOLO STATE ELECTROLYTE

Fig. 25-190. Basic principle of operation

of a fuel cell battery.
early 1930's. At present, such cells are
used in spacecraft.
A fuel cell consists of an anode and

cathode which are placed in contact
with a solid-state electrolyte to permit
the exchange of hydrogen ions between
the electrodes. Fuel cells produce their
power from a continuous supply of fuel
(hydrogen and oxygen), hence their

name. With the aid of a catalyst, the
hydrogen atoms give out one electron
each, forming ions which migrate

Describe

the

piezoelectric

effect. - Piezoelectricity is "pressure
electricity" and is a property of certain
crystals such as Rochelle salt, tourmaline, barium titanate, and quartz. When
pressure is applied to any of these
crystals, electricity is generated. If an
electrical charge is applied to the crystal,

it changes shape and can be used to
impart motion. The piezoelectric effect
was discovered in 1880 by Pierre and
Jacques Curie. Present-day commercial

materials have been especially developed for their piezoelectric qualities.
Among them are ammonium dihydrogen
phosphate (ADP), lithium sulphate

(LN), dipotassium tartrate (DKT), po-

(a)

(DI

IC)

Idl

Fig. 25-191A. Basic deformations of piezoelectric plates.
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tassium dihydrogen phosphate (KDP),
lead zirconate, and lead titanate (PZT).
Ceramics do not have piezoelectric
characteristics in their original state,

CRYSTAL TWISTER luitORPH

but the characteristics are introduced
in the materials by a polarizing process.

In piezoelectric ceramic materials the
direction of the electrical and mechanical axes depend on the direction of the
original dc polarizing potential. During
polarization a ceramic element experiences a permanent increase in dimensions

CERAMIC SENDER 'BIMORPH'

between the poling electrodes,

and a permanent decrease in dimension
parallel to the electrodes.
z

CRYSTAL BENDER 19 isIORPH.
CERAMIC STRIP

SILVER ELECTRODES
THRU HOLES COATED WITH GRAPHITE

QUARTZ
z

ROCHELLE SALT
z

MuLTIMORPH

25-191D. Curvatures of Birnorphs
and Multimorph. (Courtesy, Clevite Corp.
Piezoelectric Div.)
Fig.

dimensions when the voltage is removed
LITHIUM SULPHATE
AMMONIUM INHYDROGEN
PHOSPHATE

Differeat crystals and
their axes. (Courtesy, Chin), Corp. Piezoelectric Div.)
Fie.

25- 9111.

from the electrodes. These effects arc
shown, greatly exaggerated, in Fig. 25191A. The thickness tranverse effects
are not of equal magnitude, so accordingly there is a small change in volume
when a voltage is applied between the
terminals.

When a dc voltage of the same polarity as the polarizing voltage, but smaller

Deformation of a crystal that results
from the application of an electric cur-

in magnitude, is applied between the
polarizing terminals, the element ex-

rent and the nature of the deforming
force depends on the type of piezoelectric material. Crystals and their

periences a temporary expansion in the

polarizing direction and a contraction
parallel to the electrodes. Conversely,

when a

dc voltage of the opposite
polarity is applied, the element contracts
in the polarizing direction and expands
parallel to the electrodes. In either case,
the element returns to its original poled

axes are shown in Fig. 25-191B. Piezoelectric crystal elements are made from
slabs cut from the whole crystal rather

than by using the crystal itself. In the
instance of piezoelectric ceramics, the
axes are established with reference to
.0 ME. LOAM

as

Fig. 25-191E. Underwater sound transFig. 25-191C. Expansion of ceramic disc
during polarization.

ducer. (Courtesy, Clevitc Corp.,

electric Div.)

Pieso-
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A.

2

3

40

500

100

MIME

Skim

rnEcluENv,

Fig. 25-193. The frequency characteristics of a nonleaded No. 9 cable pair, loss per
loop mile in decibels.

the direction of the electric field used

tries such as insulation commonly used

originally during the polarizing process.
Basic deformation and the polarizing
polarities for ceramic piezoelectric
plates are shown in Fig. 25-191C. Curvatures for ceramic and crystal slabs (also
greatly exaggerated) are shown in Fig.
25-191D. Combinations of these slabs
are known as Bimorph and Multimorph,

in

electronic devices exhibit no such

properties.
Voltage - sensitive

dielectrics

that

exhibit ferroelectric properties are barium titanatc, titaninm dioxide, quanadine aluminum sulphate hexahydrate
(GASH), and triglycene sulphate. Certain of these materials are used for

a tradename of Clevite Corp., Piezoelectric Division. Crystals of this type
are used in the manufacture of micro-

phonograph pickups, microphones, earphones, and similar devices.
25.193 Describe
an
electrolytic

phones, pickups, speakers, disc recording heads, underwater sound communication devices, and many others. A typi-

snitch.-It is a device consisting of two

cal ceramic underwater sound transducer is shown in Fig. 25-191E.

load -connected electrodes and a grid element immersed in an electrolytic
bath which is housed in a sealed con-

commonly used types for microphones,
pickups, and headphones, because of

tainer. A signal voltage applied to the
acid -resistant grid -element makes the
two load -electrodes permeable to ions
and instantaneously changes the state

their greater sensitivity over ceramic

of the electrodes from nonconducting to

crystals.
ceramic

However, in speakers the
is preferred because of its

conducting. Large quantities of electrons flow from one electrode to the

greater stability and ability to handle
greater power put out by modern am-

other through the electrolyte of acid and

Rochelle salt crystals are the most

free metal ions. The actuating signal
may be an on -off or modulating signal.

plifiers. (See Question 4.13.)
25.192 What is lerreelectricitylIn the search for control devices which
might he substituted for a vacuum tube
or transistor, considerable research has

When the switch is properly constructed, several amperes of current can
be handled.
25.194 What is a simplex circuit?

been conducted in the field of ferro-

-A circuit in which a ground -return

electricity, one of whose properties is
nonlinear dielectric action. Ferroelectricity is an unusual characteristic exhibited by certain dielectric materials
which alter their dielectric constant
with the applied voltage. Linear dielec-

telephone or telegraph circuit is superimposed on a full -metallic circuit to

obtain an extra channel. Provision is
made to prevent interaction or interference between the two systems. An
elementary diagram showing how a

J
STATION

SIMPLE%

CURRENTS

NORMAL TELEPNONE
CURRENTS

Fig. 25-194. Elementary diagram, showing the current paths of a simple: circuit.
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simplex circuit functions

is given

in

Fig. 25-194.
25.195

What is a duple circuitTA circuit which will permit electrical
communication between two points in
both directions simultaneously. (The
term full -duplex is synonymous with
duplex.)
25.196 What is a half -duplex cir-

cuit?-A circuit which will permit unidirectional

electrical

communication

NAB National Association of Broadcasters (Formerly NARTB)
NARTB National Association of Radio
Television Broadcasters (Now
NAB)
NEMA National Electrical Manufacturers Association
and

RETMA Radio Electronics Television
Manufacturers Association
(Now
EIA)
RIAA Record Industries Association of

between two points. (Technical arrangements may permit communication

in either direction, but not simultaneously.)
25.197 Give the names and abbreviations of technical societies and interna-
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America

SMPE Society of Motion Picture En gineers (Now SMPTE)
SMPTE Society of Motion Picture and
Television
Engineers
(Formerly
SMPE)

tional commissions of interest to the
audio engineer. - Numerous technical
societies have been formed for the dis-

UL Underwriters' Laboratories (USA)

of knowledge, and inter-

USNBS United States National Bureau
of Standards

semination

national commissions for the creation
of world-wide standards. Among these
organizations of interest to the Audio
Engineer are:

dards Institute (Formerly ASA)

The CCIF and CCIR international
have set international
standards for the recording and reproduction of magnetic tape and records.

commissions

ASA Acoustical Society of America
ASA American Standards Association
(Now USASI)
ASI American Standards Institute (See
USASI. Formerly ASA)
AES Audio Engineering Society

AIEE American Institute of Electrical
Engineers (Now combined with IEEE)
CCIF International Telephonic Consultive Committee
CCIR International Radio Consultive
Committee
CEE International Commission on Rules
for Approval of Electrical Equipment
CSA Canadian Standards Association
DIN Deutsche Industrie Normen (Standards; can be obtained from USASI)
EIA Electronic Industries Association
(Formerly RETMA)
EIAC Electronic Industries Association
of Canada

IEEE Institute of Electrical and Electronic Engineers (Formerly AIEE)
IEC International Electrotechnical Commission

IHF Institute of High Fidelity
IRIG Inter Range Instrument Group
IRE Institute of Radio Engineers (now
combined with IEEE)
ISO International
Organization

USASI United States of America Stan-

manufacturers of recording
equipment provide plug-in equalization
in tape recorders to meet these stanCertain

dards, as is discussed in Question 17.172.
25.198 Describe the Hall effect-In

1897, Edwin Hall, a physicist at Johns
Hopkins University, while conducting
basic research on the nature of electrical conduction discovered that if a
very thin strip of gold foil was passed
through the field of a powerful electromagnet carrying longitudinal currents,
and a sensitive galvanometer was connected across the strip as shown in Fig.
25-198A, a difference of potential could
be measured between the two edges.
The equipotential lines running at right
angles to the edges are skewed into an
oblique position and the lines of current
are deflected to one side. The Hall effect,
when discovered, was of little interest

except it added to the store of knowledge on the conduction of electric currents. However, since the extensive use
of solid-state devices, the Hall effect has

become of great interest, since semiconductor devices can develop as much
as

for

Standardization

JAN Joint Army -Navy Specifications
MIRA Magnetic Recording Industries
Association (Now EIA)

1

volt of Hall voltage and can be

used to operate a relay without further
amplification.
Fig. 25-198B shows a modern version

of the Hall effect, which produces an
output

voltage

proportional

to

the

THE AUDIO CYCLOPEDIA

1679

Fig. 25-198A. Basic principles of the generator used by Hall in his experiments which
established the Hall effect. (Courtesy, Lenkurt Electric Co.l

product of the magnetic field strength

the control of

and input current. The inherent Hall
effect in semiconductors has a fre-

point. H. L. Hazen, in 1934, proposed

a

device at a remote

quency response from dc to about 10"

the term -servomechanism," which may
be defined as "a power amplifying de-

Hz, or a 1000-GHz bandwidth. Since the

vice in which the amplifying clement

advent of semiconductors, many uses
for this effect have been found, such

driving the output is actuated by the
difference between the input and the

as in ammeters, voltmeters, wattmeters,
multipliers, dividers, modulators, memory devices, and in a host of others.
25.199 What it a servomechanism?
-An electromechanical system used for

output." A typical example is a synchro
generator at a given location which,
when actuated, causes the shaft of a remote unit to turn to a given angle with
power amplification. If the rotation of
the shaft in the remote unit differs from
that of the control unit, an error voltage
is generated. This voltage is used to
correct the difference in the angles of

MAGNETIC FIELD
AC OR DC

the two shafts and bring the remote
unit to the exact angle of the control
unit.
Selsyn interlock systems such as are

SEMICONDUCTOR

described in Question 3.48 are often

MATERIAL
MALL -DC
OUTPUT
VOLTAGE

referred to as servo systems, although
they do not meet the exact definition of
such a system.
25.200 What is a skewed winding?

AC INPUT
VOLTAGE

Fig. 25-198E1. Modern version of a Hall effect generator.

-A special winding developed by the
General Radio Co. for use with their
variable delay lines. The wire is wound
on a flat card in the shape of a letter D
as shown in Fig. 25-200. After winding,
the card is bent into a circle and placed

GENERAL INFORMATION, CHARTS, AND TABLES

slant up to a critical value of phase
change per turn. In effect, skewing offers a means of control over the mutual
inductance between turns of a distributed -winding delay line.

EIDE vice
TOW vine

Fig.

25-200.

The

General

1679

Radio

Several different forms of skewed

Co.

skewed winding, for variable delay line

winding have been developed; however,
the D -shaped winding on a flat mandrel
card appears to be the most satisfactory

use.

on a standard circular mounting used
for a potentiometer or rheostat.
The use of skewed winding provides
a more nearly constant effective inductance of the distributed winding. Skew-

one, since it results in a smooth wind-

ing the inductance produces an effective
inductance which remains nearly con -

and how is it used?-A reactance chart
developed by the Bell Telephone Lab -

ing of constant characteristic impedance
which can be curved to fit a standard
potentiometer mounting.
25.201 What is a reactance chart
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AL 1-110E Of S"A'iON

BAROMETRIC PRESSURE
AT STATION

T9 FEET ABOVE
SEA LEVEL
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22-r.

1000

_r

750

21-,_

1050

/00

scio-

Fig. 25-203A. Nomograph for supplying altitude correction to barometric pressure.
93

oratories is shown in Fig. 25-201 This
chart can be used for solving problems
of inductance, capacitance, frequency,
and impedance. 11 two of the values are

known, the third and fourth may be
found with its use. As an example, what
is the value of capacitance and inductance required to resonate at a frequency

of 1000 liz in a circuit having an impedance of 500 ohms? Entering the chart
on the 1000 -Hz vertical line and follow-

ing it to the 500 -ohm line (impedance
is shown along the left-hand margin)
the value of inductance is indicated by

SS

the diagonal line running upward as
0.08 henries (80 millihenries), and the
capacitance read at the right-hand margin is 03
A practical problem involving the use

700

SOO

900

enRONIf TR C PRESSURE N

1000

1100

Id 1 t.10 ARS

Fig. 25-2038. Relationship of decibels to
barometric pressure.

of this chart is given in Question 6.43.
The chart may also be used for determining the reactance of an inductance

25.203 What effect does barometric
pressure hove on sound levels?-Altitude

or a capacitor and many other problems.

to

25.202

and barometric pressures are significant

the sound engineer particularly for

Give the color code used for

the calibration of microphones. Most

capacitors and resistors.- Color codes

for both resistors and various types of
capacitors are given in the illustration

barometers are calibrated to read pressure in terms of sea level. If the altitude
is not known, it may be obtained from

of Fig. 25-202.

the local weather bureau and correc-
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Frequency -Wavelength Conversion Chart

f
A
A
A
f
f
A
f
(meters) (kc) (meters (mc) (meters)(mc) (meters) (mc)
1,000 T 300

100

3

10 T 30

1 T 300

20

+200

200

2,000

3,000

20

200

100

300

90

1

30

10

3

100

30

40

800
40

4

70

70

5,000

60

500

6,000

60
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80
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90

80
4,000

11

20

9

.9

A
f
(cm) (mc)

700
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6

6

GO

50
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60

5

6

50

60

600
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70

7

8,000

800
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8

80

9,000

900

90

9

90

7,000

.6

40

10,000

30

70
400

40

1,000

.3

100

3

Fig. 25-204. Frequency to wavelength

10

30

100

mien nomograph.

300
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Fraction

!:.ash

.515625

13.097

34

33125

13.494

.794

1.191

as

546875

.0625
.078125

1.588
1.984

36

.5625
.578125

7

.09375
.109375

2.381
2.778

8

.125

9

.140625

136

37

1%2

38
39

40

10

.15625

3.175
3 572
3 969

11

.171875
.1875
.203125
.21875
.234375

4 360
4.763
5.159
5.556
5.953

17

.250
.265625

18

.28125

6.350
6.747
7.144

19

296875

7.541

20

.3125

7.938

21

8.334

53

8.731

23

.328125
.34375
.359375

24

.375

25

390625

9.128
9.525
9.922

12
14

15

16

22

7 In

28

.40625
.421875
.4375

Y'1.4

29
30

.453125
46875

31

.484375
.500

26
27

32

Fig.

33

.0397

13

14f.1,i

Millimeter,

.015625

6

%

Decimal

Iimelas

.03125
.046875

5

113.2

l .urtimo

2

4

3ju

llithoorien

1

3

1 '

Drnmol

10.319

41

42

'In

11.113
11.509
11.906
12.303

12.700

.828125
.84375

55

.8.59375

56

.875

57

.890625

21.034
21.431
21.828
22.225
22.622

58
59
60
61

.90625
.921875
.9375
.953125

62

.96875

51

10.716

'%a
II

:

16.669

54

48
49
50

1.11'

16272

19.050
19.447
19.844
20.241
20.638

47

lu

15.478
15.875

.750
.765625
.78125
.796875
.8125

46

52

63
84

671875
6875
703125

15.081

.71875
.734375

44

45

I:1

625
.640625
.65625

14.684

17.066
17.463
17.859
18.256
18.653

43
11

.59375
.609375

13.891
14.288

.984375
1.000

23.019
Z1.416
23 813
24.209
24.606

25.003
25.400

25-205. Decimal and millimeter equivalents, in 64th's of an inch.

tions made for altitudes other than sea
level. These corrections are a function
of altitude, temperature, and pressure,
the principal factor being altitude,
which amounts to 1 inch of mercury

millibars at the left. Connecting these
points by a straightedge, changes are
determined from the right-hand scale.
For example, with a barometric pres-

per 1000 feet above sea level.
Fig. 25-203A shows a conversion

sure of 26 inches at sea level, the reading on the right-hand scale is 880 millibars. But, if the altitude is 2000 feet the

nomograph for inches of mercury to
millibars. While the pressure should be
reasonably accurate, an error of 34 millibars (1 inch of mercury) in barometric pressure will cause only an error of
approximately 0.15 dB in microphone
calibratiou, and 0.3 dB in sound -level

barometric pressure is reduced to approximately 808 millibars. With a rise
of 1 inch of pressure at sea level the
pressure at the station rises to 914, as
read on the right-hand scale.
The relationship of decibels to barometric pressure is shown in the graph

calibrations.

in Fig. 25-203B.
25.204 Give a
length conversion

Referring to the nomograph, barometric corrections are shown in millibars for altitudes from 1000 feet below
to 10.000 feet above sea level. By select-

ing the altitude of the measuring location on the center scale, pressure may
be read In either inches of mercury or

frequency -to -wave-

nomograph.- The
wavelength for any frequency between
30 kHz and 3000 MHz can be read directly by means of the nomograph given
in Fig. 25-264. If only the frequency is

known, it may be converted to wave-

16U
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MM

Inches

MM

Inches

MM

Inches

.01

.0004

.45

.0177

.89

.0350

.02

.0008

.46

.0181

.90

.0354

.03

.0012

.47

.91

.0358

04

.0016

.48

.0185
.0189

.92

.0362

.05

.0020

.49

.0193

.93

.0366

.06

.0024

.50

.0197

.94

.0370

.07

.0028

.51

.0201

.95

.0374

.08

.0031

.52

.0205

.96

.0378

.09

.53

.0209

.97

.0382

.10

.0035
.0039

.54

.0213

.98

.0386

.11

.0043

.55

.0217

.99

.0390

.12

.0047

.56

.0221

1.00

.0394

.13

.0051

.57

.0224

.14

.0055

.58

.0228

.0787
.1181

.15

.0059

.59

.0232

2.00
3.00
4.00

.16

.0063

.60

.0236

5.00

.1969

.17

.0067

.61

.0240

.2362

.18

.0071

.62

.0244

.19

62

.0248

.20

.0075
.0079

.64

.0252

6.00
7.00
8.00
9.00

21

.0083

.65

.0256

10.00

.3937

.22

.0087

.66

.0260

11.00

.4331

.23

.0091

.67

.0264

12.00

.4724

.24

.0094

.68

.0268

13.00

.5118

.25

.0098

.83

.0272

14.00

.5512

.1575

2756
.3150

.3543

28

.0102

.70

.0276

15.00

.5906

.27

.0106

.71

.0280

16.00

.6299

28

.72

.0284

17.00

.6693

.29

.0110
.0114

.73

.0287

18.00

.7087

.30

.0118

.74

.0291

19.00

.7480

.31

.0122

.75

.0295

20.00

.7847

.32

.0126

.76
.77

.34

.0130
.0134

.78

.0307

35

.0138

.79

.0311

21.00
22.00
23.00
24.00

.8268

.33

.0299
.0303

.36

.0142

.80

.0315

25.00

.9843

.37

.0146
.0150

.81

.83

.40

.84

.0331

26.00
27.00
28.00
29.00

1.0236

.0154
.0158

.0319
.0323
.0327

.41

.0161

85

.0335

.42

.0165

.86

.0339

1.1811
1.2205

.43

.0169

.87

.0343

.44

.0173

.88

0347

30.00
31.00
32.00
33.00

38
.39

.82

Fig. 25-206. Millimeter equivalents in inches.

.8661

.9055
.9449

1.0630
1.1024
1.1417

12598
1.2992
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Equivalents

Unit
1 Hp.
1 Hp.
1 Hp.
1 Hp.
1 Hp.
1 Hp.
1 Hp.
1 Hp.

746 watts
0.746 kw.

I Kw.

1,000 watts
1.34 horsepower
2,654,200 ft.-lbs. per hour

1 Kw.
1 Kw.
1 Kw.
1 Kw.
1 Kw.
1 Kw.
1 Kw.
1 Kw.

1 Watt
1 Watt
1 Watt
1 Watt
1 Watt

1 Watt

33,000 ft.-lbs. per minute
550 ft-lbs. per second
2,544 Btu. per hour
42.4 Btu. per minute
0.707 Btu. per second
2.64 lbs. water evaporated per
hour from and at 212'F.

44,240 ft-lbs. per minute
737.3 ft.-lbs. per second
3,413 Btu. per hour
56.9 Btu. per minute
0.948 Btu. per second
3.53 lbs. water evaporated per
hour from and at 212' F.

16117

Equivalents

Unit
1 Hp. -hr.
1 Hp. -hr.
1 Hp. -hr.
1 Hp. -hr.
1 Hp. -hr.

0.746 kw. hours

I Hp. -hr.

17.0

1,980,000 ft-lbs.
2,545 Btu.

273,740 kilogram meters
2.64 lbs. water evaporated

from and at 212'F.

lbs. water raised from

62*F. to 212'F.
1 Kw. -hr. 1,000 watt hours
1 Kw. -hr. 1.34 horsepower hours
1 Kw -hr. 2,654,200 ft.-lbs.
1 Kw. -hr. 3,600,000 joules
1 Kw. -hr. 3,413 Btu.
1 Kw. -hr. 367,000 kilogram meters
1 Kw. -hr. 3.53 lbs. water evaporated

from and at 212'F.
1 Kw. -hr. 22.75

lbs. water raised from

62'F. to 212'F.

1 joule per second
0.00135 horsepower

3.413 Btu. per hour
0.7373 ft. lb. per second

1 Ft. -lb.
1 Ft. -lb.

water evaporated
per hour
44.24 ft.-lbs. per minute

1 Ft. -lb.
1 Ft. -lb.

0.0035 lb.

1 Ft -lb.

1,356 joules
0.1383 k.g.m.
0.000000377 kw. hours
0.001285 Btu.

0.0000005 hp. hour

Fig. 25-207. Mechanical, electrical, and heat equivalents.

length for values of 10 centimeters to
1000 meters. The value of frequency or
wavelength is found on one of the ver-

lines and the desired converted
value is read from the opposite side of
tical

quartz, Styrofoam, and Teflon, whose
dielectric constants remain essentially
constant. Small differences in the composition of a given material will also af-

fect the dielectric constant. A table of

the line.

dielectric constants

25.205 Ctre a fracbanal, decimal,
and millimeter equivalent table. -Stich

25-211.

a table is shown in Fig. 25-205.
25.206 Give a millimeter -inch equivalent table. -Such a table appears in
Fig. 25-206.
25.207 Give a table of mechanical,
electrical, and heat equivalents. Such

is

given in Fig.

25.212 Give the capacitance per
foot for most frequently used coaxial
cable. -Coaxial cable is used quite extensively with various types of test

equipment. When such cable is replaced

the capacitance per foot must be taken
Into consideration, particularly for os-

a table is given in Fig. 25 -207.
25.208 Give a general conversion factor table. -Such a table is given in

cilloscope probes. The capacitance value
per foot is given in Fig. 25-212. The var-

Fig. 25-206.

from their coding:

ious types of cable may be identified

25.209

Give a table of common logarithms. -Such a table is given in Fig.
25-209.

25.210

Give

a table of natural trig

onorntric functions -Such z table appears in Fig. 25-210.

25.2/1 Give a table of dielectric
constants.- -The dielectric constant of

materials is generally affected by both
temperature and frequency, except for

It Radio frequency
G Made for US Government
- Number assigned by Government
approval
U Universal specification.

Thus, a cable marked, RG-11a/U means
radio frequency, Government, approval
number, with a universal specification.
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To Convert
Bars to dynes per square centimeter

British thermal units to foot-pounds
British thermal units to joules
British thermal units to watt-hours
British thermal units per minute to horsepower
Centimeters to feet
Centimeters to inches
Centimeters to meters
Centimeters to mils
Centimeters to millimeters
Circular mils to square centimeters
Circular mils to square inches

Multiply By
1 00
778.00

1055.00

0.293
0.02356
0.03281

0.3937
0.01
393.70

1000
5.067 X 10'

7 854 X 10'

Circular mils to square millimeters
Circular mils to square mils

5.066 X 10-4
0.7854

Degrees to minutes
Degrees to radians
Dynes per square centimeter to bars

60.00

0.01745
1.00

Ergs to joules
Feet to centimeters

10'
30.48

Feet to meters

0.3048

Foot-pounds to British thermal units
Foot-pounds to joules
Foot-pounds to kilogram meters
Foot-pounds per minute to horsepower
Foot-pounds per minute to kilowatts
Foot-pounds per minute to watts
Foot-pounds per second to horsepower
Foot-pounds per second to kilowatts
Foot-pounds per second to watts
Gram calories to joules
Horsepower to foot-pounds per minute
Horsepower to foot-pounds per second
Horsepower to kilowatts
Horsepower to watts
Inches to centimeters
Inches to meters

Inches to millimeters
Inches to mils
Joules to British thermal units
Joules to ergs
Joules to foot-pounds
Joules to gram -calories
Joules to kilogram-meters
Joules to watt-hours
Kilograms to pounds
Kilogram-meters to foot-pounds
Kilogram-meters to joules
Kilogram-meters per second to watts
Kilograms per kilometer to pounds per 1,000 feet

1.285 x 10'
1.356

0.1383

3.03 x 104
2.260 X 10'
0.0226

1 818 X 10''
1.356 x
1.356
4.18G

33,000.00
550.00
0.746
746.00
2.54
0.0254
25.40

1,000.00

9.47 x 10-'
10'
0.7375

02388
0.10198

2.778 X 10'
2205
7.233

9.8117
9.807
0.6719

Fig. 25-208. Conversion factors for area, length,
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To Convert

Multiply By

Kilometers to feet
Kilometers to miles
Kilometers to yards
Kilowatts to horsepower
Meters to feet
Meters to inches
Meters to yards
Miles to kilometers
Millimeters to inches
Millimeters to mils
Mils to centimeters
Mils to inches
Mils to millimeters
Ohms per kilometer to ohms per 1,000 feet
Ohms per 1,000 feet to ohms per kilometer
Ohms per 1,000 yards to ohms per kilometer
Pounds to kilograms
Pounds per 1,000 feet to kilograms per kilometer
Pounds per 1,000 yards to kilograms per kilometer
Pounds per 1,000 yards to pounds per kilometer

3,281.00
0.6214
1,093.60

Radians to degrees
Radians to minutes
Resistivity in microhm centimeters to ohms CMF
Resistivity in ohms CMF to microhm centimeters

57.30
3438.00
6.0153
0.166

Specific gravity to pounds per cuhic inch
Square centimeters to circular mils
Square centimeters to square feet
Square centimeters to square inches
Square feet to square centimeters
Square feet to square inches
Square feet to square meters
Square inches to circular mils
Square inches to square centimeters
Square inches to square feet
Square inches to square mils
Square inches to square millimeters
Square meters to square feet
Square millimeters to circular mils
Square millimeters to square inches
Square mils to circular mils
Square mils to square centimeters
Square mils to square inches
Watts to foot-pounds per minute
Watts to foot-pounds per second
Watts to horsepower
Watts to kilogram-meters per second
Watt-hours to British thermal units
Yards to centimeters
Yards to meters

power, energy, and miscellaneous emits.

1.341

3.2808
39.3701
1.0936
1.6093
0.03937

393701

2.54 X 10'
0.001

0.0254
0.3048
3.2808
1.0936
0.4536
1.488
0.4960
1.0936

0.0361

1.973 x 10.

1.076 / l0'
0.155
929.00
144.00
0.0929
1,273,240.00
6.4516
6.944

10'

10"

645.16
10.764
1,973.51

1.55 X 10'
1.2732

6.452 X 10"
44.25
0.7375

1.341 X 10'
0.1020
3.4126
91.44
0.9144
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COMMON LOGARITHMS
N

0

1

2

3

4

S

6

7

8

9

10

0000

0043

0086

0128

0170

0212

0253

0294

0334

0374

10

11

0414

0453

0492

0531

0569

0607

0645

0682

0719

0755

11

12

0792

0828

0864

0899

0934

0969

1004

1038

1072

1106

12

13

1139

1173

1206

1239

1271

1303

1335

1367

1399

1430

13

14

1461

1492

1523

1553

1584

1614

1644

1673

1703

1732

14

15

1761

1790

1818

1847

1875

1903

1931

1959

1987

2014

15

16

2041

2068

2095

2122

2148

2175

2201

2227

2253

2279

16

17

2304

2330

2355

2380

2405

2430

2455

2480

2504

2529

17

18

2553

2577

2601

2625

2648

2672

2695

2718

2742

2765

16

19

2788

2810

2833

2856

2878

2900

2923

2945

2967

2989

19

20

3010

3032

3054

3075

3096

3118

3139

3160

3181

3201

20

21

3222

3243

3263

3284

3304

3324

3345

3365

3385

3404

21

22
23
24

3424

3444

3464

3483

3502

3522

3541

3560

3579

3598

22

3617

3636

3655

3674

3692

3711

3729

3747

3766

3784

23

3802

3820

3838

3856

3874

3892

3909

3927

3945

3962

24

25

3979

3997

4014

4031

4048

4065

4082

4099

4116

4133

26

4150

4166

4183

4200

4216

4232

4249

4265

4281

4298

25
26

27

4314

4330

4346

4362

4378

4393

4409

4425

4440

4456

27

28
29

4472

4487

4502

4518

4533

4548

4564

4579

4594

4609

28

4624

4639

4654

4669

4683

4698

4713

4728

4742

4757

29

30

4771

4786

4800

4814

4829

4843

4857

4871

4886

4900

30

31

4914

4928

4942

4955

4969

4983

4997

5011

5024

5038

31

32
33
34

5051

5065

5079

5092

5105

5119

5132

5145

5159

5172

5185

5198

5211

5224

5237

5250

5263

5276

5289

5302

5315

5328

5340

5353

5366

5378

5391

5403

5416

5428

32
33
34

35
36
37
38
39

5441

5453

5465

5478

5490

5502

5514

5527

5539

5551

35

5563

5575

5587

5599

5611

5623

5635

5647

5658

5670

36

5682

5694

5705

5717

5729

5740

5752

5763

5775

5786

37

5798

5809

5821

5832

5843

5855

5866

5877

5888

5899

38

5911

5922

5933

5944

5955

5966

5977

5988

5999

6010

39

40

6021

6031

6042

6053

6064

6075

6085

6096

6107

6117

40

41

6128

6138

6149

6160

6170

6180

6191

6201

6212

6222

41

42
43
44

6232

6243

6253

6263

6274

6284

6294

6304

6314

6325

42

6335

6345

6355

6365

6375

6385

6395

6405

6415

6425

43

6435

6444

6454

6464

6474

6484

6493

6503

6513

6522

44

45

6532

6542

6551

6561

6571

6580

6590

6599

6609

6618

46
47
48
49

6628

6637

6646

6656

6665

6675

6684

6693

6702

6712

6721

6730

6739

6749

6758

6767

6776

6785

6794

6803

45
46
47

6812

6821

6830

6839

6848

6857

6866

6875

6884

6893

6902

6911

6920

6928

6937

6946

6955

6964

6972

6981

48
49

50

6990

6998

7007

7016

7024

7033

7042

7050

7059

7067

50

SI

7076

7084

7093

7101

7110

7118

7126

7135

7143

7152

51

52

7160

7168

7177

7185

7193

7202

7210

7218

7226

7235

53

7243

7251

7259

7267

7275

7284

7292

7300

7308

7316

54

7324

7332

7340

7348

7356

7364

7372

7380

7388

7396

52
53
S4

N

0

1

2

3

4

5

6

7

8

9

N

N

Fig. 25-209. Table of
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COMMON LOGARITHMS (Continued)
N

0

1

2

3

4

5

6

7

8

9

N

55
56
57
59
59

7404

7419
7497

7427

7435
7513
7589

7451

7459

7528
7604
7679
7752

7536

7466
7543
7619
7694
7767

7474

7709

7412
7490
7566
7642
7716

7774

55
56
57
58
59

60

7782
7853
7924

7789
7860
7931

7846

60

7917

61

7987

7993

8000
8069

62
63
64

61

62
63
64

7482

7559
7634

8062

7649

7505
7582
7657

7723

7731

7738

7443
7520
7597
7672
7745

7796
7868
7938
8007

7803
7875
7945
8014

7810
7882
7952
8021

7818
7889
7959
8028

7825
7896
7966
8035

7832

8041

7839
7910
7980
8048

8075

8082

8089

8096

8102

8109

8116

8162
8228
8293
8357
8420

8169

8176
8241

8299
8363
8426

8306
8432

8182
8248
8312
8376
8439

8189

8235

8445

65
66
67
68
69

7574

7664

7612

7686
7760

7903
7973

7551
7627
7701

8055
8122

65
66
67
68
69

8129
8195
8261
8325

8136

8202
8267
8331

8142
8209
8274
8338

8149
8215
8280
8344

8388

8395

8401

8407

8156
8222
8287
8351
8414

70

8451

8457

8463

8470

8476

8482

8488

8494

8500

8506

70

71

8513
8573
8633
8692

8519
8579
8639
8698

8525
8585
8645
8704

8531
8591

8543
8603
8663
8722

8549
8609
8669
8727

8555
8615

8561
8621

8567
8627

71

8675
8733

8681
8739

8686
8745

73

8710

8537
8597
8657
8716

8751

8756
8814
8871
8927
8982

8762

8768

8774

8797

8802

8825

8831

8848

8882

8887
8943

8785
8842
8899
8954

8791

8820
8876
8932
8987

8779
8837
8893
8949

8854
8910

8859
8915

9004

9009

9015

8965
9020

8971

8998

9025

75
76
77
78
79

9042
9096
9149
9201

9047

9053

9058

9074

9079

80

9101

9112

9122

9128

9133

81

9175

9258

9269

9180
9232
9284

9186

9253

9106
9159
9212
9263

9063
9117
9170
9222
9274

9069

9243

9036
9090
9143
9196
9248

9289

82
83
84

9294
9345
9395
9445
9494

9299
9350
9400
9450
9499

9304

9309

9320
9370
9420
9469
9518

9325
9375
9425
9474
9523

9335
9385
9435
9484
9533

9340

85

9360
9410
9460
9509

9315
9365
9415
9465
9513

9330

9355
9405
9455
9504

9390
9440

86

9489
9538

87
88
89

9542
9590

9547
9595
9643
9689
9736

9552
9600

95.57

9562
9609
9657
9703
9750

9566
9614
9661
9708
9754

9571

9576

9619
9666
9713
9759

9624

9586
9633

91

9680
9727
9773

92

9717
9763

9581
9628
9675
9722
9768

9782
9827
9872
9917

9795
9841
9886
9930
9974

9800
9845

9805
9850
9894

9809
9854

9814
9859

9818
9863

95
96

989'J

97

9943

9903
9948

9908
9952

9978

9939
9983

9987

9991

9996

98
99

5

6

8

9

N

72
73
74
75
76
77

78
79

8808
8865
8921
8976

80

9031

81

9085
9138
9191

82
83
94
95

86
87
88
89
90
91

92
93

9638
9685

94

9731

95
96
97
98
99

9777

N

0

9823

9868
9912
9956

8651

8938
8993

9154

9206

9694

9605
9652
9699

9741

9745'
9791

9961

9786
9832
9877
9921
9965

1

2

common logarithms.

9647

9836
9881

9926
9969

9165
9217

9890
9934

8370

8904
8960

9227

9279

9380
9430
9479
9528

9671

8254

8319
8382

9238

72
74

90

93

94
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D4gms

0" 00'
10

20

30
40
50
1

00'
10

20
30
40
50
2

00'
10

20
30
40
50

3' 00'
10
20

30
40
50
4

00'
10

20
30

40
50

5' 00'

Cos

Ton

0.0000

1.0000
1.0000
1.0000
1.0000
.9999
.9999

0.0000

oo

.0029
.0058
.0087
.0116
.0145

343.77

0.9998
.9998
.9997
.9997
9996
.9995

0.0175

.0029
.0058
.0087
.0116
.0145

0.0175
.0204
.0233
.0262
0291

.0320

0.0349
.0378
.0407
.0436
.0465
.0494

0.0523
.0552
.05e I

.0610
.0640
.0669

0.0098
.0727
.0756
0785
.0814
.0843

0.0872

10

.0901

20
30
40
50

0929
0958
.0987
.1016

` 00'
10

20

30
40
50

7' 00'
10

20
30
40
50

8° 00'

0.1045
.1074
.1103
.1132
.1161

.1190

0.1219
.1248
.1276
.1305
.1334
.1363

0.1392

10

.1421

20
30

.1449
.1478
.1507
.1536

40
SO

9' 00'
10

20
30
40
50

CO

Sim

0.1564
.1593
.1622
.1650
.1679
1708
Cos

W oor
50
40
30

171 89
114.59

85.940
68.750

70
10

00'

57 290
49.104
42.964
38.188
34.368
31.242

89

0.9994
.9993
.9992
.9990
.9989
9988

0.0349
.0378
0407
.0437
.0466
.0495

28 636
26.432
24.542
22.904
21.470
20 206

88' 00'

0 9986
9985
.9983

0.0524
.0553
.0582
.0612

19.081

87

.9981

.9980
.9978

0.9976
.9974
.9971

9969
.9967
.9964

.0204
0233
0262
0291
.0320

.0641

18.075
17.169
16.350
15.605

SO

40
30
20
10

50

40
30
20
10

00'
50

40
30
20

.0670

1.924

0.0699

14.301

86' 00'

.0729
0758
.0787
.0816
.0846

13.727
13.197
12.706

50
40
30
20

12.251

11.826

10

10

85' 00'

9951
.9948

.0963
.0992
.1022

11.430
11.059
10.712
10.385
10.078
9.7882

0 9945
.9942
.9939
.9936
.9932
9929

0.1051
.1080
1110
.1139
.1169
.1198

9 5144
9 2553
9 0098
8 7769
8.5555
8 3450

84- 00'

0.9925
.9922
.9918
9914

0.1228
.1257
.1287
.1317
.1346
.1376

8.1443
7 9530
7.7704
7.5958
7.4287
7.2687

53° 00'

0.1405
.1435

7.1154
6.9682
6.8269
6.6912
6.5606
6.4348

82' 00'

81' 00'

0.9962
.9959
9957
9954

.9911

.9907

0.9903
9899
9894
.9890
.9886
.9881

0 0875
.0904
.0934

1465

.1495
.1524
.1554

0.9877
.9872
.9868
.9863
9858
.9853

0.1584
.1614
.1614
.1673
.1703
.1733

6.3138
6 1970
6.0844
5 9758
5.8708
5.7691

Sin

Col

tin

50
40
30
20
10

50
40
30
20
10

50
40
30
20
10

50
40
30
20
10

50
40
30
20
10
Chogromps

Fig. 25-210. Tabl of natural
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GENERAL INFORMATION, CHARTS, AND TABLES
Degrees

Sin

Cos

Ian

Col

10' 00'

0.1736
.1765

0.1763

20
30

.1794
1822

5.6713
5.5764
5.4845
5.3955
5.3093
5 2257

80' 00'

10

79' 00'

2004
2035
.2065
.2095

5.1446
5.0658
4.9894
4.9152
4.8430
4 7729

0.2126
.2156
.2186
.2217
2247
2278

4.7046
4.6382
4.5736
4.5107
4.4494
4.3897

78

77' 00'

.2370

4.3315
4.2747
4 2193

.2401

4.1653

40

1851

50

.1880

0.9848
9843
9838
9833
9827
9822

11' 00'

0.1908

0.9816

0 1944

10
20

.1937
.1965
.1994
.2022

9811
.9805
.9799

1974

30
40
50

12' 00'
10

70
30
40
50

9793
.9787

0.2079
.2108
.2136
.2164
.2193

0.9781
.9775
.9769
.9763
9757

9750

.2221

50
40
30
20
10

50
40
30
20
10

00'
50
40
30
20
10

.2278
2306
.2334
.2363
.2391

0 9744
.9737
.9730
.9724
.9717
.9710

0.2309
.2339

2432
2462

4.1126

50
40
30
20

4.0611

10

0.2419
2447
.2476

0.9703
.9696
9689
.9681

.9674
.9667

2617

4.0108
3.9617
3.9136
3.8667
3 8208
3.7760

76° 00'

.2504
.2532
.2560

0.2493
.2524
.2555
.2586

0.2588
.2616
.2644
.2672
.2700
.2728

0.9659
.9652
9644
9636
.9628

0 2679

3.7321
3.6891

75" 00'

0.2756
.2784
.2812
.2840
.2868
.2896

0 9613
9605
9596
9588
.9580
.9572

0.2867
.2899

20
30
40
50

0.2924
.2952
.2979
.3007
.3035
3062

0.9563
.9555
9546
.9537
.9528
.9520

18' 00'

0.3090

10

.3118
.3145
.3173
.3201
.3228

0.9511
9502
.9492
.9483
9474
9465

13

00'

.2051

.1793
.1823
.1853
.1883
.1914

10

20

30
40
50

14'

00'
10

20
30
40
50

15' 00'
10

70
30
40

50

16'
10

20
30
40
50

17' 00'
10

20
30
40
50

0.2250

19' 00'

0.3256

10

.3283
.3311
.3338
.3365
3393

20
30
40

_IQ _

Cos

.9621

.

.2648

2711
.2742
.2773
.2805
.2836

10

50

3.6470
3.6059
3.5656

40
30
20

3 5261

10

3.4874
3.4495
3.4124
3.3759
3 3402
3.3052

74° 00'

0.3057
.3089
3121
.3153
.3185
.3217

3.2709

73' 00'

03249

.2931

.2962
.2994
.3026

.3281

.3314
.3346
.3378
.3411

0 9455
.9446
.9436
.9426

0.3443
.3476
.3508

.9417

9402_

.3574
3607

Sin

Cot

trigonometric functions (Continued next page)

50
40
30
20

.3541

SO

40
30
20
10

3.2371
3.2041
3.1716

50
40
30

3.1397
3.1084

TO

3.0777
3.0475
3.0178
2.9887
2.9600
2.9319

72' 00'

2.9042
2.8770
2.8502
2.8239
2.7980
2.7725

71' 00'

Tart

10

50
40
30
20
10

50

40
30
10

Dogroos
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Misprints

Sin

Cos

Tan

Cot

20' 00'

0.3420
.3448
.3475
.3502

0.3640
.3673

2.7475
2.7228
2.6985
2.6746

.3557

0.9397
.9387
.9377
.9367
.9356
.9346

0.3584

0.9336

.3611
.3638
.3665

.9325
.9315
.9304
.9293
.9283

0.3839
.3872
.3906
.3939
3973
.4006

2.6051
2.5826

0.4040
.4074
.4108
.4142
.4176
.4210

2.4751

2.3559
2.3369
2 3183
2.2998
2.2817
2.2637

67

10

20
30
40
SO

21' 00'
10

20
30
40
50

22' 00'
10

20
30
40
50

3539

.3692
.3719

0.3746
.3773
.3800
.3827
.3854
.3881

0.9272
.9261
.9250
.9239
.9228
.9216

.3706
3739
3772
.3805

70' 00'

2.6511

50
40
30
20

2.6279

10

69

00'
50
40
30

2.5605
2.5386
2.5172
2 4960

20
10

68

2.4545
2.4342
2.4142
2.3945
2.3750

00'
50
40
30
20
10

00'

20
30
40
50

.3961

.3987
.4014
4041

.9171

.9159
.9147

0.4245
.4279
.4314
.4348
.4383
.4417

24° 00'

0 4067
.1094
.4120
.4147
.4173
.4200

0.9135
.9124
.9112
.9100
.9088
.9075

0.4452
.4487
.4522
.4557
4592
.4628

2.2460
2.2286
2.2113
2.1943
2.1775
2.1609

66' 00'

0.4226
.4253
.4279
.4305

0 9063

2.1445
2.1283
2.1123
2.0965
2 0809
2.0655

65' 00'

2 0503
2.0353
2.0204
2.0057
1.9912
1.9768

64° 00'

1.9626
1.9486
1.9347
1 9210
1.9074
1.8940

63' 00'

1 8807
1 8676
1.8546
1.8418
1.8291
1.8165

62° 00'

.5354
.5392
.5430
.5467
.5505

61' 00'

23

00'
10

10

20
30
40
50

25' 00'

0.3907
.3934

0.9205
.9194
.9182

.4331

.9026
.9013

0.4663
.4699
.4734
.4770
.4806

.4358

.9001

.4841

0.4384
.4410
4436
.4462
.4488
.4514

0.8988
8975

0.4877

0.4540
.4566

0.8910

10

20
30
40
50

.4592
.4617
.4643
.4669

.8897
8884
.8870
8857
.8843

28' 00'
10

0 4695
.4720

0.8829
.8816

20
30
40
50

.4746
.4772
.4797
4823

.8802
.8788
.8774
.8760

29° 00'

0.4848
.4874
.4899
.4924
4950
.4975

0.8746
8732
.8718
.8704
8689
.8675

0 5513

I 8040

.5581

1.7917
1.7796
1.7675
1.7556
1.7437

Cos

Sin

Cot

10

20
30
40
50

26' 00'
10

20
30
40
50

27° 00'

10

20
30
40
50

.9051
.9038

.8962
.8949
.8936
.8923

.4913
.4950
4986
5022
.5059

0.5095
.5132
.5169
.5206
.5243
.5280

0.5317

.5619
.5658
.5696
.5735

TIM

50
40

30
20
10

50
40
30
20

50
40
30
20
10

50
40
30
20
10

50
40
30
20
10

50
40
30
20
10

SO

40

30
20
10

Dg s
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GENERAL INFORMATION, CHARTS, AND TABLES
Degrees

Sin

Cos

Tan

Cal

30' 00'

0.5000
.5025
.5050
.5075
.5100
.5125

0.8660

0.5774
.5812

1.7321

.8646
.8631

.5851

.8616

.5890
.5930
.5969

16977

0.5150
.5175
.5200
.5225
.5250
.5275

0.8572
.8557
.8542
.8526

0.6009
.6048
.6088
.6128
.6168
.6208

1.6643
1.6534
1.6426
1.6319
1.6212
1.6107

59' 00'

0.5299

0 8480
.8465
.8450
.8434
.8418
.8403

1.6003
1.5900
1.5798
1.5697
1.5597
1.5497

58° 00'

.5324
.5348
.5373
.5398
.5422

0.6249
.6289
.6330

33' 00'

0.5446

0.8387

1.5399

sr ow

10

.5471

.8371

1.5301

20
30
40
50

.5495
.5519
.5544
.5568

.8355
.8339
.8323
.8307

50
40

34' 00'

0.5592
.5616
.5640
.5664
.5688
.5712

0.8290
8274

0.5736
.5760
.5783
.5807

0.8192
.8175
.8158

.5831

.5854

.8124
.8107

10

20
30
40
50

31' 00'
10

20
30
40
SO

32' 00'
10

20
30
40
50

10

20
30
40
50

35' 00'
10

20
30
40
50

00'

.8601

.8587

8511

.8496

.8258
8241
.8225
.8208

.8141

0.5878

0.8090

10

5901

20
30

.5925

40
50

.5972
.5995

.8073
.8056
.8019
8021
.8004

37' 00'

.6018

36

38 -

5948

.6371

.6412
.6453

0.6494
.6536
.6577
.6619
.6661

.6703

1.7205
1.7090
1.6864
1.6753

1.5204
1.5108
1.5013
1.4919

60' 00'
50
40
30
20
10

50

40
30
20
10

50
40
30
20
10

30
20
10

1.4826
1.4733
1.4641
1.4550
1.4160
1.4370

56' 00'

1.4281

55' 00'
50

7221

1.1193
1.4106
1.4019
1.3934
1.3848

0.7265
7310
.7355
.7400
.7445
.7490

1 3764
1.3680
1.3597
1.3514
1.3432
1.3351

54' 00'

1.3270
1.3190

53' 00'

0.6715
.6787
.6830
.6873
.6916
.6959

0.7002
.7046
.7089
7133
7177

50
40
30
20
10

40
30
20
10

50
40
30

20
10

10

.6041

.7986
.7969

20
30
40
50

.6065
.6088

.7951
.7934

.6111

.7916
.7898

.7536
.7581
.7627
.7673
.7720
.7766

00'

0.6157
.6180
.6202

0.7880
.7862
.7844
.7826
.7808
.7790

0.7813
.786D
.7907
.7954
8002
8050

1.2799
1.2723
1.2647
1.2572
1.2497
1.2423

52° 00'

0.8098
8146
.8195

1.2349
1 2276
1.2203

51' 00'

.6361
.638.3

0.7771
.7753
.7735
.7716
.7698

1.2111

30

.6406

.7679

.8243
.8292
.8342

1.2059
1.1988

20
10

Cos

Sin

Cot

10

20
30
40
50

39' 00'
10

20
30
40
SO

.6134

.6225
.6248
.6271

0.6293
.6316
.6338

trigmeentetric funetiosse (Continued next penal.

1.3111

1.3032
1.2954
1.2876

Ton

50
40
30
20
10

50
40
30
20
10

50

40

Degrapes
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Degrees

Sin

Cos

Tan

Cot

40' 00'

0.6428

0.7660

0.8391

.6450
6472
.6494
.6517
.6539

.7642
.7623
7604
.7585
.7566

.8441
8491
.8541
.8591

.8642

1.1918
1.1847
1.1778
1.1708
1.1640
1.1571

50' 00'

10

0 6561
6583
6604
6626

0.7547
.7528
.7509
.7490
.7470

0 8693
8744
8796
.8847
8899
8952

1.1504
1.1436
1.1369
1.1303
1.1237
1.1171

49- 00'

1106
1.1041

48' 00'

20
30
40
SO

41' 00'
10

20
30
40
50
42

6648
6670

00'
20
30
40
50

43" 00'
10

20
30
40
50

SO

45' 00'

40
30
20
10

6756
6777
6799

.9163
9217
.9271

1.0913
1.0850
1.0786

0.6820

0.7314

0.9325

1.0724

47' 00'

.6841
.6862

.7294
.7274
.7254
7234
.7214

.9380
.9435
.9490
9545

1 0661

50
40
30
20

0.7193
.7173
.7163
.7133
.7112
.7092

0.9657
9713
9770
.9827
.9884

.6967
6988
.7009
.7030
.7050
0 7071

20
30
40

50

50
40
30
20
10

0 6947

10

10

0.7431
.7412
.7392
.7373
.7353
.7333

6884
6905
.6926

44' 00'

40
30
20

0.9004
.9057
9110

0.6691
.6713
.6734

10

7451

SO

1

10977

1 0599
1 0538
1 0477
1 0416

.9601

0.7071

.9942
1.0000

1.0355
1.0295
1.0235
1.0170
1.0117
1,0058
1.0000

Sin

Cot

Tan

Cos

10

46' 00'

Dogrel.,

50
40
30
20
10

45° 00'

Fig. 25 210. Table of natural trigonometric functions (Cont'd).

The letter appearing before the slash

(;)

a specification modification.
25.213 Give an energy -level chart.
--Energy levels are difficult to conceive
is

without comparing energy levels from
one scientific field to another. The energy chart prepared by J. R. Williams,

Air

Force

Special

Weapons

Center

(a) To find current or voltage loss or
gain equivalent to a given number of
decibels, find the required number of
decibels in the Decibel Voltage column and read the corresponding ratio
in loss or gain column.
(b) To find power loss or gain ratio
equivalent to a given number of de-

(ARDC), appears in Fig. 25-213 and is
desigr.ed to relate several commonly
used units with that of real life. It will
be observed, moving downward along

cibels, find the required number of

the energy level in-

(c) To find the number of decibels
equivalent to a given loss or gain,

the chart, that

creases. Horizontally it is constant. For

example, the energy equivalent of

1

gram of matter is 9 x 10' ergs, which is
approximately 2.5 x 10'" watt-hours, or
the energy from 20 kilotons of TNT exploded, or the energy released in complete fission of 1 kilogram of radio active uranium U-235.
25.211 Give a decibel ratio table for
gain or foss of voltage and parer. -To
simplify the computation for equivalent
number of decibels for loss or gain ra-

tios of power or voltage, the table
Fig. 25-214 may be used as follows:

in

decibels in the decibel power column

and read the corresponding ratio in
the loss or gain column.

find the required ratio in loss or gain,
and read the corresponding number
of decibels in the Decibel Voltage
column.

(d) To find the number of decibels
equivalent to a given power loss or
gain, find the required ratio in the
loss or gain column and read the corresponding number of decibels in the
Decibel Power column.

Decibels = 10 Log,. (Pi/Pi)
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Dielectric
Constant
(Approx.)

Dielectric
Constant

(Approx.)

Material

Air

Plexiglass

Polyethylene
Polystyrene
Porcelain (dry process)
Porcelain (wet process)
Quartz

2.3
2.4-3.0
5.0.5.5
5.8-6.5
5.0

5.0
3.6-6.0
3.8-14.5
7.5
4.6-5.0

Quartz (fused)
Rubber (hard)
Ruby Mica
Shellac (natural)
Silicone (glass) (molding)

3.78
2.0-4.0

7.6

Silicone (glass) (laminate)

31-4.3

Beeswax

2.6-2.7
5.0-22
4.5-4.8
2.4.2.8

Cambric (varnished)
Celluloid
Cellulose Acetate
Durite
Ebonite

4.0
4.0
3.1-1.5
4.7-5.1
2.7

formica
Glass (electrical)
Glass (photographic)
Glass (Pyrex)

Nylon
Paper (dry)
Paper (paraffin coated)
Paraffin (solid)

3.4.22.4
1.5.3.0
2.5-4.0
2.0-3.0
2.6-3.5

1.0

Amber
Bakelite (asbestos base)
Bakelite (mica filled)

Fiber

Materiel

Glass (window)
Gulls Percha
Isolentite
Lucite

2.4-2.6
6.1

7.0

Slate

Steatite (ceramic)
Steatite (low loss)
Styrofoam

Mica (electrical)

2.5
4.0-9.0

Mica (clear India)
Mice (filled phenohc)

12-51

Teflon
Vaseline

Micarta
Mycalex
Neoprene

3.2.5.5
7.3-9.3
1.0-6.7

Vinylite
Water (distilled)
Wood (dry)

7.5

5.4

2.9-3.9
3.2-4.7

51-6.3
4.4
1.03
2.1

2.16
2.7-7.5
34-78
1.4.2.9

Fig. 25-211. Dielectric constants of materials.

If the two voltages or currents under
consideration are at the same impedance level, then:

tromagnetic radiations they cannot
travel through a vacuum. Ultrasonic
frequencies range from 0.016 MHz to 10

Decibels = 20 Lou., (E,/E,)

MHz, and are used in nondestruct testing of various materials.

For values outside the range of the
table, the rules that appear below the
table apply.
25.215 Describe a device using ultrasonic sound waves for detecting flows

in metal.-The use of ultrasonic sound
waves has great industrial importance
in the detection of flaws in castings,
nonbonds, welding, and biological examinations. Although ultrasonic sound
waves differ radically from electromagnetic waves, such as visible light, they

can be manipulated in similar ways.
They can be reflected, refracted, scattered, and absorbed, and the same phys-

ical laws apply approximately to both
types of waveforms. This has led to the
development of an ultrasonic camera,
which has the capability of changing an
ultrasonic image to an easily recognizable visual form. A device of this type,
developed by James Electronics, Inc.,
with a tradename of Ultra -Scan is pictnred in Fig. 25-215A.
All sound waves are basically a series
of compressions and rarefactions moving through a medium, and unlike elec-

An

ultrasonic

waveform

passing

through a material may be attenuated
in two ways: by reflection and refraction, and by scattering from discontinuities. Its energy may also be absorbed
by the material. Similarly, a porous

material gradually scatters the main

portion of the beam and reduces

its

energy.

The basic principle of the James
Electronics system is given in Fig. 25215B. It is based on the idea that if an
extended area of piezoelectric material
is subjected to sound energy at a point
on its entire surface, a potential will be
produced at that point rather than over
the entire surface. If this surface is
scanned with a high -velocity electron
it emits secondary electrons
which are displayed on a CRT. The important points of this system are that a
secondary electron beam is modulated,
and its intensity varies with the poten-

beam,

tial at each point on the piezoelectric
target. Thus, ultrasonic energy passing
through an object will produce varying
potential in the surface of the piezoelec-
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Type

52.5
50

6
8

76

9

51

28.5
29
20
29.5
30

5

5A

9A
I I

13

14
16
17

19
21

22
23

25
26
27
28
33

34
35
36

4I
544
55
56
57
58

58A
59
60

52

51

30

75
74
52
52

20.5
20.5
29.5
29.5

52
52
53
95
125

29.5
29.5

48
48

48
48

29
16

50

- 53.5

28.5

95
53.5
50

17

30
30

73

21

500

62

93

63
64
65

125

48

--

nu
2.9

.16
.12

.77
66
.78
.55
.47

.21

.16
.21

.16

.59

.18
.18
.10

.62

.06

.24

.62
.38

400
rat

2.4
2.9
2.0

6.5
5.25
6.5
4.5

1.9

4.4

23
2.2
2.2

5.2
4.7
4.7
3.5

1000
Inc

11.5
8.8
11.2
8.5
85

.134

1.4
.41

---

1.5

.95
.68
.17
4.4 14.0
1.3
4.3
.4

--- -- --

1.7

2.4

I 28

---- -- - - 1.3

.18

.74

3.5
46.0

- --

29.0
8.8

---

.065 .29
.064 .22

4.4

--11.5

Special twist
Flexible, small
Flexible, small

-

10.4

17.0

.18
.38
.42

.71
1.4
16

3.0

73
11.2
14.0

13.0
20.0
24.0

52

6.2

.405
.495
.405

.19

250

.25

50

76

25

29.5
50

--

-

.425
.490
1.088
.245
405
.730
.470

50
50
50

65
29
29
29.3

126
140

50

29

73

21

141

142
143

50
50
50

29
29
29

.290
.242
.195
.206
.325

144
174

72
50

71

.395

30

10

160

3.8

8.5

14.0

2.7

5.6

9.0

-- -- -- - _ _
- - - - -- -- -- - -

4.0

.13

.83

.52

.05

.20

.40

170

3.20 9.0
.33 103
.35
.35
.24

1.12
1.12
.77

2.0

2.7

2.0

.53

-- -- 90_ - 6.3

5.6

4.4

7.6

-- -- -

Pulse

Twin conductors
General purpose
Test leads

TV lead-in
Pulse cable
Special 500 -ohm

Iwinlead
low capacity. small
Low capacity
Pulse

Coaxial delay line
low capacity, small
Pulse

Pulse

Teflon dielecoric
Pulse

Twin conductors
Fatra flez.ble
Teflon IS Fiberglas
Teflon & Fiberglas

2.0

3.6

70

16 5

29.0

25 0
3.3
3.8
3.8
2.5

47.0

72.0

6.9
8.0
80

11.7
13.8
13.8

5.3

9.0

Teflon IS Fiberglas
Teflon & Fiberglas
Teflon L Fiberglas
Teflon & Fiberglas
Teflon It Fiberglas

-

Miniature coaxial

.85

- - .16

Flexible, medium
low -loss video

6.7

4.8

.61

(balanced)
Pulse
Pulse
Pulse
Pulse
Pulse

3.1

4.2

1.3

.83

lowloss RF
Attenuating cable
Twin conductors
Twin conductors

6.0

.36

1.1

RF power

3.3
2.3

.85

10

48
50
48
75
140

IF 8. video
General purpose
General purpose

6.0 RF power
RF power

.25

415

Small, double braid
Small, low loss

- - - - -

.242

50
44
13.5
50

REMARKS

8.6 Stable alienualion
8.2 Community TV
8.2 IF

13 5

78

185

100

-

48

108
114
117
119
122

.206
.535
.625
.195
.195

10
me

-- -- -- -- --

77

102

.625
.945
1.180
.425
.250

me

.30

71

101

675
.805
.470

1

.242
.425

950
93

88

.870
1.120
.332
405

565
.525

21.5
21.5
22
27
26.5

50

.420
.405
420
.545
.630

50
50
50

71
71

58

.332
.328
.332
405
.420

.65 X.945

30

69
67.5

Diant.
(inches)

12

51

61

87A

Artenuatien-dls per 100 ft.

Cap.

RD... Imp
(mail
/U (ohms) peril.)

1.8

3.9

190

7.0 Teflon L Fiberglas

Fla. 25-212. Characteristics at coaxial cable.
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tric target, characteristic of the flaw of
the object. The final display on the CRT
is a visual presentation of the flaw.
Flaws on the order of 0.010 inch may be
thoroughly analyzed.
The Ultra -Scan, pictured in Fig. 25-

215A consists of a control console, a
sealed tube console, and a specimen
tank. The system may be operated at
frequencies between 1 and 10 MHz
Typical images as seen on the CRT are
shown in Figs. 25-215C and D

When the system is used for biological research, it is possible to identify the
differences between blood and tissue,

and between different types of tissue.
Frozen

tissues

are

easily

identified.

Cinesonograph (motion picture) of living tissue is also possible.
The system described can be used to
nondestruct test primary metals and
many nonmetallic materials for surface,
subsurface,

deep-seated

cracks,

hole

porosity differences, foreign inclusion,
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flow and stress patterns, larninal flow in
fluids. temperature differences, homogenity in potted assemblies, and many

constantly varying frequency hits this

others.

ical resonant frequencies provided by

the instrument and displayed as a logarithmically spaced pattern of neon
lights in a viewing window, covering an
arc of 180 degrees. A logarithmic function generator provides the basis for the
direct readout capabilities.

the test sample An ultrasonic thickness
gauge, Model 50-300, manufactured by
Magnaflux Corp., is shown in Figs. 25-

Three overlapping ranges provide
measurements ranging from 0.025 to 3.0
inches. To operate, the operator selects

resonance, there is an electrical change

within the crystal which is sensed by

25.216 Describe on ultrasonic thickness -measuring gouge. -Ultrasonic thickness -measuring gauges utilize the resonance principle, responding to mechan-

the correct range and applies a liquid

216A and B.

The instrument contains an ultra-

couplant to the material to be measured,

sonic oscillator which generates a continuously varying frequency. This fre-

and positions the transducer. A harmonic scale disc is then rotated until
the division lines accurately coincide
with a flashing light pattern. A circular
calibrated scale on the disc interprets

quency is fed to a crystal transducer.
Ultrasonic vibrations are emitted by the
crystal into the sample under test,
through a coupling medium such as oil,
glycerin, or a soap film. The mechanical

the flashes in terms of the thickness of
the material tested.
A number of transducers in various

resonant frequency of the test sample
varies with its thickness. When the
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of materials and shapes. They may also
be used for detecting casting core shift
and locating lack of bond in laminated
parts. The accuracy of the measurement
is 1 percent or better.
25.217

Describe the basic principles

of an ultrasonic cleaning device.-Ultra-

sonic cleaning units consist of a tank
containing a cleaning solution agitated
by a transducer energized from an oscillator operating in the range of 20 to
40 kHz. Small cleaning units generally
hold about one gallon of solution and
are driven from an oscillator with 35 to

50 watts of output. A 75 -gallon tank
takes about 3000 watts of power for its
operation.

25-215A. James Electronics, Inc.
Ultra -Scan ultrasonic camera system.

Fig.

The transducer unit is cemented or
bolted to the tank, either internally or
externally. The oscillator signal is converted to mechanical vibration by the
TO

ULTRASONIC
GENERATOR

PIEZOELECTRIC
TARGET OF
PICKUP TUBE

TRANSMITTING
CRYSTAL

Fig. 25-215B. Basic principle of James Electronics Inc. Ultra -Scan ultrasonic scanning system ter detecting flaws in castings and many other materials.

a.

IN

Fig. 25.21 SC. Ultra -Scan picture of a nonbond. Frequency, 2 MHz. Material, aluminum. The nonbond area is indicated by the dark pattern in the center of the display.
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Fig. 25-215D. Ultro-Scan disploy of a biological examination. Frequency, 2 MHz.
Material is bone, blood, and tissue.

Fig 25-216A. Model -50-300 ultrasonic thickness-rneosureng gauge manufactured by
Magnolias Corp.

MOTOR

ROTATRIC DISC

ND NEON LAMP

Fig. 25-216B. Basic circuit for Magna -

flu

ultrasonic

thicknessmeasuring
gouge.

TRANSDUCER
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transducer and is transmitted to the
cleaning solution to cause cavitation,

which blasts off the dirt from the surface being cleaned. The use of ultra-

1703

sonic frequency is not confined to clean-

ing, but also is made in drilling, in inspection of fractures in metal, in biology, and in many other fields.
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Alternator. 3.18. 104
Ambient miss level
ethyl of, 2.11. 43
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12.18.

543

dynamic characteristics

class-Alla. fixed -bias. circuit for. 12.243. 617
class -AB. linearity of. 33.43 1461.1452
class -AB. operation of, 12.64, 643
class -AB,. operation nf. 12.65, 543
class-ABJ, operation of. 12.66, 543
class -B. dynamic characteristics of. 12.228.
605

class -B. operation of. 12.47. 543
class -C. operation of. 12.69, 544
class -D. description of. 12.103 597
classification of. 12.61. 642
compsinder. definition of. 12.90. 556

complementary -symmetry. transistor. clan -A.
design of. 12.252, 627.6714

complementaryaymmetry, traniabitor. class -B.
design of. 12.251. 627
compound -connected. transistor, design of.
12.254.

niegative-feedlinek loop. 6.98. 297.298
Points of, 6.96. 295.296

Precautions In tonneeting networks. 11.211.
853

Three -channel, 627. 297
measurement of. 23.13. 1440

equaliser. definition of. 6.24, 267
equaliser. degenerative, 6.25. 267
expander. description of, 12.81. 555-636
extended elass-A. description of. 12.130. 672
extension of frequency range. purpose of.
12212. 594
filament -type pentode RC, frequency response, 12.20. 530
floating pars phase. description of. 12.53,
639440
fluid. description of, 12264, 641
frequency

distortion in. 12.116. 666

-doubler, definition of. 12.121, 666

628-629

compressor

adjustment. frequency (or. 18.92. 937-935

attack time. v

Amplifier
-coned
electrolytic and ;taper capacitors, 12.231, 616

113100. 939

balancing of. 13.34. 936: 11.93 915
breakaway point, definition of. 1434. 932
ceiling control. purpose of. 16.112. 939
de -easing. frequency response of. 1291. 937
description of. 12.79. 545
gain of. 16.96, 1138
harmonic distortion of. 11.93. 938

operating point of, 11.19. 939
precautions in use. 11.97. 938
ratios. definition of. 1127, 937
use of. 19.64. 931-432
where connected. 11.913
compressor -limiter

response. mensiorement of. 23.1. 1429.14:11
response. .i.111.111 level. 23.2. 1431

gain expressions, 23.17. 1443
gas -tube coupled. description of. 12.124. 656E37

good engineering prnetkes. 12.38. 157458
t effect, 12.102. 655
grounded
-grid. description of. 12.122. 666
nded-grid.

grounded -plate. definition of, 12.123 666
high -power. measurement of. 23.31. 1448
burn modulation. teat for. 23.122. 1504
horn potentiometer. use :if. 12.237. 1.16
impedance -coupled. definition of. 1233. 556.
567

inaudible oscillation. effect of, 12.213. 698
in parallel. Increase of power output. 12.201.

11311

596.597: 12.203. 597
in -phase. definition of. 12.91. 667

characteristic, of. 18.16, 932
schematic for. 18.31 922.937

input impedance. definition of. 12.161. 247

when used. 18.91. 937

continuous power output. levels tot. 23.208.
1555

input level. calculation of. 12.239, 616

instntneots* peak power. sine wave, rela-

cross -modulation. cause of. 23.39.
1487:
23.113. 1499
cross -modulation. purpose of. 18.246. 963965
crossoYer and notch distortion. 12.230. 601

tion to. 23.207. 1652
in tandem
frequency characteristics of, 12.199. 196
distortion. value of, 2327. 1467
gain of, 12.200. 596
integrated circuit. design of. 12.261, 631.640
intermietulation distortion. measurement of.

erystal-cottimphead, constant -amplitude constant -velocity operation of. 14.37. 707-

intermodulation versus harmonic distortion.

continuous power output. measurement of.
23.208.

1555

eroas-coupled. description of. 12.191. 191

708

crystal -cutting head, loading by. 14.33 707
crystal headphone coupled to. 33169. 1143
crystal microphone. description of. 4.27. 151
rutting head. power of. 13.114. 670
damping factor. how calculated, 12.177. 587
decade. description of. 22.134. 1403-1404
degenerative, definition of. 12.136. 573

dielectric. description of. 12.134. 572473
difference. description of. 12.36, 562-553
differential
high -gain. 22.72. 1323-1326

microphone equaliser. 6.131. 319
off -set voltage. definition of. 1232. 546.519
direct coupled, 1231. 515436
Loftin -White. 12.40 536
transistor complementary -.yin metes,design of. 12.253, 628
direct -current. definition of. 12.73 546
disc -record cutting head. type of. 12.111.
651332

distortion
measurement. procedure for. 23.13. 1486
measurements. typal of. 2327. 1485-1466

output transformer. cause of. 12.231. 616

types of. 12.114. 665
double -ended. definition of. 12.59. 642
driver, definition of. 12.178. 587
dynamic noise suppressor. definition

of.

12106. 941

effect of nonlinearity. 12.114. 564.565
electrolumineacence control, description of.
12.84. 548-550

23.113. 1499.1601
23.124, 1504.1503

Internal

input

impedance.

definition

of.

12.162. 357

internal
noise, cause of. 12.2111. 597
noise. stating of. 12317. 397
output impedance. definition of, 12.133, 5$7
interstage coupling. effect of. 12.153. 57M
isolation., definition of. 12.75. 545
leaky coupling capacitor. effect of. 12.31. 533
light value. type of. 12.144. 551432
limiter. broadcasting. use of. 18.111. 939
linearity
measurement of. 23.94, 1489

plotting of. 23.7. 1138

teal for. 23.36. 1447-1446

line. definition of. 12.74. 543
line noise. measurement of, 23.214. 1659
load impedance definition of. 12.164
I....king into, definition of. 12.179. 557
loudspeaker. type of. 12.164, 5141482
magnetic
cause of. 12.210. 697
magnetic coupling. test for. 23.59. 1461
magnetic dricription of. 12.262. 640-641

mimum undistorted output, definition of.
12.143 657

McIntosh. description of. 12231. 606-611
microphone. cparitor. 4.43 157-118
microphone. high intensity. 4.115. 219
Miller effect. 12193 5115
miner. description of, 12.77, 646
mixer, use of renter -tapped input roils. 12.77.
SI S

monitor. definition of, 12.713 345
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Amplifier la i-eunt:d
621.627

moturboating. description of. 12.193. 668
mounting of capacitors, 17.23$. 616
music power output. measurement of, 23.208.
power Velnell
23.209, 1155-1556

continuous

output.

neat se -feedback

advantage of low
mince.

output bellied.
12.142, 576.677; 12.145. 677
1

1

bandwidth of, 12.161. 681
decibel. of feedback. definition of,

12.146.

517

23.111.

1498

description of. 12.31. 539

effect of loop capacitor. 12.211. 601
effect of loop coupling capacitor. 12.156.
579-5110

effect on internal impedance. 12.142. 676517

equlitation of. 6.98. 797.298
equivalent circuit. 12.119, 577.578
feedback from output transformer. 12.160.

translator. design of. 12.259. 617.638
phasing of. 33.104. 1492.1493
plate -loading networks. methods of ounnee
tion. 12.150. 534-585

pints of voltage measurements. 11.192, 588
frequency

response versus power level.
12.131. 572
g ain versus frequency. measurement of.
23.35.

1446-1441

inductive termination.

effect

of,

33.1119.

motion picture theaters. 2.17. 19
' election of tubes. 12.190. 588
transistor. half -bridge- design of.

12.255,

1612.1513

629-631

output, stating of. 12.206, 697

581

feedback from plate. 11.159, 680.531
677:

12.114.

frequency response versus feedback, 12.143.
677

gain reduction. calculation of. 12.146. 677
internal output impedance, 12.142. 676.677
loop equalisation. 12.137. 5.80; 12.1511. 580
number of stages in loop. 11.150, 6714
open -loop gain. defInithin of. 12.144, 577;
12.165. 681.583

operation of. 12.139, 574.675
Phase shift. 12.168. 6111

ilushpull. 12.161. Se:
reduction of distortion. 12.141. 675-676
reduction of noise. 12.111. 576

stability of, 12.163. LSI
test for atability. 12.167. 68i-684
transformers for. 12.152. 6711

preliminary. definition of. 12.133. 572
program. definition of. 12.135. 573
program -distribution. description of.

12./15,

550-551

program -leveling. description of. 1244, 548550

Purpose of grid and plate capacitor,. 12.219.
6

fo ish-02.601
1,

advantages of, 12.105. 559-360

bypassing of. 1 2.1 61. 660-561
operation of, 12.114, 653-559
parallel. description of. 12.111. 563
P1111,0111.

of grid resistors. 12.175, 586
resistor. calculation of.

self -bins

12.117,

581

symmetrical overloading. 23.34, 1487
transformer calculations. 12.111. 561-563
transformer impedance relations, 12.101.

nuiae reduction
definition of. 12.13. 548

661

optical film recording. definition of, 1835.
911: 18.59. 913-921

unbalance. effect of, 23.45. 1449-1450

platy resistors
use

aupersonic, description of. 13.338. 1002
description

539

definition of. 12.71. 544

determination of polarities. 12.151. 576

feedback boil, connection.
12.165, 582-583

12.31.

fised-bias. 12.55, 8.41
grid resistors. 12.1111. 661

power

definition of. 12.136. 673
design of. 12.155. 579: 12.217. 599.601

variable -area.

phase reversal. 12.87. 557
phase shift characteristics. 13.113, 563
phase -shift measurement by oscilloscope,

iffiaseatilitter.

1552-1556

musk

tootld

Amplifier s I

monitor. transistor. class -A, design of. 12.230.

of.

18.72.

924-

927

variable -density description of. 18.72, 924-

5116

rantl,m noise. effect of. 12.117. 546
RC 43er resistance -coupled{

recording galvanometer. type of, 12.164. 581-

917

nominal impedance, definition of, 12.1115, 5147
12.244.

617-621

581

recording, transistor. plug-in.

17.161. 836

residual hum. measurement of. 21.193. 1645--

odd -order distortion. 23.111. 1187

1544

operational. 12.196. 689496
optimum plate load. definition of. 12.204. 597
oseilbseope
deflection. 22.71. 1311, 1320
dual -(race. 22.73. 1326-1329

resistance -coupled

capacitors. clculation of, 12.25. 532. 12.57.
541-542

cathode

bipass capacitor. calculation of.

12.25.

description of. 22.71. 1310.1311
horisontal. 22.71, 1320
phase -shift. measurement f. 23.111. 1497
vertical. 22.71, 1319-1320
output
decibels to watts. 23.41. 1119
stage. efficiency of. 12.214. 51011
transformer, effect of efficiency, 12.222.
602

transformer insertion loos, calculation of.
12.223. 603

transformer. definition of. 12.132, 672
watts to decibels equation for. 23.42. 1419
overload test for. 23.36. 1447.1448

parallel. definition of. 11.60. 642

parallel -plate coupling. 12.111, 5611
pentode. transformer -coupled. 12.99.
phase inverter

12.174.

696

ariable-density, connection of, 11.76. 927

nonlinear. harmonics. generation of.

of.

punk -push. description of. 12.112. 563
radio interference. elimination of. 12.187.

532

circuit
components. determination of. 12.15, 523629

component*. selection of, 12.15,
constants, 12.15, 528
coupling capacitor. calculation of.

528

12.15.

532

decoupling circuits. 12.311. 534435
description of. 12.1. 623.524
distortion characteristics. 12.27. 532
equivalent circuit. high -frequency.

12.9,

526

equivalent circuit. low -frequency. 12.7. 526
equivalent circuit, midfrequeney. 12.8, 528
fag -tors affecting frequency response. 12.35,
613-531

563

cathode -coupled. 12.56. 641
description of, 12.50, 5311.6.11

long.tailed, description of. 12.61. 540-641

frequency characteristics of, 12.3, 525
frequency versus plate load. 12.5. 526.626
gain
factor,. 12.4, 625
frequency characteristies. 12.3, 525
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Ampliner si-coned

Amplifier

resufang-c-rnvilled
Mom

high -frequency calculation.
12.12. 327-326
low -frequency. 12.11, 527

52G:

12.9.

plata load versus rain. 12.5. 525
relation r.f C to It. 12.23. 531

roll -off. definition of. 12.96. 357

screen -bypass capacitor. calculation of. 12.26.
582: 12.77. 541-542
self -bias. how achieved. 12.26. 532
self -bins resistor bypassing of. 12.22. S20-331

sensitivity. calculation of. 12.239. IIG
series push-pull. description of. 12.124. 667
70.7 -volt. use of, 21.70, 1600-1601

shot-effset, cause of. 12.118. 567
side. definition of. 1211. 646
single -ended. definition of. 12.513 542
single -ended push-pull. description of. 12.126.
567

source -follower transistor. design of.

12.278.

634.687

source impedance definition of. 12.160. 367
square wave response. how measured. 23.154,
1512-1521

wireless microphone. 4.72. 186.133
zero -binned operates!, 12.1112. 556

Amplitude modulation.

description

of,

25.4.

1619-1620

Amplitude, ribbon microphone. calculation of.
4.1113. 213

Anechole chamber. construction of, 234. 23-69
Anechoie chamber. description of. 233. 65-66
audio. description of. 22.117. 1379

distortion. I.0 filter type. 22.60. 1256-1267
harmonic, principles of. 32.63 1301-131/6
intermodulation, description of. 18.274. 922:
22.129. 1390.1195; 22.131. 1395-1401
octave -band. description of. 22.113 1405.1408
spectrum. panoramic, 22.93. 13374136
A namorphie lens

adjustment of. 19.116, 1USS
eonstruction ..f. 19.118, 1056
placement of. 19.117. 1056-11623

Anamorphic mil... definition uf, 19.125. 1e57
Anamorphorts. 19.19.

1025

ANAPFF.T. use of, 19.119. 1073-1076
At -technic chamber. portable. 2.84. 69
Angle of incidence. microphone. 4.67. 177

Allele of refraction. definition of. 217. 44
Annulling network. definition of, 2333. 1630
A ntiespacitance switch. definition of.

25.16,

1622

Antihalatlon film. diet:6141.n of. 16.150. 948.
13263 991
Aperiodic circuit. definition of. 25.17, 1522
Aperiodie damping. definition of. 1.10. IS

Aperture plate. projector,

stereo control center. description of.

12.265.

641.645

stereophonic, power of. 20.261, 1111
stereophonic, separation tests, 23.215.

19.113,

11143.1044

Aqusdag. eritho.le.roy tubes. in. 11.99. 451
Are lamp

polarity of. 19.26. 1028
1159-

1562

stereo. transistor. design of. 12.266. 631413
tertian' -winding transformer, use of, 12.163
561

transformer -coupled. 12.99.
Power of. theater. 19.147. 1061-1062
three -channel equaliser. 4.97. 297

Williamson. description of, 13.232. 611-616

Aperture effect. dear rcpt ion of, 111.165. 952

stability tests. 23.213 MA
starvation. definition of. 12.21$. 696

tetrode.

selection of tithes. 12.189. 6.68
volume control, effect of. 1236. 632
VU and VI meter. use of. 12.116. 5115-555
wideband, compensation of. 12.221. 603-504

A us lyaer

stopping capacitor, definition of. 12311. 531
supply voltage. effect of. 12.17. 529-730
symbols for. 12.2. 524
time constants. 12.38. 53S
resistors for. 12.203. 597
response to square wave, 12.221. 403

356

three -terminal. definition of. 12.263, 541
transformer -coupled, definition of. 12.92. 756
transient measurements. 23.49. 1452-1453
transistor
and tub*. softer& measurements. 23.168.
1532

bias network design. 12.246. 622
distortion. measurement of. 23.39. 1441.1440
I VET, substitution
for vacuum tube.
12.257. 637.616

load impedance. effect on. 20.91. 11151116
12.247, 622-

rectifier for. 19.113 1055-11155

whistle in. prevention of. 27.113 1314
Arclight
motor feed in. purpose of, 19.39. 10:8-1029
prtnect ion. 19.33. 1026

candle power of. 19.35. 1026
current for. 19.37. 10:3
Less of light from. 19.10. 1029
rectifiers for. 19.39. 11129
Argon [low lamp. charseteri
of.

25.99.

1630.1612

Argon glow lamp. die

lun of, 25.100. 1632-

1633

Arithmetic mean, definition of, 25.18. 1622
Arthur. V. A.. Dr.. 17.233 866
Articulation test. 1.64, 21
Articulators. description of. 2.101. 77
Artificial line. definition of. 5.9. 232: 25.183
1672

Artificial reverberation, 2.37. 47
methods emplaned. 2.126. 39

623

transformer for. 8.109. 402-403
versus vacuum tube. 12.2123 621.622
tubes. recommended types. 12.13 526
tuned. definition of. 12.91. 534
turrioser. test for. 23.58. 1460
types used for recording. 12.62. 552-543
ultralinear, design of. 12.1213 566-569
negative -current feedback.
use of. 12.131. 673-579
vacuum -tube. plotting of load lines. 12.48.
538

variable damping
definition of, 30.93. 1117
effect of. 23.126. 1907
operating of. 12212. 617
video. definition of. 12.91

12.241.

416-517

grid
current. 12.1. 523-524
leak resistance. definition of. 532
resistance. maximum value of. 12.32. 633
in tandem. frequency response. 12.22, 633
low -frequency. compensation, 12.37, 535
maximum permissible voltage. 12.34. 513
midfrequeney ;twin. 123. 524
calculation of. 12.10. 6:6427
operation of. 12.1. 323-3:4
output voltage. how determined. 12.1. 523
pentorie voltage gain. 12.13. 624

necative feedback. elect of.

voltage
definition of. 12.70. 614
output transformer, selection of.

557

Ashworth. William. 8.99. 393
Asknia claw mosement. description ..f.

19.85.

1046

Aspect ratio
definition of. 19.43 1029.1030
Past and present. 19.1:4, 1.137
wide-screen. 19.46. 2030
Assignment sheet. jack. definition of, 21.10.
1583

Astarte. definition ..3 17.3, 751
Asymmetric conduction. discovery of.
181

Atmospheric pressure. 1.25.

Attack time
definition of. 1831. 921
effeet of. 1/.64. 921

14

11.105.
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Attack time-cont'd

Att eniintor lsl

film rireertling. measurement of, 15.15. 921-

matching anoiller impedance, 5.68, 217
..n.. impedance W le matched. 5.59. 247

optical film recording. average times. 18.43,

resistor V11111(11. 5.62. 245

921

thump, definition of. 18.44. 923

mixer

description of. 9.7. 412-413

Attenuation
characteristics of, 7.36, 325
high- and low -frequency. sound -mixer. 9.39.

plain -T, 1.31. 423-424
slide -wire ladder. dmieription of. 9.4. 413
spacing id. 5.88. 262

424-425

loop mile. equation for, 25.181. 1672
mileriseil Alters. 7.48. 332
wall. measurement of. 2.51, 51
Attentaatorts1
attenuation characteristic... 3.11. 253

off -screen control, definition of. 5.76, 251
iweillosecnie design of. 22.81, 1333
0.type. design of, 5.45. 243
panel. definition of. 22.125. 1390

configurtion of.

3.38.

balanced. definition of, 5.25. 238
bridged -T. impedance characteristics,

3.82.

balanced brichted.T.

Panemetrie control. definition of, 5.75, 261
104nornmic control. design of, 5.72, 260
phase effect ..f. 5.20. 233
photocell type. deieriPtinn of. 5.96. 285-259
Pi -type. definition of. 5.42, 241
Pi -type. design of. 5.43, 5.44. 243

241

253.254

bridging
definition of. 5.53. 246
design without regard to loss
impedance ratio, 5.56. 247
resistor values. 5.54. 244.247
characteristics of. 5.10. 232

combining. calculation of

rerecordine Nice. 5.1115. 262.25:1

resistors. tolerance of. 5.19. 233
resistors. types cif. 5.14. 232233: 5.18, 233

5.53. 247

straight-line versos rotary. 5.80. 252.253
tandem connection of. 5.92. 256
taller lyle. calculation .if. 5.35. 240.241

taper type, definition of, 5.31. 210

loss, 5.31. 239

compensated. L -type. 5.71. 219
connection of balaneed and unbalanced. 5.38

T -type. definition of. 5.32. 219
T -type, equations for. 5.33, 240
unbalanced. definition of. 3.24. 238
11 -type, impedance match. series arm. 5.46,

239

construction ..f. 5.79. 252
,leibel isolation, 5.14. 232
definition of. 3.1. 231
delta. definition of. 5.42, 244
delta, design of. 5.43, 243

243-244

lf.type. shunt arm. impedance match.

variable. cause of noise. 3.111. 251.255
variable. noise. measurement of, 23.136.

249

decencence control. definition of. 3.74. 251
dual. design of. 5.90. 256
eleetrolioninanre description of, 5.97, 259.260
electronic, definition of. 5.84. 255
sternal. gain set. calculation of. 23.21. 1443
gain control, calculation a. 5.63. 4.64. 248
gain set

1510.1511

volonie indicator. 10.29, 450-451

VII meter, 10.25. 450

0.1 gain set, reading id. 23.5. 1433
Audience effect on acoustics. 2.46. 49
Audio eirenits. wire sire for. 24.26. 1573
Audio -frequency bridge. description of. 22.26.

frequency response. measurement of. 23.28.

12551-1251

Audio -frequency range. 1.13. 11
Audiometer. description of, 22.42. 1261.1262

1445

loss measurement of, 23.27. 1445
reading of. 23.4. 1432-1433

Auditorium, tuning of. 2.117. 53.86
Aural harmonics. 1.114, 25
Automnt ic gain control. definition of.

ground effect of, 5.29. 238
grounding of, 3.24. 238

5.711,

251.252

11 -type design of. 5.39. 241.242

ae and Jr. 5.11. 232
conversion of. 5.48, 241

5.108. 402

deacritition of, 8.8, 31114
gainsel receive section using. 22.124.

matching. S.A. 232
mismatch loss. 5.50. 244
installation of. 5.72. 249.250
in tandem. Item of. 5.23. 214, 215
"K" factor, 3.22. 234-237
ladder -pad. impedance characteristics. 5.83.

ladder type. definition of. 5.51, 244.240

varinble ',instruction of.

14.8,

3614

613
A

5.77, 251

between eionl Impedance. 5.69. 249

5.40. 242

loudspeaker. I. -type,

connection

design of. 5.41. 242.243
loudness control. design of, 3.45. 248
of. 20.141.

1134
211.142,

5.93.

1136
264

resistance and me im-

pedance. 5.67. 249

microphone preamplifier, 9.52.

20

7111

uijualmeut,

variable equaliser. 1.41. 2144

Ltyle. definition of.

1.75.

"Rage, 26.149, 1657

Axes oseillosx-ofie terminology far. 22.84, 1333
A slat sensitivity, linoleiwaker, definition of.
20.114, 1122

Ayeton.Perry winding. 3.18. 213
Azimuth
adjuidniesit, improper. gavels of. 17.116. 790-

bridged -T equaliser. 4.57, 2143
definition of, 6.8, 232
greater than 80.d11. 5.66, 249
terrninatIon of: 5.12. 132

de

22.125. 1390

list if, 7.95. 349

Average speech power. definition of.

11/

low frequeney, definition of.

Mein set using, distortion measurements with,

5.32.

246

lattice. ,taiga of. 5.49. 244
linkage control. definition of.

13147-

1390

Avalanche. semiconductor. definition of. 11.149.

254

measurement of

25.16.

11129

Autotransforiners
controlling threephaae load. 8.147. 491-402:

impedance

loudspeaker. selection of.

5.47.

244

determination of impelnee S.71.

Hawkins Reel. definition of.

ront'd

//111111/11.111 Inu

923

441

minimum Ins

definition. 5.37. 247
design of. 5.56. 247: 5.61, 247

determination of. 5.21, 243.434

phott,graphic
14.43. Slti
alignment. rnagnetleAim,

film

recoriline.

frequency

for.

17.187. 792

film
photographic
14.forn, frequency. far 18.46. 916

ifernin, frequency for, 18.45, 916

lidernners for. 18.47. 916-1117
vnriable-area. effert of, 15.411. 117
test. accuracy ..r. 17.108, 792
incsrrect. variable-seri/oily. effect of,

15.44.

910

niagnetic-heied, mljnetnient of, 17.144, 789,
17.141. 111
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Alimuth-cont'd

tapes and 11Ints teL source of. 17.1011. 792
tape. test. ecuraey of. 17.108, 792

Battery-conCd
sine -carbon. construction of. 24.94. 1613-1614
zinc -carbon. Jiseharge rate of. 24.95. 1614
Hauer, B. B.. 20.182. 114111160; 13.76. ISE

flasandall. P. J.. 6.66, 290
Background

music. frequency range for. 20.139, 1136
noire. effect of, 1.163. le
projeetion. description of. 19.19. 1034
Back loading. louclepeaker, definition of. 20.12.
1084

Badrnmelf, Alea4, 16.I5. 736; 20.93. 1117

Beam -power tube. description of. 11.25. 460.461
Bean
definition of. 19.119. 1046
Bean test record. N -A. use of, 23.77, 1462
Peat. definition ..f. 1.11. 11
Best.. magnetic reiscriling. mimic of. 17.112. 799
Bench facilities. laboratory. 24.98, 1616-1617

Bender element. definition of. 4.18. 150
Ikea. Irrinirdor. definition of, 11.131. 499-501
81.11 curve. definition of. 17.63, 777

Baffle

directional. 20.54. 1100.1101

definition of. 24.92.
current

Eliceamll.

infinite. definition of. 20.49. 1097
loudspeaker. infinite. dimensions for. 20.16,
1097. 10.47. 1097
loudspeaker. open. characteristics of. 29.72.
1111

microphone, use of, 4.38. lbh
multicellular, definition of. 20.73. 1114
plate. definition of. 2.70. 02
rental, definition nf, 20.42. 1105

11113

distortion of. 17.10. 774
filter. ,design of. 7.197. 355
leakage.preventing of. 17.97, 776
magnetic recorder versus distortion. 23.74.
1475

magnetic -recording
Iiie of. 17.14. 776

distortion effect '.f, 17.341. 774
distortion limit for. 17.31. 774
filtering of. 17.63. 776

Baker. F. K., 20.136. 1136

Balnerd
density. definition of. 11.214. 9115
density. transmission. value of, 14.248. 989
Idler. conversion from unbalanced. 7.65. 314-

frequency of. 17.45, 772
frequency

response

affected

by.

17.49.

773-774

336

mensurement of. 17.29. 774

filter. design of, 739. 114
Balance stripe. purpose. of. 17.185. 837-431.1
Flalc/intimg loop. description of. 19.66. 1034.1037
Ballantine. S.. 4.86. 190
Ballast tube, descriptinn of. 11.69. 472
Ballistics. VU metei. 10.211. 40.449
Band shell. microphone placement. 4.113. 214
liandpaas operational amplifier, 12.196. 593
Bandwidth
Power amplifier. 12.131. 57:

seats resonant circuit. 4.119. 308
wave filter. definition of. 7.17. 323
Bardeen. John. Dr . 11.107. 482
Bar. definition of. 1.42. IS
Barium minty 11.4. 459
llarkhausen noise, definition of. 17.160. 818
Barometric pressure. sound level affected by.
29.203. 16811695

%matter. deseription of. 1149. 471
Harrier !strip. definition of. 24.41. 1583
Base -fog density. variable area, average value
18.291. 991

Base energiser. descriplion of. 20.93. 1117
Baas -reties enclosure

adjustment of. 20.92. 1113-1114
construction of. 20.61. 1102-1105
Principles of. 20.40. 1101
designation of.
21.1, 1163

output level affected by,

iodise of,

17.411. 771

17.44. 770.772

relation of to distortion. 17.92. 774.775
optical film recording. use of, 15.66. 919
stereo. 3- and 4 -channel. for. 17.39, 5776
fixed eircult for. 12.229. 605
high -frequency. magnetic recording, for.
17.21.

759

linew

bilateral. alrennince 'if.

18.290. 996

similes. appearance of, 18.290 090
vriahle-area
clam -AIL deseription ..f. 19.61. 923-924
clam-([. description of. 15.69. 923-924
film recording. definition of. 18.60, 921
14 -mm. width of, 18.74. 927

36 -mm. width of. 15.73. 927. 16.72. 927
mechanical. rmording-stylus, 15.10. 713
oscillator. magnetic -recto -cling. connection of.
17.117. 772.773

oscillator. poshpull, design of. 17.84 745
voltage. magnetic react ding. measurement of.
17.58. 776

Bidirectional microphone. definition of.

4.49.

144

Birder winding, 5.111. 2.13 5.9. 369
litmetal thermostat control. 25.154. 1455-1660

Pimorph crystal mierophnne. design of. 4.17.
IRO

Battery

fuel cell. description of. 25.190 1673

Pinaural sound. definition of. 2.113. 82
Black body, definition of. 10.1. 1024
Blackbody radiation. 19.6. 10:4
Black sound. definition of, 1.11. 236
Blanking pulse. oseilimeore, purpose of. 22.81.

infernal resistance of. 24.74. 1604
lead -acid. sealed. doseription of, 24.90. 1610-

Bleeder 1r3Mtlistance. power supply.

alkaline. description of. 24.93. 1613
alkaline -manganese.

description

of.

24.96.

1615-1616

Edison. description of. 24.93. 1613

1611

LeClanche. description of. 24-94. 1613-1614

manganesaalkline. discharge rate of. 74.95.
1614

mercury. description of. 24.96. 1614.1615
mercury. discharge rate of, 21.93. 1611

nieliederidnitum. deseription of.

24.91.

24.3a. 1693
1412-

1613

regulator. solid-state. 21.134. 1221.1225
storage

eh/truing of, 25.43, 1625
chemical changers in. 24.72. 1603-1604
Deming point for. 74.13. 1604
parallel connection of. 24.76. 1605
specific

gravity of. 24.75.

1633

1604

22.181.

terminology. vacuum tubes,. with, 11.64. 471
voltage -reference, 24.911, 1615

regulation.
effect on. 21.52. 1182
Bleeder resistor. purpose ..f. 21.36. 1177-1176
Plim p. description of. 19.182. 954
Blister. acoustic. delinit ion of. 25.24, 16271
Blocks, terminal. connect ion procedure for.
fficaping. pholograPhic film. Pugh -Poll sound
track. 15.211. 966.967
Bloop. photoirraphic film, calculation of. 18.210,
964

HI...pa, photographic film, types of. 18.209. 964
Board fade, definition of. 9.11. 414
Board. printed -wiring. 25.99. 1625-1626
Softies definition of. 29.411. 1097

Bone conduction. definition of. 1.127. 32
Boner. Dr. C. P 2.117. 43
Boner method, tuning auditoriums, 1.117.
113145

INDEX
Calibration. Inieroplione
principles of. 22.118. 1409-1410
standanl for. 22.138, 1410
Calibrator. microphone. reciprocity. descrip-

Boom microphone
description of. 2.181. 77
suspension, 4.37, 156
tilting mechanism. 2.102. 74
Boole. definition of. 15.50. 718
Brake, prone 3.36. 106
Brake. aelayn interlock. 3.19. 108-109
Brattain. Walter H.. Dr., 11.147, 482

tion of. 22.137. 1408-111.19

Calibrator. oseilloscope, deacription of. 22.76.
1331-1332

Camera

Breakaway point. compressor amplifier. demithin of. 11.84. 232
Bridge

audio frequency. description of, 22.36

1260-

1251

circuit, series half -bridge, capacitors. purpose of, 21.86.
frequency-ineenalt ive

of. 22.66

Hay. description of, 22-26. 1241
impedance. description of, 22.36 1252
incremental inductance, description of. 22.32.
1243

Kelvin. description of. 22.31. 1242-1243
lamp. constant -voltage or constantcurrent.

1374-1375

precision

unit control.

3.86 127-1214

ttencuitur, calculation of. 5.36. 5.37. 241
trnpedance.

Camras, Marvin. 17.39. 763
Ca ncellat ion. paah lid I sound /seed
1004: 19.97. 1060: 19.94. 1030

calculation of. 21.35. 1578-

1640

gain. statement of. 12.216, 698
ransformer
description of. 8.62. 391
deyign of. 8.46 Mal
standard impedances of. 3.64. A62
Brush. jack sleeve cleaner. 24.13. 1571
Buck-hoost, transformer. use of. 8.96. 391
Buckle, Alm. definition of. 18.186 956
Building materials. coefficient ratings. 2.32. 44,

Capacitance

ItuildinIP.011t

1624

internal, crystal microphone. 4-25.
parallel. equation for. 25.1:4. 1644

161

rend -relay, 25.147. 1656
series. equations for. 25.1211 1644

transformation of, 8.31. 377
transistor internal, variation of with voltage,
11.146 006-50G
Ca liar ilurlsp

cathode bypass. effect of. 23.17, 1461
color rode 25.242. 1683
crossover networks. type of, 7.44. 344-345
7.91. 317

current -to -voltage relationahip In. 25.31

1623

elect rolyt le

capacitance variation of. 26.36 1623
description ..f. 25.29, 1623
frequency effect on. 25.32. 1623

high power factor. effect of. 21.59. 1143
leakage of versus capacitance. 25.31. 1623
power factor of. average. 25.23. 1423
tolerance versus voltage ..f. 25.36 1623

equlizers tolerance of. CU. 287
grid and plate. purpose of. 12.219, 601-602

impedance. measurement 4.f. 23.133. 1537.1538
input. ripple voltage. calculation of. 21.22.
1173-1174

input. solid-state

45

18.323.

Candela. definition vf. 19.5. 1024
Candle. definition of. 19.5. 1023.1024
calculation .1'. 25.56,

1222-1223

Maxwell. deaeription of. 22.23. 1210-1241
nonelectronic. constant -voltage. or constant current. 21.131. 1222.122:1
Owen. description of. 22.28. 1211
description of. 22.33. 1243.1246
resonant. description of. 22.36 1212
Se/Poing. description of, 22.27. 1241
elide -wire. description of. 22.24. 1240
vacuum -tube. definition of. 22.119. 1379-13140
Wheatstone. description of. 22.23. 1240
Wien. description of. 22.29. 1241-1242
"Z- set. description of. 23.54. 1250
Bridged -T equalizer. configuration fur. 6.111. 286
Bridging
bus

22.113,

synchronization with sound, 3.76,

1301

21.131.

1314-139

oacilhecope. description of. 22.113. 1374-1377
oscilloscope, ultraviolet light used with.
sYnehronization of.

1191

description

blimp description of. 16182. 956
dolly shots, making of. 2.70. 69
motor -control unit design of. 3.39,

rectifiers.

use

of.

21.87.

1191

network. purpose of. 5.81. 264
resistor. definition of. 9.21. 121
resistors. miser, values of, 9.11. 428-411

integrating. 22.113. 1418. 1424. 1426
internal noise. measurement of. 23.140. 1524.

resistors. negative -feedback amplifier. 12.142.

leakage taster. description of. 22.111, 1364.

576-677

1.5.25

1369

Burnishing
facets. styus. effect of on frequency response.
153. 713

film. deteription of. 15.132. 1063
tool. purpose of. 21.18, 1551

Butterworth wipe filter, definition of. 7.116
365

Buzzer test set, advantages of. 24.56. 1589-1591

Hurl Alm. projection. purpose of. 19.64. 1036
C

Cabinet relay rack. construction of. 24.36. 11580-

substitution

method.

21.171.

1533

meter. direct -reading. 22.110. 1367-1368
microphone
characteristics. 1.15. 159.160
design ..f. 4.10. 157-168
head ...tout level. 4.12. 159

high Intenrity, design of. 1.115. 215-220

w-lf-contined I.N. 140-161
motor starting. 3.63. 113-111

'molder. definition of. 25.71, 1628
parallel. reactance of. 25.56 1627
Power line to equipment. calculation of.
23.120. 1646.1647

1681

Cable

capacitance pickup. effect of. 16.50, 747.74s
coaxial. capacitance per foot of. 25.212. 16871686

coaxial. definition ppf. 25.89. 1629-11,10
crystal microphone. 4.24. 131
microphone, cable runs 1.73. 18M
microphone. grounding of. 4.44. 175-176
pair, definition of. 25.178, 1670

toll. definition of. 25.171. 1670

Q. equation for, 25.130. 1649

BC amplifier. calculation of. 12.57, 541-642
series half -bridge. porrose of. 21.86. 1191
aeries. reactance of. 25.60, 1627

size. capncitopetart motor. 3.37, 10G
start motor, 3.1. 102
tester, ay milliameter or voltmeter. 23.170,
1632.114.33

tester. description of. 22.31, 1246.1260: 22.189.
1366.1367

Cableform

high-level. placement of,

measurement.

voltage -sensitive definition a. 11.186 482
21.23.

1673

intermediate -level. placement of, 24.21, 1473
lacing of. procedure for. 31.43. 16113
'placement of, 21.28. 1572-1573

Capstan. magnetic -recorder. effect of, 17.13. 770
Carlsanyl-lron, use of. 17.133. 7194401
Carlson. W. i.. 17.41. 770
Carpenter. C. W., 17.44, 770
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Carrier frequency. definition of.

25.118, 1629

Cartridge. tilt. elect of. 16.59. 750-751
Cassette. rnagnetic-tpe, deseriptInn of, 17.182.
1536437

Cathamplifier, definition of. 12.127. 967-568
Cathode follower
description of. 12.11. 636437
double. description of. 12.45. 538
gain calculations. 12.44. 538
high load Impedance. 12.41. 538

output line. length of. 12.17. 538

phase relations, 12.49. 538
tubes. selection of. 12.12, 677
Cathode-ray
oscilloscope. deserlption of. 22.69. 1307-1310
tube l

Anuadag in. 11.11, 481
beam deflection in. 11.93. 479
description of, 11.91. 477.178
display production in. 11.94. 479
electromagnetic deflection in. 11.91. 481
clectriestatoe deflection of. 22.79. 1332-1333
Intensifier element on. 11.100. 481

intensity modulation of, 22.71. 1332
persistence screen for. Purpose of.

long

22.77. 1331

operetion of. MD. 478-479
persostence of screens In, 11.96. 479

11.7.

179-481

post-ultor element in. 11.192. 481
screen characteristics of. 11.96, 479
sensitivity of, 11.95. 479
ultor element In, 11.111. 481
Cathode. vacuum -tube. 11.10. 461.1
Cavity resonance. loudspeaker affected by,
20.163. 1141-1142
Cavity resonance microphone, effect of. 4.44.
169

Ceiling control. compressor. use of. 18.102. 939
Celsius. Anders, 25.75. 16211

Celsius temperature. definition of. 25.75, 1629
Cent. definition of. 1.31. 14
Center channel. stereophonic. deriving of.
1138-1129

Centigrade temperature. 25.75. Mist
conversion of to Fahrenheit. 25.135. 1649
Centrifugal governor. use of. 3.71. 120
Cephltoid microphone. 4.71. 191
Ceramic

crystal. composition of. 14.43. 709
magnet. use of. 21.183. 115?; 25.27. 1623
microphone. design of. 4.29. 152
Changeover. projector. indication for. 19.43.
1029

Ch

,

battery. rectifiers suitable for. 21.93,
1195

Ch

trickle. use of, 24.73. 1604

Chebychev wav filler. definition of, 7.116. 365
Chisholm. E., 19.149. 1075

Choir rouen. definition of. 2.11. 67
Choir room, use of. 2.65.
Chopper. description of, 25.6. 1621
Chopper. solid-state. 22.97. 1340-1350

loudspeaker, throe roption

of,

20.155.

1139

Clusters, magnetic head. testing of, 19.76, 11136
Coarse pitch. definition of. 12.29. 664
Coarse -pitch recording, definition of. 13.65. 6631
Coaxial cable. eapaciltance per foot of. 23.212.
1687-1696

Code, stylus. colors for, 15.31, 717
Coefficient rating
acoustic materials, 2.30. 44
building materials. 2.32, 14, 46
versus frequency. 2.31, 44
Coercive force, magnetic, definition of. 17.11.
763

Collo

croseover networks. air -ton. 7.92, 348
crossover networks, types of, 7.90. 317
effect of Q. 6.118. 308
electrical center of. 8.16. 270
encapsulates'. definition of. 1.94. 391
equaliser
design of. 6.61. 285
Maximum Q. LW 2115
tolerance of. 6.77, 2117

turnover frequency, 6.71. 285
filter. recommend...1 types. 7.61, 338
honeycomb wound, description of. 4.72, 286
hunt -bucking. use of, 20.28. ID?
hybrid
design calculation fur. 8.61. 2/14
insertion loss calculation for. 4.69. 364
internal losses in. 8.67. 364

impednreomatching, definition of,

9.26. 373

inductance of, effect of iron care on. 8.77. DS
loading, telephone line. 25.119. 1173
multilayer. calculation of. 11.95. '391
Q factors affecting. AM 3134
"Q," measurement ,.f. 8.72. 394
relay, rewinding of. 24118. 1601-1610
relay. winding methods for. 25.153. 1659

shorted turns in. 6.76, ass
single -layer. calculation Ili. CD. 391
skewed winding for, deseriptoon of. 25.200.
1679.1679

spiral -wound. calculation of. 8.95.
toroidal. 6.69. 295; 6.71, 2115. 3.92. 390
how constructed. 6.70. 295
turna of. versus Inductance. 8.75. 355: 25.137,
1651

unity coupling between, 6.80. 335
wave -filter
specification for. 7.64. 33fo
tolerance of. 7.65, 336
Collector ring, definition of. 25.20, 1692
Color code
nudisotransforrner. 24.62. 1592
capacitor, 25.202, 1693
power.trnsformer. 24.61, 159'2
resistor, 25.202. 1653
wooing. 24.60, 1992

Chopper -wheel. photocell measurements. 23.198.
15464617

Chord. definition of. 1.62. 17
Christmas tree pattern. definition of.

Closter.

design of. 3.66. 382-393
Pope -dance calculation for. 3.70, 394

x -y plotter. as. 11.91. 47P

20.154.

Click uffioreigolon, sound mixers. in. 9.39. 424

13.119.

671

Chromatic scale, definition of. 1.29. 13

Chronistor. definition of. 11.106. 491
Churcher and King equal loudness contours.
1.76. 20. 22
Cinetarium. 19.128, 105A

Canes strip. definition of. 18.190. 957
Circuit laboratory. description 4. 24.55. 1519

Circular mil area, wire

calculation of. 24.28. 1574
table of. 25.163. 1663
Circular mil. definition of. 25.19. 1672
Clamp -on meter. description of. 22.12. 1235
Clap -sticks. use of. 18.134. 1010

Clarke. Brian. MIN. 115?

Cleaning. magnetic -head. solutions for. 17.111.
759

Click suppression. method for. 24.67. 19994600

Combination tone.. definiti.on of. 23.91, 1187
Combining network
insertion loss calculation. 5.31. 239
series configuration. 5.31. 239
use .,f. 5.31. 239
Cornering. definition of, 11.337. 1011
Commossloons. interntoonal. 25.197. 1677
Common logarithms. table of, 29.209, 1697
Common-m(3Se rejection. definition of. 2345.
1626

Commutator noise. elimination of, 3.44. 107
Commutator ripple. prevention of. 25.117, 1644
Comport roes, definition of. 25.110.
Compooritor. old lest. 11.347. 1,120
Compess, deflection of. 25.71. 1629
Compensate.' volume control. 6.8S. 299
Compensator

definition

a.

6.2. 763
cross-m..1141st ion

purpose of, 18.216. 995-939
use of. 11.176. 952.
Complex waveform. 1.52, 16
construction of. 1.63. 17-19
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Conversion -factor table, 25.208, 1687

Compliance
definition of, 15.34. 716
loudspeaker, definition of. 26.9. 1084
pickup
definition of. 16.38. 742

Converter, de to an transistor, description of.
21.108, 1200.1201

Converter, rotary. 3.22, 104
Cooling fans, performance of, 24.99. 1617
Copper master, definition of. 13.123, 671

how measured. 16.411. 741

vertical. effect of, 16.14, 736
stereophonic pickup. 15.34. 716
Composite -filter. actions. combining of, 7.12,

Corels1

ferrite, description of. 17.73, 782
film, sound recording. description of, 18.155.
950

328

dexeriplion

Compressed -air loudspeaker.
26.191. 1158-1159
Compression

of.

attack and release times, average, 18.111, 939
limiting. difference of. 18.101. 939

recording, average values of. ILK 937
volume, magnetic tape and film. cause of.
Compressional waveform, definition of,

II

1.4.

Compressor

amplifier
adjustment of frequency for, 18.92, 937.938
balancing of. 18.95. 938: 18.86. 936
gain of, 18.96. 938
operating point of. 18.99. 939
precautions in use, 18.97. 938
ratios, definition of. 18.87. 937
testing of, 18.311. 1016
where connected, 18.98, 938
breakaway point, definition of. 18.84. 932
operational amplifier. 12.196. 593
Comore: recording, 18.107. 941
Compromise network, use of. 5.91. 256
Compromise styus, definition of. 15.42. 717
microphone,

design

of.

out equipment, 18.283, 994, 9%
distortion. effects of. 18.247, 989-9119

oscillator
components of. 18.22$, 970-971

description of, 18.238. 972.976; 22.66, 1306
recording. connection of, 18.331, 976
16 -mm film, frequencies for, 18.227. 971-

1.100.

204-205

Condenser microphone. design of. 4.45. 167.158
Configuration, definition of, 5.5. 232
Confusion, acoustical. effect of. 2.22, 43
Conjugate impednces, 7.38. 325
Consonance. definition of, 1.61, 17
Consonant. definition of. 1.76, 20
Constant
amplitude
constant -velocity recording, 14.7, 700-701
cutting head, 11.5. 700
disc recording, 13.101. 665

angular velocity device, definition of,

13.20,

653

-B equaliser. 6.124, 309-311
-current magnetic recording,

definition of.

17.67. 781

velocity

recording, description

of.

13.22, 653

-groove

velocity

versus

recording

time.

13.206. 682

impedance, definition of. 7.28, 324
nn. determination of, 7.53, 332-333
-m, filter, value of, 7.50. 332; 7.53. 332
-S equliser, design of, 6.123. 311. 312
-velocity cutting head. 14.3. 699: 14.1. 699
-velocity recording, definition of, 13.175, 677
-voltage
transformers
design of, 8.100. 393-397
measurement of 8.101. 398.399
parallel operation of. 8.103, 399
precautions in use of, 8.101, 398-399
tandem operation of, 8.102. 399
Constants, dielectric. table of. 25.211. 1687
Contact potential. definition. of, 11.67. 171
Contact, tape -to -bead, 17.95, 788

Continuous film feed, design of, 2.133, 98-99
Control
center. stereophonic headphones, for, 20.182.
1146-1150

grand master. definition of, 9.17, 415
miser, description of, 9.7, 112-413
mixer. plain -T. 9.34. 423-424
overall master. definition of. 9.16. 415
strip, definition of, 16.111. 957
submaster, definition of, 9.15, 414-415

Coupling. magnetic, definition of, 17.11, 753
Coupling, unity. 25.97, 1630
Crater, arc -light, definition of. 19.41, 1029
Critical damping, definition of, 1.38, 14
Cropping, definition of. 19.48, 1031
Cross -fading, definition of, 9.13. 413-114
Cray -field recording. magnetic, 17.39, 764-766
Cross -modulation
amplifier. cause of. 23.89, 1487: 23.113, 1199
compensator. purpose of. 18146. 985.988

distortion. variable -area, determination with-

Compt, definition of. 18.337. loll

-groove

Cosmetic effect, disc recording, in, 13.55, 659
Counter, electronic, aolid-slate, principles of,
22.142. 1416.1417

17.124. 798

when used. 18.94, 938

Concentrator,

laminations, types of. 8.105. 101
magnetic, 17.16, 754
samples, testing of, 23.159. 1524
Corundum, use of, 15.3, 712
Cosine, definition of, 25.22. 1622

972

testing of. 23.18$. 1539-1510
testa, how made, 18.332. 976-9110
35 -mm film, frequencies for, 18.226. 971
pour cancellation, cause of, 18.242, 984-986
read-out
basic components, 18.234, 980-981
block diagram for, 18.235, 980-981
panel description of, 22.67, 1306
special calibrations, 18.236. 982
testa

carrier

frequency.

35 -mm

selection

of,

18.215, 985

definition of, 18.126. 944
exposure lamp, changing of, 18.249, 989
how measured, 18.233, 980
minimum cancellation. value of. 18.241, 981
photometer, use of, 18.249. 989
plotting of. 18.238, 983.984
procedure for. 23.128, 1507.1508
processing. tolerance for, 18.238. 983-981
push-pull recording. 18.251. 989-590
read-out. procedure for. 18.237, 982-943
recording, percent modulation. 18.228, 972
18.229, 972
theory of. 18.232. 976.980
Crossover
constant -voltage,
constant -current
supply. 21.114, 1203
frequency,
theatre.
loudspeaker
20.123. 1127
network i el

power
system,

capacitors. types of. 7.91, 347
air -core, 732, 318
coils for, 7.90, 347
connection of, 7.94. 348-349
constant -resistance. 7.87, 347
constants for series and parallel constant -k
and rn.derived, 7.96 349
cutoff rate. 7.88. 347
electronic, definition of. 7.108. 356
equalisers- use of. 743, 344
filter capacitors. 7.84. 344-346
frequency response. 7.81, :34:1

high.imtiedance. 7.99, 363
impedance and phase shift. 7.113, 364
impedance conversion. 7.97. 349-351

impedance of, transistor amplifier affected
by. 20.91. 1116
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Crossover-coned

Cutting hendlol

rwricorkla)
insertion loss, cause of, 7.84. 344-345
loudspeaker
connection of, 20.117, 1122
electronic, circuits foie 24.121, 1122-1124
measurement of. 23.64, 1465-1467
purpose of. 9.80. 341-343
ringing teat for, 20.118. 1123
source impedance effect on. 20.120. 1123
waveform, complex, in. 20.119, 1123

matching transformer, use of. 7.95, 349
m -derived. Athos/ammo of, 7.89.:147
mechanic...1. 21.3. 1080
multiple -loudspeaker. characteristics

of.

211.115, 1122

parallel type. 7.82, 343-344
power loss, 7.86, 347

selection of crossover frequency, 7.85. 340347

series type. 7.82, 343-344
3- and 5 -way, design of, 7.98, 361-353
unequal impedance speakers. 7.93, 3414
test
push-pull, measurement of. 18.255, 990
push-pull recorder. procedure for, 18.254.
990

variable -area, pushpull recorder, purpose
of, 18.253, 990

Cross talk
eause of, 23.97. 1490-1491
far -end measurement of. 23.102. 1492

level, maximum of. 23.99. 1491
magnetic -recording
cause of, 17.135, 801-802
standard for. 17.149, 3111
near -end, measurement of. 23.141, 149.3
pickups, description of, 16.6, 7.10-7:41
reduction of. 23.98. 1491

Crowbar, voltage Protector. definition of. 21.88.
1191

Crystalisi
ceramic, composition cof, 14.43, 700
composition of. 25.191. 1674-1676

filter, definition of. 7.70. 337
headphone

construction of. 20.168. 1143
coupling to, 20.169. 1143
equalizer for. 20.173. 1143
frequency response of. 211.171. 1143
impedance of. 20.171. 1143
microphone
amplifier. 4.27. 151
bimorph, 4.17. 150
frequency response. 4.26, 151
sound -cell. 4.16. 150
types of. 4.14, 150: 4.15. 150
Polarization 'f. 25.191, 1675-1676

quartz. cutting of. 25.103, 1633-1634
quarts, oscillation of. 25.112, 1633
used in microphones. 4.14, 1611

Cuing. vocalist, 2.43. 57
Current
capacity. wire. table of. 25.163. 166:1

cont'd

crystal

component values for constant -amplitude
constant -velocity operation a. 14.38,
708-709

coupling of. 11.33, 709-707
deerription of, 11.30, 706
hot stylus used with, 14.40, 709
Impedance of. 14.32, 706
internal capacitance of, 14.36. 707
torceautions in Oar of. 14.41. 709
recording characteristics cof. 14.31, 706
damping. 14.2. 696: 14.11. 701-702
adjustment of, 14.12, 702
material for. 14.15, 703
silicone used for. 11.2. 6101;

spring. in. 34.11. 701-702

disc -record, c,.ila in, polarity of, 13.202. 6906141

disc -recording, percent modulation of. 13.164,
675.676

driving coils in. 14.2. 693, 694. 699. 697. 698
embossing. description of. 14.44, 709
frequency response, calibration of, 14.46. 709710

frequency response of, 14.2. 694, 695. 696, 699
hoct-stylus heating roll for. 14.2. 695-608
impedance characteristics of. 14.18. 703
impedance. standard values of. 14.19. 703
lateral -recording. 14.2. 693-695
level reference for, 14.22. 705
magnetic, advantages of. 14.42. 709
magnetic versus crystal, 14.42. 709
monogrosove. description of, 13.23. 653
transmission line, mechanical, used with.
14.17, 703

movong-vane, description of, 11.2. 695-696
negative feedback in. 14.2. 694, 695. 696, 697,
6914-699: 14.29. 705-706

network
action of, 14.21. 703-708
purpose of, 14.20, 70.1

nonfeedback, turnover -frequency control 0f.
14.24, 706

pressure wave versus stylus motion of. 14.45.
709

sensitivity adjustment of, 14.48. 710
sensitivity of. 14.35. 705
signal voltage required for, 14.34. 707
stereo. deerription ,,f. 14.2. 6115-699
stereo. monophonic recording with, 14.16.
703

stylus, angle of, 13.20. 654-655

awing limits fur, 14.25. 705
temperature effect 'n, 14.14. 702.703
turnover frequency of. 14.8. 701
vertical, description of. 14.24. 705; 14.28, 706
vertical, turnover frequency of. 14.27, 705
Westres 3C and 3D, description of. 14.2, 697699

Cutting rote. 13.26. 654; 13.27. 664
Cycles per seccoolol, definition of. 1.46. 15
Cycle. time duration '.f, 25.118, 1644.1646

Cylindricsl waveform. definition of. 1.10. 11

conventional. 11.109, 4831
electron, 11.109. 484

Pulsating, definition of. 25.49, 1626
transformer. definition of. 6.19, 3711
transistor. direction of. 11.123. 49G
vacuum -tube. direction of. 11.68, 471
Curve, linearity of. 25.146, 1665-1666

Curve tracer, translator. description of, 22.121.
1382-1383

Cut, disc -recording, definition of. 13.122, 071
Cut-off frequency. wave filter, definition of.
7.19. 323

Cutting beadle I. 14.1. 603
amplifier. type of. 12.164. 5/11-582
basic principles of, 14.2, 693-4199
calibration speed dependence if. 14.13, 702
ceramic. description of, 14.30, 706
constant -amplitude, 14.5. 700
constant -velocity. 14.3, 699
crystal, 14.5.7011
amplifier -loading effect of. 14.35. 707

Dailies, definition of, 18.167, 952
clamping
nmplitier,

affected

hoodspenktor

by.

20.103.

1120

critical, definition of.

1.39,

cutting -head, 14.2. 696,

6104:

cutting -head, adjustment of,
definition of. 1.37, 14
fnctor
calecolation of, 12.177.

14-16
11.11, 701.702
14.12. 7112

6117

loudspeaker, calculation of, 28.103, 1120
stnnoletril for. 23.212. 1568
material. types of, 14.15, 701

variable

definition of. 20.95. 1117
distortion. 23.126, 1007
oderation of, 12.242. 617
Dash -pot. tight -loop system. use of, 16.28, 915
Data sheet, gain set readings. 23.6, 1434
compliner,
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Deree. L. W.. 19.147. 1075
Davie. Arthur C.. 2 117, 8548
Davis. Charles C.. 13.27. 651. 12.28. 912
Davis. Don. 7.117. 86-86
dB. delnillon of. 10.13. 417
dB. relation id. ;lepers, 10.39. 458

Dialogue

dBrn, definition of, 10.9. 417
dBV. definition of, 4.189. 213; 10.34. 4GS

Diameter equaliser definition

Dead -beat

dellnit ion

instrument.

counlisntion. frietors affecting. 2.132. 108-309

recording. rcilortion of low frequencies, pun
sem" of, 2.109, 110
recording stage. differences from music MOW..
2.61, 56

of.

25.24.

Decade amplifier, description of. 22.134.
104
Decade boa. description of. 22.41. 1243

140:I-

Decay time. optical Alm reenrding. definition
18.62. 121

Decibel a,

eddhlon and subtraction, 1.152. 07.30
attenuatnr isolation. 5.14, 232
conversion of
to absolute power units. 25.174. 1671
to watts. equation for. 23.41. 1449
esianoni., for. 25.19. 1624-1025

firenkilown voltage of, 25.57. 1626
constant, definition of. 25.57. 10214627
constents, table of. 25.211. 1687
Difference -frequency interrnmlulation lest. defininon of, 22.133. IC11
Differential
amplifier. descriptkm of. 12.86. 112-653
generator. %elan. interlock, 3.55. /10-111
mirrophone. design of. 1.120, 224-225
Different iat ion circuit. description of. 24.7.
1621

Diffraction acoustical. effect of. 2.25, 43
Diffuser

definition of, 2.73. 60
polyolindrieed, construction of. 2.76. 71-72

notation. .i. of, 25.167, 1243-161111
percent -change chart for. 26-133. 1649

ratio table. 25.214. 1691-11197
versus power. 25-145, 16341634
Decimal equivalent.- table of. 25.285. 1687
Decoupling circuits definition of, 21.43. 1154
De -emphasis, definition of. LC 261

use of. 2.115. 92.113

Diffusion. acoustical. purpose of. 2.43. 49
Digital noiltimeter,
,
22.143.
Dimensions. equipment, average.

1604

14.4o.

1607

De-esaing. recording. definition of. 18.19. 917

Dsmmick, G. L., 11.12. 193

Degausser. magnetic tale anti film. design of.

Dioilleiso

click -suppression. use of. 21.17. 1599-1100

17.44, 780.741
Degaussing
7116

film. for reuse.

37.92.

7146-747

tool, use of. 17.91. 756
Degree. electrical. dennition of. 25-28. 1429
Delay

equalizer. purpose of. 6.123. 309
Propagation time. definition of. 25.70. 1625
transmission line. cause if. 21.104. 1673
Delta connection. 3.22. 104
Densitorneter, description of. 18.192, 917-963

Denit

balanced. definition 'if.

13.244. 1.341

balanced. transmisalon, value of. 111.247, 9141-

construction of. 11.147. 510-411
current direction in. 11.109. 403-484
current reirtilator. design of. 21.116. 1207-1209
definition of. 11.15. 160
hot carrier, olryrr1011on a. 11.155, 511
meter -protection, 25.67, 1427-1628
noise -generation. 22.56. 1241-1282
Parallel connection 41f, 11.154. 516-517
pbotter. oscilloscope. description of. 23.203,
1549

polarity of. 11.114. 484-492
series connection of, 11.154. 515.617
efficiency of. 11.153. 616
steering, definition of. 11.148. 613.520

tunnel. description of. 11.152, 616
voltage

919

970:

value of. 18.222,
18123. 970: 184258. 991
control, step -tablet, oat of. 18.320. 1004
base -fog.

definition of. 18.123. 943
direct -positive film recording. 11.174. 955
draft. cause of. 18.312. 1001
P:ktachrome. tutor reversal. variablemrest,
average value. 18.211. 1.1.1
fog
eauaa of. 111124. 970
definition of. 18.124. 944
negative. variable -area. average value of.
11.222, 970
print. variable area. average value of.
18.273. 970

high. print. when used. 18.3011. 1000. 18.113.
1003

negative end print, daterminntion of,

regulator. design

elf.

1207-

21.1111.

1209

breakdown imossinnce,
21.205. 1660

measurement

of,

breakdown voltage, measurement of. 23.204.
1549-1540

dn.criotion of. 11.14$, 511-613
Dip -filter, variable. design of. 7.72. 338-139
Directivity index, loudspeaker, definition of.
211.111.

1121

Direct-melt ire
Photograohic film. chnractariatics of,

11.174.

955

photogrphie Alm, gamma for. 19.174, 956
recording
tolvantagns of, 18.42. 916
calicellntion, minimum value of.

18.125.

12.241,

0114

compensator, use of. 111.174. 91.5

944

negative and print.

1417-

1427

Demssing. frequency response for. 18.91. 937

heads. of, 17.90,

4.27, 267-26a

Dielertrir

1622

Dead room. definition of. 2.10. 413

magnetic tape and

.1.

Diameter loss. iliac -recording. 13.51, 659
Diaphragm. capacitor microphone, 4.11, 15P

sere -shift nietleol

of.

111.265, 991-992

optimum, determination without oquipment.

description of. 10.41, 4116
light valve. descriptinn of, 111.23. 904-906
16 -mm, variably -wren nppearance of, 18.384,

18.783. 994. 924

1001

optimum. dupe negative, how determined.

sound

11.261. 991: 18.767. 994, 91111

print. 1.40. value of. 18.259. 991
variable -area. .Reel
11.213,

track, elame-A,

variable -area.

18.29.

915

varinfile-nren. 200 -mil. posh -pull. mound track,
988

variable -area.. selection of. 18.246, 984
variable -density, negative and print,

111.389.

de-

Direct

termination of. 11149. 992
oulput voltage. 18.173. 1146
versus transmiask..., variable..knslly sound
track. 11.270. 992
vinial. variable -density.
value of.
18.271, 102

DepoppIng. method of. 24.67. 1698-1604

1002-1003

Direct radiator, definition of.
radiator

1.33,

11

&mg riptIon

21.1. 1079-10140

Dice

Rayleigh, construction of, 2.90. 72-79
recording
cut. definition 01, 17.122. 671
flash in manufacture 4.1, 13.191. 679

gn.uping In. 13.198. 679

of.
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Disc-cont'd
wording

Distortion --coned

intermodulatlon measurement.. frequencies
for. 23.119. 1603.1604

light pattern, making of, 23.75. 1477, 1480
N -A beam test record, purpose nf, 23.77.
1482

rumble In, 13.43. 6541: 13.44. 668
104nel-to-noise messuroment. 23.130,
stylus noise, test for, 23.78, 1482

1608

sweep record. use of, 23.141. 1414
transfer channel for. 17.228. 870-471
translation loss. definition of. 23.79. 1492

turntable rumble. measurement of.

23.76.

interroodolotion
variable -area film recording, 18,281, 943
versus harmonic. 23.121, 1504-1501
lateral disc recording. in. 13.169. 674

listening level. 23.121. 1504
marnetic
recorders, measurement of. 23.74. 1474.1477
recording, reference value. 23.74, 1476
tape. character -Pities of, 17.112. 792
tape. standard for. 17.140. 906.907
meter, automatic nulling, description of,
22.63. 1297.1300
meter, high -pew filter. using. 22.61. 1287-

1480-1492

1244

reproduction, skating in. 13.81. 661
Discriminator. deserifelon of, 35.112.

1689-

1440

microphone. electric. 4.126. 228
notch, description of, 12.230, 606
oscillator. effect on wave filter, 23.202. 1449

Dispersson, effect of. 2.28. 44

oscillator, internal, measurement of. 23.174.

Dissonance. definition of. IA/. 17
Distortion

output transformers. cooed. of, 12.2311. 618
photoirraPhoc film, description of. 14.326. 1006

1534

amplifier

changing

line voltage, effect of. 23310.

1866.1558

erros-modulation. cause

of.

23.19.

1487 ,

23.113. 1199
even -order, 33.36. 1487

e=

'Ile

in tandem. 23.67. 107

ernes -modulation. effects of. 18.247. 988-984
crosommiulsition test, definition of. 16.126.
944

crossover, description of. 12.234, 606
diserecording. 33%-rom. maximum of. 13.89.
663

discrecording, 45 -rpm. maximum of.

13.89.

663

tor. effect of. 23.47, 1461
push-pull amultfier, cause of, 23.16. 1449-1410
RC amplifiers, 12.27. 632
reproducer magnetic, measurement of. 23.74.
1474-1477

tracing, definition of, 13.173. 677
translator. 11.134, 602
transistor amplifiers, measurement of. 2321.
1449-1444

transistors versus vacuum 'utter,. 12.245. 621622

scale. definition of. 1.143, 36: 23.90. 1487

vertical disc recording, variation of. 13.160.
674

waveform, disc -recording. offset of.

factor meter. cancellation WPC description
of. 22.64. 13001301
factor meter. description of. 22.62. 1289-1297
factor meter. phase -shifter. 22.44. 1100-1301
frequency. amplifier, effect of, 12.115. 665
harmonic
light valve. measurement of. 23.132. 1613
loudspeaker. 20.98. 1118
oscilloscope measurement by, 23.92, 1487-

waveform,

double -ended
1186.1187

distortion.

23.114. 1502

high -frequency equalisation. cause of. 12.221.
602

cause

of,

13.266. 99:

human ear tolerance. 1.133. 34
image spread. variable -area. description of.
18.131. 944.945
internmedulation
amplifier. measurement

of. 23.113.

1494-

3501

rosilio transformer, 11.86. 394
calculation of. 23.117. 1608
film recording. variable -density negative,

plotting of, 18.275. 992

generation of. 23.117. 1502-1903
loudspeaker. 20.98, 1117-1119
cause of, 26.89. 11111.1119

reduction of. 24.140. 1114
low frequency. caused. 23.118. 1503
magnetic recorders. procedure for. 23.129.
1508

printer contact, 13.282, 993-994
statement of. 23.115. 1602
stereo disc. average values. 13.214. 654-686
test. definition of. 18.127. 944
transformer. measurement of. 23.111. 15011502

23.64.

1142

Divergence control, Malign of, 5.74, 251

D log It carve. definition of. MIN. 94!
Dolby. R. N., 17.235. 885
Dolly shots, making of, 2.78. 69
Dome. apex. purpose of. 20.17. 1090

Doom production stage. construction of.

2.41.

101-159

ewer." disc average of, 12.214. 684-685
spread.

Amplifier.

Distributed -port Iiiiphipesiker enclosure 20.164.

1488

Plotting of. 21.7. 1438
Aviation
to intermodulation

13.159,

674

effect on human ear, 1.119. 24-30

image

16.43.

743

push-pull amplifier, cathode by-pass capaci-

measurement procedure fur. 21.13. 1486
measurement, typos of. 22.62. 14864486
odd -order. MM. 1487
analyser. LC filter type. 22.64. 1/86-1237
aperture effect of, 11.168. 962
bias -current. limit for, 17.61. 774
crimpressor amplifier. 10.93. 939

bigh-frequency,

of, 16.40. 743

how mewured. 14.41, 743
intermodulation, preferred method,

Doppler effect. 1.124. 31
Double -button carbon microphone. 4.9. 141-150
Decreer. purpose of. 19.42. 1029
Drag angle. adjustment of, 1332. 65S-656
Drive hole. definition of. 13.16, 45/1
Driver unit. compression. loudspeaker. 21.10.
1084

Driver unit,

construction of, 20.32. 1093.

Drone cone. definition of. 24.164. 1141
Dropouts, cause of. 11.119. 71/4-746
Dropouts. magnetic reeording, equation fur.
17.29. 760

Dual.specd **horn interlock system. 3.56. III
Dual -track magnetic tape track placement on.
17.151.

811-812

Dual triode definition of, 11.17, 460
Dubbing. defloltion of, 18.112. 941
Dubbing stage. screen dimensions for.

19.45.

1029-1030

Duller, definition of. 6.3. 263
DuMont, Allen B.. 11.91. 474
Duplex

circuit, definition of. 25.195. 1677
half-eireuit. definition of. 23.394. 1677
loudspeaker. construction of, 21.25, 1001.1092
Dynamic

braking, motor, how applied, 3.76. 120.121
headphone,

frequency

response

of,

1143

microphone. deign of. 4.30. I62-163

24.171.
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Dynamic--conCil
noise suppressor. definition rif. 1E106. 941
range

dint recording. of.

03.1811. 670

16 -mm optical film, 18.175. 955
16 -mm photographic film, 18.137. 345
symphony orchestra. 1.113. 27
35 -mm photographic Iflm, 18.138. 945
Dynamo. 3.20. 104
Dynamometer meter. description of. 22.5, 12211229

Dynamotor, 3.19. 104
Dyne. definition of. 1.125. 31-32

Dyne per centimeter, definition ,f.

1.41,

16

Electrostatic conCil
mierophone. design of. 4.121. 226
shield. transformer. 8.12, 360
voltmeter, description of. 22.6, 1229
Electrothermul recorder, definition of. 25.77,
16211Elements.vaeuitni-tube.

11.2. 469

Elliptic wave tiller, definition of. 7.116. 360
Embossed disc recording
description of. 13.293, GM
II1Vriift for. 13.209. 6,142
pressure average of, 13.286. 662
Embossing recorder. sintilifier for. frequency
remains.. of. 13.204. 1701

Emissivity. heat -sink, average of. 21.127. 1210

1.102. 23-26

Dynode photomultiplicr tube. 11.32. 404

sound recording, Went ification nf.
18.160. 960
Emulsion
Te4111 iirment for, 18.129. 044
)(Inc Iiisure
Em 11 bdon

E

Ear

Lens -reflex

distortion effect of, 1.111. 29-30
distortion tolerance. 1.138. :14
drum. deflection of. 1.85. 21
human. nonlinearity effect. 1.118.

adjustment of, 20.83. 1113-1114
ronstruction of, 21/.61. 1100-1106
Principles of, 20.60. 1101.1102
27-26.

1.119. 26-30

human, threshold of hearing. 1.82. 21
minimum change In sound level. 1.147. 3G
phase -shift tolerance. 1.444. 3G

Echelon snchronization system. 3.78, 126
Echo
chamber
connection in audio channel. 2.82, 65
construction of. 2.80. 62-64 2.81. 64-66

pipe, construction of. 2.80. 02-64

fold-nfles. description of. 20.67, 1116

frequency irregularity. definition .f. 1.116. 34
orison. description of. 20.64. 1105
loudsissiker
bollie. definition of. 20.19. 1037
leek -shelf. 20.183. 1160-1152

elasticity in. definition of, 20.108. 1121
description of. 20.65. 1106-1107

labyrinth, description of.

20.66.

spring, generation of. 2.129, 09-91)
Eddy currents. definition of. 8.6. 360 17.12. 754
Edge numbering, purpose of. 17.30. 761-762
Edge numbers. use of. 10.1/17. 956

Edison effect. definition of. 11.1. 469
Editing. Nloviols. description of. 18.198. 961-962
Editorial sync mark. definition of. 18.332, 11110
EtTective

center of radiation. definition of. 1.14. 11
power. definition of. 25.9. 1621
sound pressure. definition of. 1.110. 37
loudspeaker. close -coupled.

rear -loaded. principles of. 20.71. 1108-1100
resonance in, control of, 20.81. 1113
resonance testing of. 20.82. 1111
stereophonic. description of. 20.69. 1106
volume of. 20.80, 111:1
anise reduction coefficient. 2.13. 42-43
parallel walls, effect of. 1.51, 16
shape of, external, 20.77. 1111-1112
shapes to tie avoided. 2.39. IS
transmission
irregularity. deft n it ion

Energy distribution. !minim speech. 1.21. 12
Energy -level chart, 25.213. 1696

20.165.

Estiffilivition
amplifier

Efficiency, motor, calculation of. 3.43. 107
Elgentone, definition of, 1.51. IG
Elasticity, acoustic, definition of. 20.108. 1121
Electret. definition of, 25.51. 1626

negative feedback. 6.98. 207-2911
points of, 6.96. 296.29G

Electret microphone. design of. 4.126. 223.
Electrical

thres021
c4hannel. 6.97, 207

equivalents. tablet of. 25.20, 1687
gearing system. 3.47. 1117
transcription, description of, 13.1, 647
Elect roluminescence-cont rolled nmplllfer,
scription of. 12.84, 648-660

de-

11110

recorder. definition of. 25.98. 1600
switch, description of. 25.193. 1676
Electrometer. definition of, 25.142. 1662
Electron -cloud magnetic head. description of.
17.137. 1100-1106

Electronic
filter. definition of. 7.71 337.336

description

18.141. 962

use of, 13.111. Ge.s.nnn

disc -record, RIAA, 13.201. VW
use ..f. 18.169. 902
f r01111011VY 111,11.31%P, shifting of. 6.84. 200

high and low. RC. 6.93, 202
high and low. variable RC, 6.94. 292
Iiiith-frro2tnericy distortion cause of, 12.221.
5./13.

line length, 6.114, 307
low frisPienc7. employing inductance. 6.82,
269niagnetiefilm

23.1114.

of.

22.95.

1342-1344

1630

actuator. microphone calibration, 4.86.

16 -min playback. 17.174, 1124
15 -mm recording. 17.174, 624
36 -non playback, 17.175,1424-020
30 -mm recording, 17.175. 624-826

magnetic recording. adjustment of.

17.155.

1414

maximum amount. 6.19. 268

Electrostatic
loudspeaker, 20.15. 10114-1090

;

269

video recording. principles of. 17.239. $149
Eledetroarnsitive recorder. definition of, 25.91,

196

620; 18.81, 0:10-031

diameter
connection of. 13.112. 669-670
hot -stylus tsar of. 16.66, 720-721

high freonency, employing inductance.

1636-1539

oscilloscope.

precantions in network connection. 12.211,
Itaxminll circuit, 6.116. 290
compensated volume control. 6.85. 289
dialogue. (Revolt governing use of, 4.114.
214.210: 5.122, 300-309 : 17.163. 810-

Electrolysis. cause of. 25.124. 1647-1648
Electrolytic
capacitors. series connection of. 21.46, 1179-

gating. definition of. 25.116, 1663
microphone, design of, 1.69. 179
mixer, definition of, 18.105. 941
printing. description of, 18.201, 064
switch, oscilloscope. connection for,

of,

1.137. 34

1142

switch.

1107-11014

push -mall. 20.40. 1095

definition of. 2.79. G2
flutter. definition of, 2.16. 43

Efficiency,

divtrilmted.port. descripti.ot of, 20.166. 1142

196-

microphone, how 1110d. 4.114. 215-217
neentive-fetelbsek loop. /2.157. 680: 12.158.
660
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Equalisation-cont'd
optical reduction, 35 -mm to 16 -mm. characteristic of. 18.174, 954
phototube output, 19.96, 1050
pre- and post -emphasis, fin radio, 6.111, 306306

pre.

disc -recording, connection of. 13.163,

.

675

pre-

magnetic recording. AME. CCIR, NAB,

Equalizer(sl-cont'd
L -type. design of, 6.95. 292-294
loudspeaker. low -frequency. 6.128, 313-316
low -frequency
attenuation, design of, 6.811. 287-289
constant -impedance. 6.131, 817.318
RC, 6.89. 291

low impedance. description of, 6.13, 256
low- or high -frequency. 6.10. 263

presence. use of. 2.121. 87
RC amplifiers, low -frequency, 12.37. 535
reference frequencies, 6.92. 292

low-pass, RC, 6.68. 291
measurement of, 23.62. 1163-1464
microphone, description of. 6.116. 298-299
negative feedback. design of. 6.73, 2116

RIAA. values for, 13.110, 668
RIAA. signal-to-noise ratio
with. 13.151, 674

parallel
capacitor, 6.32.'68.269

17.172. 823

improvement

series half -bridge, purpose of. 21.86, 11111
sound head, description of. 18.171, 1153
split -termination. 6.113. 307
sprocket tape. magnetic. specifications for,
17.171. 821-822
wideband, amplifier equations

for,

12.225.

603-604

Equalized

operational

amplifier.

/2.156.

692-

inductance, 6.33. 269
resonant, 6.35. 269

plate circuit. description of. 6.74. 286.287
plotting of characteristics, 6.29. 268
pre- and post -use of. 6.11, 264
Pre-. disc -recording, 13.162, 674-676
presence. use of, 26.136. 1135
RC network, crystal pickup, 16.10. 735-736
resistors, tolerance of. 6.79, 217

resonant circuit,. function of. 6.50. 274.275
resonant plate. deacription of. 6.76. 287
RIAA

593

Equalizeris1
acoustic. 2.9, .12

acoustical microphone. 4.33. 164
amplifier, 6.24. 267

low frequency. 6.103, 299

amplifier. definition of. 6.24. 267
attenuator type, definition of. 6.23. 266-267
auditorium tuning, 6.133. 319

recording and reproducing characteristics.

recording. 6.104. 2911

balanced. design of. 6.50. 283: 6.60. 284
balanced, ground connection. 6.64. 6.63. 264285

series

bridged -T.

basic configuration.. 6.48, 273
high -frequency design of. 6.51. 275.276
low -frequency design of. 6.52. 276. 276-279
phase -shift, 6.22. 266

reactive elements, functioning of. 6.49, 273.
274

resonant high frequency, 6.53, 279.262
resonant low frequency. 6.54. 282
elipacitors, tolerance of. 6.78. 287
characteristics. plotting of. 23.63. 1464

291-292

285

operation. 6.45. 6.66,
272

honeycomb wound. description of, 4.72, 286
maximum Q. 6.69. 286
tolerance of. 6.77. 287
toroidal, how constructed. 6.70, 285
constant
-B. 6.124. 309-311

-loss. description of, 6.15. 265
-resistance. configuration of. 6.111. 266
-resistance, definition of. 6.17. 265
-S. 6.125, 311-312

crossover networks, use of. 7.83, 344
crystal -headphone. circuit for. 20.173. 1143
definition of. 6.1. 263
degenerative, description of, 6.25. 367
delay, definition of, 6.123, 309
dialogue, motion picture recording. 6.107.
300-302

diameter. configuration of. 6.28, 266
diameter. definition of. 6.27, 267-266
dlp -type. design of. 6.55. 282

24.60.

1606-1607

Equivalent circuit
long line. 25.177. 1672
short line, 25.1711. 1672
Erasure
bulk. magnetic recording. 17.66. 778-781

current

passive -type. 6.126. 312-313

resonant circuits. 4.108, 302-303
grid circuit. RC. 6.91. 291-292

',type. description of. 6.20, 266

adjustment of. 6.44, 272
characteristics of line. 6.39. 270
configuration fur, 6.38. 270
connection of. 6.42, 271
design procedure, 6.43. 271-272
estimation of. 6.40. 271
of. 6.41, 271
line, reason for, 6.37. 269-270
35 to 16mm film. 6.110, 303.304
tune control. RC. 1.19. 298
unbalanced, ground connection, 6.62. 6.63. 284
universal, description of, 6.130, 316.317
values of capacitance. how obtained, 6.47, 273
variable, attenuator loss, 6.61, 284
variable. purpose of. 6.12. 263-265
vertical reproducing. component values,
6.109. 303

effect on circuit gain. 6.14. 265
film loss, design of. 6.127, 313
frequency conversion. 6.67, 285
graphic
description of. 6.108. 302.303

high -pus. RC, 6.90. 291
impedance conversion, 6.56. 282-283
Impedance relations. 6.16. 266
Integrated circuit. 6.132. 318-319
light valve. description of, 18.173, 954
loss conversion. 6.57. 283

telephonevrall

Equal loudness contours, 1.76, 20
Equipment. dimensions of, average.

disc -reproducer. use of. 13.106, 666

289

capacitor, 1.31. 266
inductance. 6.34. 269
resonant. 6.36. 269
resonant. design of, 6.46. 272-373
shelf type. definition of, 6.21. 266
simple configuration. 6.30. 265
stereo pickup, design of. 6.129. 316-316
take -off point. definition of, 6.9. 263; 6.91.
tandem
connected, 6.59. 283-284

coils
design of. 6.68, 285

high -frequency attenuation, design of.

6.115, 299-300

recording. component values. 6.106, 300
reproducing. 600 -ohm. 6.112, 299
viatica for, 6.101. 299

average value of, 17.62. 783
magnetic -recording, measurement of. 17.61.
6.61,

777

masrnetic.recording. noise in. 17.56. 776.77G
description of, 17.83, 703-784
filter, magnetic recording. 7.115, 363
head coil, connection of. 17.84. 784
magnetic recording, bulk, 17.63. 777.778
magnetic -recording. bulk. techniques for,
17.66. 776-781

permanent magnets, with, 17.85, 784.785
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Film fa)--cont'd

Even harmonic. definition of. 1.55, 16

Exciter lamp, prefocused, purpose of.

19.151.

1(163

Expander, oscilloscope. description of. 22.82.
1333

Exposure
lamp
se. use of. 18.314, 1004
current, 16 -mm recording. 18.256, 990-991

current. 35 -mm recording. 18-256. 990-991

filament. direction of, 18.257. 991
optical film recorders, filament, direction
of, 18.250. 989
selection of. 18.250, 989

meter. optical film recorder. description of,
18.26, 006407
test. procedure for. 1/1.321. 1006-1006
tests, photographic film recording, 18.134. 945
Extrinsic transconductance, definition of,
11.122. 496

Eye. human, light capability of, 19.112, 1054
Eye. human. spectral sensitivity of, 19.111. 1064

F

Facets. burnishing. 15.3. 712: 15.8. 713
Facsimile, transmission system for, 25.79, 1628
Fade. board. definition of. 9.14. 414
Fade. definition of. 9.12. 413
Fader. definition of. 5.15. 232
Fader, description of. 19.10, 1049
Fading, Cross, definition of, 9.13. 413-414
Fahrenheit temperature. conversion of to
centigrade. 25.135, 1649
Fans, cooling. performance of. 24.99. 1617
Fantasound, description of. 19.144, 1060-1061
Farads, conversion of to microfarads, graph
for. 25.164. 1663
Feedback, acoustic, 2.11. 42
Ferrite beads, description of. 25.8. 1621
Ferrite core, description of. 17.73. 782
Ferrnelectricity, definition of. 25.192. 1676
Ferromagnetic materials, definition of. 17.4.
753

Ferroresonant circuit. definition of, 25.141. 1662
FET

coil. loudspeaker, 20.1. 1079

-effect transistor
definition of, 11.106. 482
description of. 11.145. 507-509

pattern
crystal microphone. 4.20. 161
dynamic microphone. 4.34. 154
wire. definition of, 25.172. 1671
Figure -9 winding. 5.18. 233
Filament, tube. 11.3. 459

description

of.

19.156.

948:

fine grain, sound recording, description of,
16.150. 948
16 -mm.

1059

perforations in. 17.28. 760
six -track, track placement for. 19.136, 1069
test. types of. 17.237, 888

three -track, track designation for.

19.134,

1059trarkon,

half -striped, 17.184, 837

track on, single, placement of, 19.133, 1059
types of, 17.30. 761-762
nitrate, description of. 18.149. 948
optical. perforations in, 17.29. 760
phonograph, definition of, 18.10, 893
photographic
bloop calculation of. 18.210. 966
processing
machines, descriptions

of.

18.216. 967-969

storage of. 18.10. 916
polygoning in, 17.197. 844
positive stock. use of, 18.151. 940-949
prints, release. multiple -track, reproduction
of, 17.195, 843
recorders

exposure lamp. direction of lamp filament,
18.250, 989

gear ratios. 18.336, 1011
optics!. exposure lamp, selection of, 18.250.
989

photographic. slit -loss, definition of, 18.212.
967

recording

attack time
Average times. 19.63, 921
definition of. 18.61, 921
effect of, 18.64. 921
measurement of, 18.65, 921-923

background suppression amplifier, use of.
bias lines. use of, 16.60. 921
compression
attack time, average of. 18.100, 939
distortion of, 18.93, 938
limiting, difference of, 18.191. 939
ratios, values of. 18.88. 937
release time. average. 18.100. 939
when used. ISM. 938
compressor amplifier
adjustment frequency for. 16.92. 9:37-938
operation, point of. 18.99. 936
precautions in use, 18.97, 938
where connected. 1858. 938
compressor -limiter amplifier, schematic for.
18.84. 932-937

18.262. 991

burnishing. description of. 11.152. 1093
color, construction of. 18.311. 1003
8 -mm, projection, frame rate for. 19.26. 1026
exposed, holding of. 18.319, 1004
feed continuous. design of, 2.133, 98-99
footage,

equalizer. design of. 6.127. 313
equalization. use of. 18.169. 952
measurement of 18.170. 962-960
per generation. values of, 18.172. 964
plotting of, 18.170. 962-963
magnetic
defects in. 17.99, 769
description of. 17.28. 760
four -track, track designation of. 19.135.

18.104. 939-941

definition of. 11.1116. 482
description of. 11.145, 507.609
Field

FilmIst
antihalation,

loos

cross -modulation oscillator.
for. 18-225, 970-971

components

cross -modulation teats, how made, 18.232,
976

de-essing, definition of. 18.89. 937
de-eftsing, frequency response for, 15.91.
937

conversion of to 36 -mm,

19.147. 1062
footage. 35 -mm. conversion
19.147. 1062

of to

16 -mm,

footage of versus size. 25.162. 1669

frames per foot of
8 -mm. 19.25. 1026
16 -mm, 19.25. 1026
35 -mm. 19.25. 1026
super 8 -mm. 19.25. 1026

gate. purpose of, 19.82. 1042.1043
green, description of, 18.189. 956-957
green, projection of. 19.153, 1063

laminated magnetic sound track on, 17.110.
840-841

leader, SMFTE, use of. 19.44. 1029

density drift. cause of, 18.312. 1003
D log E corve, definition of. 18.121. 943
speed of. 17.170. 821; 18.50. 917
footage counters. 18.339. 1014
45 -Ha high-pass filter, purpose of. 18.117
gamma, definition of. 18.178, 956
ground noise, definition of. 19.57. 919
H and D curio. definition of. 18.121, 943
limiting, when used, 18.94. 93A
modulation, sprocket hole, cause of. 18.200,
963-964

negative density, changing of, 18.162. 950951 : 18.239. 964

negative density, control of. 18.239, 984
noise -reduction shutters, use of, 18.59. 919921
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Film Is -cont'd

Pilmisf-ennt'd

recording

noise -reduction thump. checking of.

18.67.

923

opacity. definition of. 18.165. 992
optical
amplifier. limiter. use of, 18.80 932
biased galvanometer. Image formation of.
18.79, 930
bias lines. clam -B.

variable -area, width

18.107.

960

optical reduction. 28 -mm to
vowelisation for. 18.170 954

16 -mm,

963

percent

bias line, 16 -mm, variable -lire., width of.
bias line, 35 -mm variable -area. width uf,

calculation

transmission,
of.

use

18.20

911-912 ;

11.118. 951-962

positive sound track, why used.

1073. 5127

noise reduction,

14.69

$126-

923

noise -reduction current. frequency
f/POMP! of. 18.60 923
noise -reduction shutters, operation
18.78. 929-930

tracks.

sound
18.211, 966.967

definition

of.

blooping

of.

raw stock, definition of. 18.147. 946
routine teals. 18.134. 945

silent sound track. definition of, 18.20$.

of.

16-rnm, aelmuth. adjustment. frequency

965

for, 18.41. 916-917

18.69. 923-924
optimal reduction, definition of. 18.154,
949-950
variable -area. noise -reduction amplifier,

description of, 18.72, 924-927
variable -area sound -track Image masks,
description of. 18.77. 927-924
waveforms, dialogue. music, 11.80 931

percent modulation, definition of. 10169,

16 -mm. percent
954.955

modulation of.

18.175.

14 -mm sound track, dynamic range of.
18.137. 945

16 -mm track placement of. 111-284. 968
solid-state modulator, 18.348. 1029-1021
sound track. negative. processing of.
18.156. 9110

peed. definition of. 18.219. 969-970
supersonic noes. reduction, 11.318,
tests

1002

for optimum density, 18.283. 994-

996

35 -mm azimuth. frequency

941

ponenta 18.234, 980.981
read-out, block diagram

print -down,

18.179. 956

push-pull

re-

noise -reduction system. /anticipatory, description of, 18.71. 924
noise reduction clam -B. variable-arex.

photographic
azimuth, adjustment of. 18.63. 916
azimuth, tolerance for. 18.47. 917
bloom. type. of, 18.248, 966
cleaning of. 18.280 991
cross -modulation read-out, basic

18.322.

1004

print -up,

924

compression. use of. 14.84. 931-932
compressor. balancing of. 18.90 939
8 -mm. 19.27. 1026-1027
noise -reduction current. effect of. 18.68.

of,

18.166. 952

photometer,

18.74, 927

for.

18.45.

916

35 -mm sound track. dynamic range of.
11.138. 946

35,12mirn stock. use of, 10120, 943
35 -mm track placement. 18.280 996
Coal

transmission, balanced density. value of.
18.248. 989

fut.

18.235.

981.982

read-out, calibrations for. 18.236. 982
read-out, procedure for, 18.237. 982-983
distortion. effects of. 18.247. 988-999
test, definition of, 18.121. 944
tests. how measured. 18.233, 980
tests. plotting of. 18.238. 983-984
density
definition of. 18.120 948
versus output voltage. 18.133. 916

determination of. MM. 944

tolerance for. 19.161, 050
variable-srea, effect of. 18243, 985

direct positive. characteristic. of. 18.170
956

Ektachrome reversal. sound track, type
of. 18.2114. 996

emulsion testa. purpose of. 18.129. 944
film for. 18.142. 945
film -loss wineilization, use of, 16.169. 952
film, types of. 18.136. 915
fine grain. 18.142, 945
flowchart. 16 -mm. black and white. sound
track. 18.143. 915

flowchart. 16 -mm. color reversal. 18.143,
945

hand tests, description of. 18.221, 970
image spread
cause of. 18.131. 945
description of. 18.130, 944-915
effect of. 18.112. 946

interdmodulation test. use of, 18.127. 944
Kerr cell. use of. 18.208. 966

light valve. equalization for. 18.173. 964
looping, marking device. 18.315. 10031004

loss per generation, values of. 19170 964
negative blow-up. definition of, 18.186.
946

optical reduction, description of,

PEC monitoring, description of. 10119.

of. 18.75, 927

dam -AB,

recording
photographic
noise, painting -out of. 18.213. 9G5

variable -area

azimuth. incorrect. effect of. 18.411, 917
density for. 18.240. 984
processing of. 18.217. 969
variable -density

"Moab incorrect, effect of. 18.44. 916
processing of, 18.218, 969
work print, deem -lotion of, 18.160 952
print deniaty, changing of, 18.162. 950-951 .
18.239. 994

print density. control of. 16.239, 984
raw stock. Identification of. 18.161. 950
release time, measurement of. 18.65, 921923

release times. leverage values. 18.63 921

reversal color, variable -area average density. 19.319. 1003-1001

scratch track. definition of. 18.181. 966
96 -mm positive print from black and white.
10145, 946

16 -mm positive print. 36/32, 11.145. 946
stork. storage of. 18.153. 949
therentiphoetk. 18.344. 1017-1019

36 -mm odor negative, sound track, flowchart. 11.146. 945

66 -nn cross -modulation tests. carrier fre-18.245.
1111CIICY. selection of.
32 -mm stock. use of. 18.124. 943

9136

toe. variable density, definition of, 18.282.
964.966

variable -area light valve, image mask, use
of. 111.80, 1130

volume indicator, types of. 18.183. 839
release.
4-traek magnetic. standard

for.

17.189. 840

release prints,

level monitoring of.

17.202.

1145

reproduction, loop boy used in, 17.200 849850

reversal. definition of. 18.152. 949
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Film (41-ennt'd
safety base. de.eription of, 18.145. 947-948
sound recording. core., description of. 18.155.

eqUatitimi

950

mound recording. photographic. color sensitivity of, 18.141. 916
speed, processing, definition of, 18.219. 969970

splicer. diagonal and straight, description of.

striped. pre- and post, definition of, 17.161,
836

super 8 -mm. description of. 18.50. 917
test
multifrequency. 19.68, 1037
reproducing. types of. 18.177, 955.956
scanning -beam -illumination, 19.71. 10:17
snakes -track. 19.72. 11137-1038

sound focus. 19.74. 1038
sound transmission. 19.69. 1037
3.1) alignment. 19.75. 1038
warble. 19.70, 1037
'seising, purpose of, 18.168. 956

winding. 16 -mm A and

for series m -derived high-pass, 7.54. 333
shunt ny-derived high-intas. 7.56, 333
shunt m -derived low-pass. 7.55. 333
erasure. magnetic recording. 7.115. 363
f requency characteristics.
how measured.
7.61.:4:16

18.199. 963

split. definition of, 18.51, 917
squeezed, definition of, 19.154. 1043

11,

definition of,

18.139, 945

winding. 15 -mm, direction of, 111.140. 943
Filter i s
of,. 7.72, 336-340

e,

elliptic, definition of, 7.116. 365
elliptic. description of, 7.116, 3E3-365

sempitical, design of, 2.55. 54
all -pass, definition of. 7.11. 322
attenuation characteristic.. 7.36. 326
audio oscillator. use of, 22.16. 1264
auditorium tuning. 2.117. 834.5
hlanced, design of, 7.59, 3:44
brind-elimination, definition of, 7.10. 121

bandits,.
definition of, 7./1. 321
design of, 7.46, 329
band -reject ion

definition of. 7.9, 321
design of. 7.47.:/29-:1:10

bandwidth. definition of. 1.17. 323
basic design crin.iderktiorui. 7.43, 320
basic equations. constant -k. 7.39, 325-726
Bessel. description of. 7.116.:463.365
bias.current, design of. 7.107. 355
brute -force. definition of. 7.13, 322

Butterworth. description of. 7.116, 363-361
center frequency, how determined. 7.69, 336.
337

characterixtic impedance, 7.25.:424
Chebyshey, definition of, 1.116, 365
choke. overlonding of, 21.11, 1173
choke, power supply. selection of, 21.19, 1173
classification of. 7.24, :124
coils. recommended type.. 7.64. 336

coil...orriflcationo of. 7.44.:046
coils, tolerance of. 7.65. 336
combining T and L sections. 7.42, 328

composite, definition of, 7.11, 322: 7.42, 328
connected in tandem. frequency characteristic. of. 7.68. 33G
constant -k

and nyelerived, combining of. 7.19, 332
basic configuration., 7.45. 328.329
definition of, 7.30. 324
constants
45- and 80.H. high -poor., 7.105.:151
series sus -derived high-pass, 7.76, 340
series in -clerked low -pasts. 7.75.:140

shunt m -derived high-pass, 7.78. 341
shunt mderived low-pass. 7.77.:340.341
6., 8., and 10-101. low-pass, 7.104. 354
convendon of impedance. 7.12. 336
converter, connection of. 3.69. 116
crystal, definition of, 7.70. 337

cutoff frequency. definition of, 7.19. 323
design procedure 7.44, 3211
determination of. constant ny. 7.53. 332-333
dip. definition of. 7.12. :122

double -m and double.m prime. description of,
7.110.:457-:158

dynamotor. connection of. 3.68. 116
electronic. definition of. 7.71. 337.338

frequency, convention of. 7.63. 336
generator commutator. 3.46. 107
geometric mean, calcidation of. 7.69, 337
high -pas.
definition of, 7.6, 321
for microphone. 7.113.:162
intermodulatinn analyzer, 22.131, 1397-1398
RC. 6.90, 291

blvd. definition of. 7.2. 321
identifiention of, 7.102.353-354
image impedance. definition of. 7.37, 325
impedance. conjugate definition of, 7.38, 325
impedance. measurement of. 7.34. 325
insertion Insp. cause of. 7.33. 325
insertion loss. definition of, 7.32. 324
low-ttioot

definition of. 7.7. 321
intermothilation analyzer. 22.121. 1398
RC. 6.88. 291
n5. -derived

definition id. 7.31. :124
design of. 7.48, 330.3:12
Wart of constant rn. 7.30. 332
equations for, 7.52, 332
section impedance. 7.51. 332
microphone 220-221
network. passive, 7.4. 321
e -suppression, use of, 7.101, 353
notch, definition of. 7.12, 322
null, design of. 7.72. 340

operation in parallel or Aerie., 7.111. 358-359
psnel, variable, design of. 7.119. 356-357
it
blind. definition of, 7.16. 322
phnite-rorrection. use of. 7.112, 359-362
phase -shift. definition of 7.21. 323
pink -noise, use of. 7.114. 362-363
id -type. definition of, 7.29. 324
power toipply. 7.13. :122
power supply
feed -through system, 21.12. 1176-1177
graded. definition of. 21.27. 1176-1176
ItC and L. definition of. 21.31. 1177
tuilia8, definition of, 21.35, 1177
2-siection, definition of, 21.33, 1177
dosign of. 7.72. 718-340
It(. design of, 21.16, 1172
14C utilise, use of, 7.115.:163

rumble. definition of, 7.100, 363
sections. combining of. 7.41 327-328
set tuns. selection. of. 7.40, 326-327
ncries
ativsintitges of. 7.57, 335-334
shunt m -derived. advantage of, 7.57, 331-334
6410 -ohm 1400-31s, shunt, m-derired, low-pass.
design of. 7.58. 334
soiliobstitte. description uf, 7.116, 353-365

slug bond. definition of. 7.18. 323
surge impedance. definition of. 7.26. 324
system. power supply, eaftseitora, series connection of, 21.46. 1179.1180

telephone effect. deign of. 7.73. 340
terminol inipedanre. definition of. 7.27. 324
transmission band, definition of, 7.15. 322
transmiasion characteristics, 7.35, 323
unbalanced. conversion to balanced, 7.60. 334136

variable dip. design '.1. 7.72. 338-340
vnrinble, high -pax.. rerecording. 7.79, 341
wave. definition of. 7.1. 321
wave. practical. 7.3. 321

wratten use of 7.106. 355
Fishline winding, 5.18, 2:13
Fish Paper. definition of, 25.34. 1623
Flaw detector. ultrasonic, 25.215. 1697-1700
Fletcher-Alunston curve., 1.76. 20, 22
Flicker picture, cause of, 19.114. 1054-1055
Flicker. 1G-mme cause of, 19.115. 1055
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Floors. rumble. prevention of. 2.51. 50.61
Flowchart
black and white. 16 -mm sound track. 18.143.
945

color reversal 16 -mm sound track. 18.144. 1.45

35 -mm color negative. sound track.

18.148.

945

Flutter
definition of. 13.33, 686
disc recorders and reproducers. 23.149, 1516-

Frequency-cont'd
macro:sonic. definition of.

range

am and fm transmissions, 1.131. 33

disc recorder, standard for. 13.35, 656
echo. definition of, 2.18. 43
magnetic recorders and reproducers, procedure fur measurements. 23.149. 1516-

relation to. 3.72, 119

for,

11.144.

60618401

measurement of. 13.34. 656
measurement. weighted -curve,

purpose

of.

17.115. 809

amplifier,

measurement of. 23.1.

1429-1431

-response meiwurements, magnetic recording.
level of, 17.53, 775
standard, secondary. description of, 12.40.
1254.1266

.uperuonic, definition of, 1.19. 12
synchronization, use of. 3.79, 126427

measurements. bandwidth for. 22.21. 255
meter. description of. 22.41, 1255-1261

meters. clibration
oplkal

background music. 20.139. 1136
mtsic and speech. 2.44. 49
paging system. 21.144. 1137

responxe,

1617

standards

12

modulation, description uf, 25.5. 1620.1621
permanent -magnetic generator. 3.57. 112

1517

mrgnetic.recordera.

1.20.

meter
direct -reading, 22.96. 1344.1346
phototube used with, 22.96, 1346
resonant, 22.37, 1251-1252
modulated microphone, design of. 4.70, 179

of, 23.150,

test recur.). use of, 23.208. 1548

1917

transformer, effect of on, 8.13. 366
ultrasonic. definition of, 1.18. 11

film recorders. 18.26. 906
film recorders and reproducer..

23.149,

1616-1517

printer. measurement of, 18.328, 1005
program material, effect on. 13.38, 657
sound head. maximum. 19.140. 1060
sound track optical printing, effect of. 18.327.

versus period. 25.116. 1645
wavelength nomograph. 25.204, 1686-1687

Fricative sound. range of. 1.58, 17
Fringing effect, magnetic recording, in. 17.152.
8IR; 17.199. 844

Fuel -cell battery. description of, 25.191. 1673-

1005

1674

test film. description of. 19.63. 1035
Fly -wheel effect, definition of. 8.84. 385

Fundamental frequency
definition of. 1.52 16
relationship to harmonics. 1.120. 30

Fm

noise, Mari
17.130, 789
pickup. description of. 16.19. 736-738
transmitter, multiplexed. description

Fuse

of.

grasshopper, definition of, 24.17, 16E16
indicator. neon lamp, description of, 25.114.

25.64. 1629

1641

Focus

film, projection, description of. 19.66, 1035
-gap head. magnetic recording. 17.40. 765.766
photographic film recorder. how made, 18.53,

rating of. current, 26.107. 1637; 25.108, 163R
rating of. voltage, 26.167, 1637; 25.108, 1639
time -current characteristics of, 23.188. 163A
Fusetrun. definition of, 25.76, 1628

917-919

test, appearance of. 18.301. 1000

G

test. definition of. 18.52. 917
Focusing chart, nnamorpbic, 19.129.
Fog &miff?

1058

bandwidth product, transistor, definition of,

cause of, 18.124, 970

11.121, 501

definition of, 18.124. 944
negative,

variable -area,
18.222. 970

average

value of,

970

Folded -throw projection. description of, 19.163,
1070-1071

inverting operational amplifier,

11.196. 591
12.196,

noninverting operational amplifier,
691

set

Footage, film size versus. 25.142. 1663
Footage per seat, motion picture theatres, 2.45.
49

Foot-candles. calculation of,

194. 1023

Fasot-lamberta. calculation of. 19.5.
Foot -lamberts. conversion of nits

amplifier, frequency response, output level.
234, 1431
attenuator, lose relation to signs! level.
23.12, 1440

Foot falls, prevention of. 2.70, 59

attenuators,
1023

to.

lose

measurement of. 23.27.

1446

19,53.

1032

Forming board. purpose of. 24.52, 1586
Fractional equivalents, table of, 25.20. 1687
Free -sir resonance. dynamic loudspeaker, 20.86.
1115

definition of, 1.111, 30
Free -field pattern, definition of, 26.27. 1092
Free -field.

Frequencies

graphic equalisers. 6.126, 312-312
preferred, acoustical measurement*. 2.4. 11
most annoying. 2.13, 43
middle -range. definition of. 2.88. 72
Frequency

carrier. definition of, 2548, 1629
classification of, 25.87, 1629
definition of. 1.47. 15

doubler Amplifier. definition of. 12.112. 563:
12.121, 566

0.1 attenuator- reading of, 23.5, 1433

ututransforrner receive section of. distortion measurement with. 22.125. 1390
balanced

circuits. .hurling out of. 23.14. 1441
description of, 22.123, 1366-1387
Input circuits, types of, 23.14. 1440-1442
to ground input. 23.14, 1449
dials, reading of. 23.4. 1432-1433
equalized amplifier, measurement of. 23.13.
1440

equaliser. measurement of. 21.62. 1463-1461

external attenuator, calculation of, 23.21,
1443

external pad, use of, 23.35, 1446-1447
frequency measurement, tabulation of, 23.8,
143;4-1436

frequency response. measurement of. 23.28,
1446

1.17. 12

irregularity. definition of, 1.136, 34
responwe. loudspeaker, variations In, 20.193,
1136

control, automatic. definition of, 35.86. 1629
control, grid, calculation of voltage reduction. 5.64. 248

Print. variable -area, average value of. 18.223,

infrasonic, denition of.

Gain

grounded input. 23.14, 1440

ground louts. prevention of.

23.23.

1443-

1444

impedance measurements, 23.16. 1442-1443
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Glow lamp(s)-cont'd

Gain-cont'd
ref
insertion loss. measurement of. 23.55. 145141453

known vult*ge. supply of. 23.51. 1457-1466
meters

calibrations. value of. 23.22, 1443
characteristics of. 23.25. 1444-1145
tracking of. 23.26. 1445
receive

grounding of. 23.34. 1446
meter. setting of. 23.9, 1439
impedance. values of. 23.31. 1145
section in. shielding of. 22.123. 1387
repeat -coil. insertion loss, 23.20. 1443
send, impedance matching. 23.18. 1113: 23.30.
1145

send

meter.

setting of.

23.10.

1439-1110;

23.11. 1440

single -meter. description of. 22.122, 1383-13/46

symmetrical input. 23.14. 1410
transmission ground. definition of.

23.24.

description of, 18.204. 966
regulation. description of. 25.99, 1611
series resistance used with. 25.99. 1031
spectral emission uf. 25.99. 1631
Gold spluttering. description of. 13.126. 671
Governor. motor. use of. 3.74. 120
Grandeur film, definition of, 18.183. 956
Graphic equaliser
description of. 6.108, 302.303
operational amplifier. 12.196. 693.594
passive -type. 6.124, 312-313

Graphic level recorders. description of. 22.112.
1369-1374

Grasshopper fuse. definition of. 24.47. 1586
4:reticule. oscilloscope. 22.88, 1333-1334

Greticule. transistor curve tracer. 22.121. 1383
Green film, description of. 18.189, 956-957
G. relation to SPI 1.155. 38
Grid
control, 11.11. 460
current, resistance -coupled

two -meter. description of, 22.122, 1383
unbalanced. input circuit, types of. 23.15.

12.1,

screen. 11.13. 460
suppressor. 11.12. 460

Grille cloth. loudspeaker, selection of, 20.79,

1419

wave filter. measurement of, 23.61. 1162-1163;
23.60. 1461-1462

1113

Groove

Galvanometer

bias current, use of. 18.56. 919
biased. sound track image, formation

of.

18.79. 930

angle, definition of. 13.161. 674
dirt in. 15.40. 717
disc, lateral. appearance of, 13.92, 663
disc -recording. coarse -pitch, width of, 13.187.

cross -over test, push-pull recording, purpose
of. 18.253, 990
frequency response. measurement of. 23.151.
1618

679

disc -recording. depth of. 13.150. 673
disc, vertical, appearance of, 13.91. 663
lateral recording, bottom radius of, 15.13,

improper centering. effect of, 18.291, 996-997

of single coil. construction of. 18.12. 891-805
operation with noise -reduction shutters. description of. 18.78. 929-930
recording
amplifier for. 12.161. 681-582

disc, standards for, 13.180. 678
maximum excursion of, 13212. 684
modulation -limiting factors for, 13.213. 684

definition of, 18.178. 966
value

of,

pressing, standard. 13.181, 678
velocity, definition of. 12.17. 658
vertical -recording, bottom radium of.

113.176. 955

film recording. photographic, vorinble-aree,

reproducers, 18.336. 1011
Gonemotor, 3.21. 104
Generator. 3.17. 104

common. use of, 21.32. 16754676
earth. construction of. 74.45. 16864546
effect on balanced attenuator, 5.29. 236
loop
we, 24.16. 1386

reuse of. 24.31, 1674-1675
Prevention of, 23.23, 1443-1444;

23.217.

1663

dc. ripple voltage. eliminator of, 21.23. 1171
induction. 3.11. 103
motion picture lighting. 3.90, 113. 144
permanent -magnet. 3.57. 111-112
random noise. description of, 22.56, 1280-1282

temperature rise in, measurement of, 25.136.
1649.1651

tone -bunt. description of. 22.139. 1110.1111
white noise. description of. 22.58. 1280-1282
Geneva movement, operation of. 19.87. 10441046

noise. optical film
18.57, 919

recording, definition of.

water -pipe. 24.45. I316
Grounding
attenuotors. 5.26, 5.27. 5.28. 239
gain net receive, connection of, 23.34.
jack frame. procedure for. 24.34. 1578
microphones, 4.64. 176-176
of mixer networks. 9.37. 424
Grove. William. 25.190. 1673
Grover. George. 4.119. 223
Growler. purpose of, 24.79. 1605-1606

Guard circuit, definition of, 25.158. 1663
Gunning. microphone. definition of. 4.88.
GipsIle. John H. W., 19.120. 1058

Geometric mean, definition of, 25.35. 1623
Germanium

description of. 11.103. eel
resistance of. 11.111. 484

1446

197

Gutter metal. types of. 24.49, 1586-1588

Getter. 11.9. 159-160
Gilmer belt system. 3.56.
Gimp. definition of. 21.75. 1604-1605
Glass. projection -room porthole. 19.148. 1062

Glenn. Dr. Wm. E.. 18.311. 1017
circuit for. 18.204. 965

wall, stylus contact of. 15.23. 715
width. vertical recording. for. 13.189, 619
Ground

Gating, electronic, definition of. 25.166, 11163
Gaussian noise, definition of. 1.143. 37
Gauss. Karl F., 1.149. '37: 17.20. 756
G. definition of. 1.151. 38
Gear ratios
recorders. 18.336, 1011

Glow 'memos,. 25.99. 163046:12; 25.100,

15.14.

713

values of. 141.142. 945
strip. description of, 18.193, 957

1633

13.183.

stereo

Gamma

recording,

record. worn stylus used in, 15.25, 715
run-in. standard for. 13.185. 679
shape. disc, monophonic, for, 13.104. 666
679

description of. 22.75. 1330.1331
frequency characteristics.. 18.13, 1496
two -coil, construction id, 18.12. 1195
film

713

monophonic versus stereo. 13.212. 684

starting for disc record, number of.

construction of. 18.12. 8934196
definition of. 18.11, 1493

direct-posItive

amplifier,

523-524

1441

1632-

H

lines effect. 17.136. 803

Hairpin winding. 5.18, 233
Hair -duplex circuit. definition of, 25.196, 1677
Half oleo. definition of, 1.27. 13
Hall. Edwin, 25.198. 1677
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Hail effect. description of, 23198. 1677.1678

II and I) curve. definition of, 18.121. 948
Hand testa, description of, 18.221, 970
Hanger. microphone, design of. 4.117, 221
Hangover, acoustical. 2.19. 43
hardness. disc. recording. effect of, 13.12, 660
Harmonic isl
aural. 1.118. 24
determination of. 1.57. 16
even. 1.55. 18
odd. 1.34. 16

Hearing
aid. integrated -circuit. description of, 20.189.
1167-1158

effect of age and sea on, 1.71. 19: 1.99. 25
loss. human ear. 1.99. 25
tests. audiometer for. 22.42, 1241.1262
threshold of, 1.82. 21
Heat equivalent.,. table of, 25.20. 1687
Heater circuit, Aeries connected, shunt resistors.
calculation of. 21.65. 1184-1188
Heater. vacuum -tube. 11.1, 439

sub-. 136. 16
Hartley. H. A.. 26.48. 1097
Hawkins effect. definition of. 5.73, 251452

Haan, II. L. 23.199. 1678
Head psi

clusters magnetic. mounting of. 19.101. 1061
contact. tau*. 17.13, 788
magnetic
alignment of. 17.109. 792

"'moth. adjustment of. 17.111. 789
humps on, 17.199. 844
cleaning solutions for. 17.101. 789
coil. connection In. 17.123 799
contact with. testing for. 17.98, 788-789

clusters of. testing of, 19.76. 1038
degaussing of. 17.98. 786
electron -clomp. description of. 17.137. 805-

Heat sink
description of. 21.125, 1216-1218
material. average embisity of. 21.127. 1218
silicone fluid. use of, 21.126, 1218
thermal charseteriaties of. 21.123 1215.1218
threw -phase. design of. 21.125. 1117-1214
types of. 71.123. 1215-1211
use of. 11.159. 519: 21.123. 1216-1218: 21.124,
1218. 21.127. 1218
Helmholtz resonator. 2.91. 73, 26.63 1101
Herter-Driffield enrse, definition of. 11.121.
943

Hertz. definition of, 1.43 16
Hertz, relation to frameo per second, 3.72. 119
Herts.. Heinrich Rudolph. 1.46, 15
High-level mixing. definition of. 9.3, 406
High-posa filter. rerecording, purpomo of. 1E117,

806

942

eras*. grip height of. 17.87. 733

erasure. alignment of. 17.111. 797
erasure. construction of. 17.80. 753
line. of force in. 17.129. 799
magnetization of, 17.69, 786
noise. contact. with. 17.97, 788
nvorloading of. 17.131. 799
recording

Hook -on meter. description of. 22.12. 1235
Horn is)
exponential
definition of, 30.56, 1097
equations for, 20.51, 1098-1019
folded, definition of. 20.63. 1106
loading. definition of, 30.11, 1084
loudspeaker

gap height in. 17.75, 782

catenoid, description of, 20.73 1108
curled, definition of, 2339. 1101
diffraction. principles of. 20.83 1114-1115

gap height versus frequency response of,
17.77. 782-788

lamination of, 17.74. 782
metal for, 17.74. 782
nomenclature for. 17.76. 782
second gap in. purpose of, 17.78. 789
voltage -recording characteristics of,
17.211. 852

record-ployhack, alignment nf. 17.111, 792
record -reproduce. definition of. 17.70. 782
reproducer. Injection circuit for. 23.52.
1464-1466

reproducer. output voltage of versus fregurney,

17.127. 799

reproducing. fringing effect in. 17.199. 844
aolvaging of, 17.74. 787.788
shielding of. 17.103. 789
staggered. 17.111. 806
transformer -coupled, frequency response of.
altering. 17.2113 446
types of. 17.117, 809.810
wear of 17.13. 787: 17.152. 813-814
wear pattern of. 17.94. 7831

magnetization. effect of. 17.102, 789

ton.. description of. 9.46. 02
Ilexdplume isi
ti /*alai
constroelson of. 21.168. 1149

Horsepower

calculation of, 3.42, 107
motor. ealcnlation of. 3.42,

107

versus torque. 3.41. 107

versus watts, 3.34, 106
Hot carrier diode, description of. 11.155. 517
Hot stylus
se operated. 13.63. 720

crystal rutting head. use with, 14.11, 709
current used with. 13.62. 120
diameter equalization used with, 15.44. 720
heating coil for. 15.64. 720
modulation noise. with. 15.41, 720
modulation power with. 15.47. 721
Procedure fur use of. 15.7111. 721
recording. advantages of. 1639. 720

Hot
1143

frequency response of. 20.172. 1118
impedance. rating of. 20.173, 1144-1145
longuage-Isboratory, description of. 20.180.
1146

magnetic. connection of. 26.174. 1144
20.117.

1142-1143

microphone boom operator. 2.102, 74-79
monftnrimg.
motion
victors produrtion,
20.178. 1146

moving coil. frequency reiwonse of. 20.172.
1143

'domino. importance of. 24.176,

1099

re-entrant, description of. 21.57, 1090.1100
Resonance in. control of, 21.51. 1099
multfeelhilar
description of, 20.72, 1109-1110
spree.' of. 21.134. 1136

recording. definition of, 15.53. 720
rf operated. 15.63 720
algnal-to-noise ratio with, 1371. 721

coupling to, 21.169. 1143
eoualizer for. 20.173, 1143
frequency response nt. 21.171,

magnetic, construction of.

flare rate of. 20.34, 1099
length of versus cutoff frequency. 26.33.

1146

atereophonie

chsrseteriatica of, 21.179. 1146-1146
control center for. 20.182. 1146-1150
network for. 21.181. 1146
otethisseope. construction of. 20.177. 1145

switching current. definition of.

21,12,

1170

Hot-wire ammeter, deacriptIon of. 22.1. 1228
Howe, Lyman H., 19.46. 1020
Human car
drum. deflection of. 1.83 21
dynamic range. 1.83. 21
frequency response. 1.70. 11
hearing loss. 1.99. 25

eenitivity of,

1.70.

110:

1.76. 20

Human speech, energy distribution. 1.21. 12
Human voice
frequency range, 1.11g. 18

removal of low frequencies. 1.69.
sound -pressure range. 1.80. 21
Hum -bucking audio tronsformera.
8.98. 392

18..19

design

Hum-hucking coil, us* of, 20,28. 1092
Hum modulation. lest for. 23.122, 1501

of,
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Hum,

residual, amplifier,
21.193, 1543-1544

measurement

uf.

Hunting. motor -generator, 3.66 114-11S
Hybrid coil
balancing of, 23.72. 1472.1473
design calculation fur. 8.68, 384
design of, 8.66. 382-383
impedance calculation Inc. 8.70. 384

insertion Iota calculation for. 6.69, 384
intermodulation analyzer, used in. 22.131.
1399-1402

internal losses in, 8.67. 384
mixer !See Mixers.l
mixer, balancing resistors
of. 9.31, 423

for, calculation

Impcdunre-coned
gain set input, matching of. 23.18. 1443
headphone. rating of, 20.175, 1144.1145
calculation of, 8.70, 3144
image, wave -filter, equation for. 7.37, 325
input
definition of, 12.181. 587: 12.182, 687
internal, value of. 23.32. 1446
Measurement of. 23.137. 1511
standard values of. 23.30. 1445
internal
Poistant-voltage, eonstant-eurrent, comparison of, 21.48. 1181
loudspeaker. measurement of. 23.141. 16121514

oscillator. 23.286. 1560-1552

Hysteresis

cure samples. testing of. 23.156 1524
loop, magnetic, plotting of, 23.158, 1522-1E24
loss. magnetic. description of. 17.19, 765
motor. design of, 1.70. 116
Power transformer. measurement of. 23.158.

output. definition of,

12.183, Lis7

Power supply
average values of. 21.49. 1181

constant -voltage, constant -current. tomarbson of, 21.48, 1181
measurement of, 21.47, 1180-1181

1622-1524

iterative. definition of. 25.96. 1530
ladder -pad, 5.83, 254

light valve, matching of, 18.19. 903
light valve, values of, 18.19. 904

Ideal studio characteristics. 2.38, 47
Idler, turntable, 13.16, 653: 13.17, 653

line

factors affecting, 20.150. 1137
high, 20.149. 1137

Image

Impedance. definition of. 7.17. 125
sound track, variable -area. most commonly
used. 16267. 992

loudspeaker

spread
cause of, 18.130, 944-945: 18.131. 945
description of. 18.130, 944-945
effect of, 18.132. 945

to at, ratio of, 20.145. 1137
transistor amplifier affected

Impedance

effect of negative feedback, 12.142. 676.577

internal output, measurement of.

23.138.

1511-1512

internal output, variable damping. 23.139,
1512

attenuator
ac and dc. 5.11. 232
conversion of. 5.68. 249
determination of, 5.71, 249
loss because of mismatch. 5.56 244
measurement of de resistance and ac imof,

20.87.

1115

breakdown,
23.203.

zener

diode,

measurement of.

1550

bridge. description of, 22.38, 1252
bridged -T ettenuator, 5.82, 253.254
bridging
.bus. calculation of. 24.35. 1678-1580
pads. impedance ratio, 5.56. 247
transformers. of. 8.64. 352
capacitor. measurement of. 23.183. 1537.1538
capacitor. 60 114. values of, 23.183, 1538
eher eeeee {sac. transmission line. 25.183, 1072-

1442.-

1443

microphone
high, 4.28. 151-152
values of. 4.78, 191
terminating, effect of. 4.74, 188.189

mismatch, tolerance of. 8.41. 377
mutional, loudspeaker, definition of,

20.88,

1115

nominal. definition uf, 12.185. 147
oscillator. audio, internal. 22.49, 1267
output. amplifiers in parallel, 12.201, 697
output, series miser, 9.29. 423
parallel resonant circuit, 6.116. 308
pickup, rating of, 16.31. 742
ratio, definition of. 8.29, 374
ratio, hybrid -coil mixer. 9.33, 423
relations, push-pull amplifier, 12.109, 561
repeat -coil. 8.16. 370: 8.24. 372-373

ribbon microphone. 4.53. 165

series resonant circuit, 6.117. 306
source, definition of. 12.180. 587
standard, 600 -ohm. 24.27, 1573

terminal, wave -filter, 7.27, 324
terniinating. telephone line, effect of, 23.103.
1192

transformer

1673

conjugate, 7.38. 325

constant, definition of. 7.28, 324
coupled. definition of, 8.79. 395
crnssnver network's!. 7.103. 354
conversion of. 7.97. 349-351
loudspeaker. source impedance effect on.
20.120.

20.91,

11 lb

m.derived filters. 7.18, 332
measurement. gain set, use of, 23.16

265

pedance. 5.67. 249
loudspeaker. definition

tube angdifler affected by. 20.90,
magnetic cutting head, 14.16 703

matching, principles of. 8.26 374

41

blocked.

by,

1115.1110

effect on high frequencies. 18.266, 992

acoustic, definition of. 2.2,
affected by equalizer, 6.16
amplifier

20.148. 1137

load. definition of, 12.181. 587
looking into. definition of, 12.179, 587

1123

matching of. 7.91. 345.340
unequal speaker. 7.93. 348
crystal
headphone. 20.171. 1143
microphone. 1.21, 151
Pickup. average value of, 16.11, 736
rotting -heed. crystal. 14.32, 706
drum. recorders. purpose of, 18.27. 912
dynamic loudspeaker
EIA +tender.' for. 20.99. 1115

typical. 20.89. 1115
equalizer. conversion of. 6.56. 252-263

between taps f, 8.88, 386
microphone output. 4.78 191
I

mismatch effect of. 8.40.:177
reflected. 8.30. 374.375

unterminated secondary, value of, 23.33,
1446

transistor. Input and output. 11.126, 497
measurement of. 23.53, 1456.1467
value. loudspeaker, reason for, 20.92. 11161117

volume indicator. 10.29, 450-461
V11 and VI meters, correction factors, 10.31.
461

VU meter, conversion to ISO ohms,

10.34,

452.483

wave filter
conversion of, 7.62, 330
definition of. 7.25. 324
Incandescent lamp, projection. 19.33,

1028
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Included angle
coarse -pitch recording. fur. 16.11, 713
recording and reproducing styli. relation-

ship of. 13.22. 714.71$
reproducer -stylus. standard fr% 15.18. 714

stylus. definition of. ISA. 712
vertical recording. for, 16.12. 716
Inrremental inductance. definition of, 2.86. 386
Indicator. fuse, neon, description of. 26.114,
1541

Inductance

coil, turns versos. 23.137. 1651
current -to -voltage relationship in. 25.37. 1624
effect of Iron core on. 2.77. 386
incremental. definition of. 8.83, 385
parallel. equations for. 26.128. 1645-1649
series. equation for, 25.128, 1448
variable. design of. 8.119. 403
wire effect on. 25.131. 1649

Induction

generator. 3.11, 103
magnetic. surface, 17.33. 733
motor. 3.6. 101
Inductor microphone. design of. 1-122. 222

Infrared magoptical sound track, description
of. 12.111. 1003

Infrasonic frequency. definition of, 1.17, II
Inharmonic frequency, definition of, 1.72. 19
Injection circuit
magnetic reproducer head, 23.32. 1154.1456
microphone preamplifier. use of. 23.59, 14311454

phonograph pickup. use of. 73.51. 1464
Injection measurement, frequency. 17.217. 854835

Ink -mist recorder, definition of. 23.92. 1630
In -line microphone, design of, 4.97. 201.203
In -Phase. definition of. 1.181. 26
Insertion Ices
crossover network. 29.116. 1120
cause of. 7.114. 344345
measurement of. 23.64. 1446
definition of. 5.7. 232
leddereuntrul miser. 9.40. 425
measurement. gain set, 23.35. 1138.1469
mixer, calculation of. 9.27, 422

output transformer, measurement of, 33.71.
1472

series -mixer, calculation of. 9.30. 423
transformer, cause nf, 2.27. 374
wave -filter

cause of, 7.33, 326
equation for. 7.32. 324
Inside -out motors. use of, 3.79. 116
Instantaneous
peak puwer. amplifier. sine wave, relation of.
23.297, 1352

sound pressure, definition of. 1.107. 27
speoch power. definition of, 1.73. 19
Instruments. musical, electronic. 25.145. 1653.

Interference, aenuatieal, effect of. 2.23. 43
Interference, radio, prevention of. 24.71. 16011603

Interlock
projector, 19.142. 1060
switch. purtiose of. 21.61, 1123
srtitein
phasing of, 3.82, 131.132

reversible use of. 3.83. 132
variable aired. 3.50. 109
Interlocking, nonsynehronous equipment, 3.12.
122.-131

Intermittent movement
Askania claw, 19.82. 1046
operation of. 19.87. 1044.1046
purpose of, 19.84. 1014
Intermodu Istion

analyser, description of, 12.274, 992, 22.129,
1390.1395. 22.131. 1396-1401

analyser, signal -generator section inf. 22.130,
13113

disc recording. frequencies for, 23.111. 15031644

distortion
amplifier. measurement of. 23.113. 1499.
1301

audio -transformer. 11.116. 385
calculation of. 23.117. 1603

ropacitive load, effect of. 23.125. 1505-1506
changing line voltage. effect of, 23.218,
1638

recording, phntographic. negative,
plotting of. 18.275. 992
film recording. variable.densitf, value of.
film

1111.273. 992

generation of. 23.117, 1502-1503
hum frequencies. effect of, 23.121. 1604
loudspeaker, 28.94. 1117-1113
listening quality affected by. 20.97. 1118
reduction of, 20.100. 1119
test for, 23.127. 1507
low frequeney, reuse of, 23.118, 1311:1
pickup. frequencies used. 16.41. 743
plotting of. 23.7. 1437-1438
relation to harmonic distortion. 23.112.
1502

statement of, 23.115, 1602
tests. variable -area film, 18.281, 993
transformer, measurement uf. 23.114. 15011602

variable -density. print density, plotting of,
18.771, 992.992

eiwasurernent
CCIF, 32.131, 1402.1403
Id.bands in, 72.132. 1402
SfilFel'E. 22.132. 1402

one -prune ratio, when used. 23.123, 1504
test
bias esinditions. 12.277. 993
diR

1655

Instrument transformer, definition

frequency, definition of. 22.133,
1403

of. 32.24.

1239

Insulation, mntors, grading of. 3.73, 119-120
Insulation, wire leakage resistance of,. 25.1.

light valve
frequencies fur.
percent

description of. 11.1112. 521

design of. 12.241, 638.640
equaliser amplifier- 6.132. 318-319
monolithic. description uf. 11.162, 521
operational amplifier. 12.196. 695-596
Integrating circuit. description of. 25.7. 1421

Integrating sphere. description of. 18.196. 967
Intelligibility test. 1.64. 21
Intensity
definition of, 1.183. 26
level. definition of, 1.103. 26

level, musical instrument., 1.133. 33
light, variation nf. 19.6, 1024

Intercommunication 15 stern
microphone -loudspeaker. 24.66. 1698
solid-4We. 24.44. 15924677
sound -powered. 24.77. 1603
split -headphone, 24.83. 1597

99:1

1508

1610

Integrated circuit lsf

111.279, 993

moduletion, 12.278,

magnetic recorders. procedure for. 22.129.
use ,,f. 18.127. 944
variable -density. 18.269. 992

frequencies, ratio of. 18.21111, 993
versus harmonk distortion. 23.124, 1604-1505
Internal input impedance. 12.182. 527
International wilt. value of. 23.196, 1546
Interstage transformers. shielding of, B.ST. 381
Intel -tone. definition of, 1.148. 36-37
Inverse peak voltage
1 and 3.phaiiii circuits. 21.92. 1193. 1196
maximum, calculation of, 21.11, 1168-1170
Inverter, 3.23. 104
electronic. description of, 21.107, 1200
phase. vacuum -dole, 12.60, 539-539
Ionic loudspeaker. description of,. 20.16. 111,40
Ionisation. definition cif. 11.53, 464
Iris, definition of. 1923, 1026
Isolation

attenuator, definition of. 5.14, 232
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laolation-cont'd
flats. construction of. 2.74. 60-61
vocalist from orchestra. 2.62. 56.87
iterative impedance. definition of. 29.91.

Lauridaen. microphone placement. 4.62. 172-173
Lavidier mieroplwme, design of, 4.81. 191
1610

LC ratio. definition of, 6.115, 307
Lead, angle of. definition of. 25.I5, 1622
Leader stock. magnetic film. splicing to, 17.001.
/145-346

Leading sheeting. acoustical properties of. 2.52.
61.63

lack
assignment sheet. description of. 24.40, 1683
field, definition of. 24.3. 1865
frames, grounding of. 34.34. 1573
multiple. definition of, 24.11, 1570.1571
normal, use of. 24.9. 1669.1570
open -circuit. use of. 24.9. 1669
pair. low-level aide of. 24.13. 1671
patch curd. shielded. connection

0f. 24.14.

Lead screw. deacription of, 13.25. 654
Lead sheet, acoustic time of. 2.52. 61-63
Load. VI) -meter. 17.163. 810-820

Lead. VD meter. procedure fur. 10.28, 450
Leakage

capacitor. msfintim. 22.111. 1362
mixer network, measurement of. 23.67, 14681469

power supply. measurement fur. 23.165, 15291530

1571

power supply to ground. measurement of,

sleeve, cleaning of. 21.13, 1571
spacer,. dimensions for, 24.54. 1589
strap, connection of. 24.7. 1567-1569
strip, construction of, 21.6. 1567
stripe. dimension* for. 24.53. 1588-1539
60.ring-sleeve. construction of. 24.10. 1570
Jewel. definition of, 15.61. 718

21.132. 1223-1224

reactance. transformer, cause of, 8.32, 376;
8.33. 378-377

Leconte. Leon, 20.190. 1166
Lena es
acoustic, deseription

Junction, definition of. 11.113. 485

of. 22.1.

Junction thermocouple, description
1=7-12'78

K

of, 20.74,

1110-1111

anamorphic
adjustment of, 19.116. 1056
construction of, 19.116, 1066
placement of. 19.117. 1055-1056
ratio of, 19.123. 1087
basic types of. 19.7, 1024

chromatic aberration in. 19.14. 1025

Lord Kelvin. 22.31, 1242

cleaning of. 19.21, 1025.1026
coated. 1926. 1026
roneavo-conve. 19.7. 1024

Kerr cell. description of. 18.21111. 966

Kerata. Lawrence C.. 1.151. AT
Keestoning. 19.94. 1032-1010

curvature of versus focal length. 19.16. 1026

correction of. 19.54. 1011.1032
maximum. 19.55. 1033

"K" factors. attenuator loss. 5.22. 234. 235-237
Klipech. Paul W.. 20.69. 1105; 30.154. 1139
Klipschorn loudspeaker enclosure. diescrIption
of. 29.65. 1106-1107

Kudelskl. Stephan. 3.78. 126. 3.84. 135. 3.85.

double -concave, 19.7. 1024
double -convex. 19.7. 1024
f number of. 19.10. 1024

focal length of. 19.9. 1024
meniscus. 19.17. 1025
negative. 19.7. 1024
optical ayes of, 19.13, 1025

picture size for. calculation of, 19.59, 1031

115: 17.179. 833

picture site related to. 19.139. 1067: 19.160,

Kudelski. synchronous recorders. 3.76. 126

Kuhl. Dr. W K.. 2.130. 91

1067

Plano -concave. 19.7, 1024
Plano -convex. 19.7, 1024
Positive. 19.7. 1024

Labial sounds. definition of.

1.38.

projection, multiple -element. 19.22. 1026
Projection. picture size relation to. 19.52.

17

Laboratory
bench facilities for. 24.98. 1616.1617
circuit. description of. 24.53. 1589

1031

16.nini, short

Labyrinth. acoustical. definition of. 2.5. 41-42
Lacing. cableform. procedure for. 21.43. 16113
Lair. angle of, definition of. 29.15, 1022
Lamberts definition of, 19.2. 1023
Laminating machine. magnetic sound track.
ileicription of, 17.190. 640-841
Laminations
transformer, reason for, 8.2. 367
types of. 3.103. 401
high-frequencY

power

T -stop of. 19.11, 1024-1025
wIde-nele. 1911. 1024

Lettering, panel, methods fur. 24.78. 1605
Letter symbols, semiconductors. for. 11.115.
488

SUI`1,1Y

for.

eonstant-amplitude recording. for. 14.39, 709
operating
average values of, 24.30, 1574
designation of. 24.19. 1571.1572
sound. barometric -pressure effect on. 25.202.

19.165. 1073: 19.11111. 1073

pilot, color rode fur. 24.34. 1609
prefueused.

1683.1685

19.191, 1063

projection, xenon. construction of,

19.106.

1052-1053

recorder. prefocused, selection of, 18.230, 989
xenon, circuit for. 19.119. 1053.1054

xenon. life of. 19.107. 1053

description

Light
are

current for, 19.37. 1028
Polarity of. 19.36, 10211

intensity. variation of,

Lapping tape
description iif. 17.125. 789-793

19.6.

1024

modulator. definition of. 18.11. 693
modultur. percent deflection vs decibels.

use of, 17.126. 739

Latching relay

11.24, 906

description

of.

18.310, 6103

Lateral recording. definition of. 13.3. 631
Lateral -vertical disc recording. description of.
12.217. 6119.692

tape recording. standard, 17.139, ROG
Lewin. George. 18.314, 1003
candle power of. 19.35. 1028

Language -Laboratory headphones.
of. 20.181. 1144

description of. 35.159, 1683
use of. 17227. 670
Latent imge keening. test,

length. use of, 19.163.

Level

Lampisf

exciter.

focal

071

speed of. definition of 19.12. 1025
q,heried aberration in. 19.15, 1026

Pattern
equation Ga.. 14.47. 710
mrssurement of. 23.75. 1479
recording of. 23.75. 1477-1480
printer, description of. 18.192. 957
Project ion. screen size relation to.
1030.1031

11.47,
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Light-cont'd

Loading-coned

valve

line

amplifier for. 12.164. L31-662

continuous. 25.167. 1673
effect of. 25.1111. 1673
lump. 23.117. 1673

biplanar. definition of. 18.21, 903
clash point. definition of, 11.17. 903
coplanar. definition c.f. 15.21. 903
construction of. 15.16. 196-903

Locked groove, definition of. 13.77, G61
Loftin -White RC amplifier, 12.15. 336
Logarithms. common. table of. 25.209. 1687
Log sheet. production mixing. 18.345. 1019
Longitudinal waveform. definition of. LS.

definition of. ILI& 1196
dirt -positive recording. 11.13, 904.906
equalization fur. 16173. 9k4

four -ribbon. construction of, 18.15. 902
frequency

response.

13.151.

13111

impedance matching of. 16.111. 003. 18.19.
903

intermodulation tests, percent modulation.
11.275.

boo. doacriPtiou of. 17169, 349.360
gain, power supply. definition of. 21.124.
1214-1213

mile

attemintion for 23.151. 1672
definition of. 29.173, 1671

993

rnonoplanar. definition of. 11.20. 903
negative recording. 15.23. 904.905
three -ribbon. construction of. 11.1$. 901902

tuning. definition of. 11.16. 901
two -ribbon. construction of. 111.16. 697-906

tight. description of. 15.20. 912-315
Looping

definition of. 17.223, 8.64
foreign dialogue. description of. 17.225. MAL
magnetic system for. 17.224. 1164-1165
marking device for. 17.731. 3511: 19.315. 1003-

variable -area

1004

stage. ronetruction of. 2.118, 10X3
system for. virgin magnetic. 17.226. 365-370

image mask. use of. 11.91. 930

position of. ICU. 930

direct -positive. 18.309, 1032-1003

velocity effect. description of.

11.22, 963-

904

Loss, definition of, 5.6. 232
Loss. reflection, definition of. 25.69. 15214
Loudness

Linn. definition of, 20.35. 1095

Limiter amplifier, use of. 19.84. 931-937
Limiting recording. average value of. Mal.
937

Linearity

control, design of. 3.63, 248
definition of. 1.63. 17
percentage change. 1.53. 17-18
scale of. 1.70. 19: 1.57. 21. 1.55. 21

Isoolspeakerisi

amplifier
c1als-A13. 23.48.

11

Loop

of.

measurement

acoustic
lens used with. 29.74. 1110.1111

1451.1462

measurement of. 23.94. 1419
plotting of. 23.7, 1431
curve, 25.146. 1655-1656

power of. 20.34. 1095
suspension

description of, 20.109. 1121
efficiency of. 20.159. 1121

Linear speed. definition of. 13.19. 653
Lines s

air column in, definition of. 26.32. 1099

acoustic, definition uf. 2.8, 42
ac rack placement of, 21.22. 24.24. 1571
ac. twisting of. 24.25. 1573
artificial. definition of. 25.152. 1672

apex dome in. 20.17. 1490
array

.erica -parallel, 25.114. 1162-1163

sound column. description of, 26155. 1133-

audio

1166

loss calculation of. 23.115. 1491
wire site for, 24.26. 1673
electrical length of. 23.1711. 1672

attenuate.,

L-tyte, connection of.

loaded

continuously. 25.157. 167.1
lump. 25.187. 1673
loading, definition of, 25.106. 1673
long
definition of. 25.176. 1672

directional. 25.31. 1100-1101
fiat. loudaieakrr placement In, 20.48, 1097

infinite

loudspeaker
high -impedance. 20.149. 1131
low -impedance. 20.111. 1137

description of. 75.45. 1097

length of versus wire site. 20.131. 1136
operational amplifier. 12.191. 593

ad. definition of. 5.13. 232
parameters for. 25.150, 1672
short
definition of. 25.175. 1671-1672

equivalent circuit of, 23.177. 1672
ch
bait impedance of.

transmission.

23.176.

frequency ratio. calculation of. 23.177.
Listening fatigue. effect of. 1.115. 36

1534-

of,

20.43,

bass ***** leer for. description of. 20.93. 1117
blocked inissednce of. 20.67. 1113
hedge for use with. 20.49. 1097
book -shelf enelousre for. 20.153. 1130.1132
esipacitor. definition of, 20.44. 1097

24.29. 1574

Load Impedance. pickup. definition of.

ceramic. description Of. 26.41. 1095-1096
clove.coopled, ediciency dlf. 20.165. 1142

duster, description of, 20.155. 1139
15.16

Litz wire. description of. 20.46. 11123
Liveness. definition of. 1.134. 33.34
Load current. wire adze for, calculation of.

coaxial, 20.3. 1010-luel
comtliance .4.15.5. 1014
compresaedosir, description of, 20.191. 11561139

e..mprr..iun driver unit fur. definition al.
20.11.

16.32.

742

hag. definition of. 18.184. 956
coils. telephone line, construction of. 25.169.
hook. description of. 18.195, 957

description

1097

20.124. 1139.1139

1636

1673

dimension. for. 20.46. 1037: 20.47.
vented. definition of. 20.62. 1105
balanced -armature.
in961097

cavity -resonance effect ..n. 20.163. 1141-1142
center-chnnel, stereophonic. deriving of.

25.113. 1672.1673

Lip -sync. definition of. 16113. 911
Lissaious figures
definition of. 22.57. 1793

Loading

1116

baffle

equivalent circuit of. 23.177, 1872

frequency calibration. use of,

26.141.

selection ..f. 25.142, 1136
auditorium. placement of. 20.159. 1139
axial sensitivity of. 20.114. 1122
background. small combo, 4.112. 214
hack loading of. 29.12. 1014

1084

connection to crossover network. 7.94. 315.
349

esd.lanar. 30.4. 1091
crossover network
connection of. 25.117.

112.1

cutoff -rate in. fast. 25.1111. 1122-1123
electronic. cireuila for. 21.121. 1121-1124
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Loudspeaker) a) -con t'd

Loudspeaker lel- cont'd

impedance

mottoes-, network
Insertion loss of. 20.116, 1122

translator ampll.9er affected by. 20.11, 1116-

ringing test for. 21.111. 1123
source impedance effect on. 20.120, 1123
waveform, complex. in. 21.119. 112.1
crystal, description ref, 70.41, 1096-1099

curled horn. definition of. 20.60. 1101
diaphragm displacement of. verage, 20.147.
1121

diaphragm movement of
power. 20.104. 1121

versus

radiated

directivity index. definition of. 21.111. 1121
directivity. standard for. 20.111, 1121
direct -radiator
description of. 20.1. 1079-10110
design factors affecting. 20.112. 1121
sloppier effect in. 20.35. 1096
drone cone. definition of. 211.144, 1142

duplex. construction of. 20.25.

listening quality affected by. 20.97, IIIA
reduction of. 21.100. 1119
Iniermodulation, test for. 23.127. 1507
ionic, devieription of. 20.16. 1090
laic rating of, 20.36. 1096
line
high-imiasslance. when used 24.149, 1137

lowImiseslance, definition of. 20.141. 1137

1091.1092

equaliser. low-frequenrt. 6.126. 312.316
enclosure

lowintt+dance. wire sire for. 20.151. 1132
lines. rack. placement of. 24.23. 1573
lines, wire size of, frequency effect on, 21.117.
1137

booting effect of. 20.90. 1116: 20.91. 11161116, 28.113. 1121.1122
law.r recioency response of. reduction of.
10.140. 1136

microphone intercommunication system.
24.611.

10.911

monophonic. placement ..f. 20.162. 1141
motion, linear asst ion of. 20.115. 1120
motor mechanism in. definition of, 28.9, 1064
multieellular bsfile for. definition ,,f. 20.73.
1110

construction

of. 20.61.

1102-

multicellular

horn.

description

of,

20.72,

1109-1110

principles of. 20.60. 1101-1102
elasticity in. definition of. 20.108. 1121
fold -a -flex. description of. 20.67. 1104
K I Ipachhorri.

cause of. 28.91. 11114-1119

highingedsnrr. wire size for, 21.152. 113A

dynamic
free -air resonance. 20.84. II U.
impedance of. typical. 20.19. 1116
resonant frequency of. lowering. 21.94. 1117
efficiency of. 20.30. 1093. 20.106. 1120.1121
electrical equivalents slit'. 21.42. 1096
electrodynamic
construction of. 20.1, 1079.1080
field -coil power outstay. 21.62. 1143
shading ring in. purpose of. 20.111. 1121
electrostatic. 20.15. 10144-1090
bass -reflex.
IlOS
bass -reflex.

1116

tube amplifier affected by. 20.98, 1115
vnhu, reason for. 28.92. 1116-1117
intermostulatIon distortion
characteristics of. 21.96. 1117-1116

description of.

20.65,

1106.

1107

Karlson, description of, 20.64. 1106
labyrinth. description of, 20.66. 1107-110
phaseinverter. definition of, 24.62. 1105
rear -loaded. principles of. 20.71. 1100-1109
rests nnn n in. control of. 20.111. 1113
resonance. testing of. 20.82. 1113
shah of. external. 20.77. 1111.1112
volume of. 20.811. 1113
field coil used in. 20.1. 1079
floor. height sassy.. 20.129. 1131
folded horn, definition of. 20.63, 1106
free -field pattern of. 2027. 0092

rating of. 20.33. 1096
variations in. 20.153. 11314
11541-

)642

ceneralpurprae. description of. 20.19. 1090
grille cloth for. selection of. 20.79. 1113
harmonic -distortion characteristics ref, 24.98.

lilt

high-frequencY

multkellular. spread of. 21.134. 1136
',Koslow of, 21.127. 112,1
slot -loaded. 20.1114, 1160

solid-state. aeseription of. 21.71. 1112-1113
horn
eatenuld, description of. 21.70, 1108

diffraction. principles of, TOIL 1114-1115
driver. 21.32. 1093-1095
exponential

definition of. 20.50. 1097
equations for. 20.51, 111101-10149
flare rate of. 20.54. 1099
length of versus cutoff frequency. 20.53.
1099

loading .4. 20.11. 1044
re-entrant. description of. 29.57. 1099-1100
throat in. effect of. 20.35. 1099
burn -bucking coil in. 24.28. 1002
impedssuce

de to sc. ratio of. 20.146, 1137
Internal. measurement of. 23.140. 1512.1614

motional. definition of. 20.41. 1116

istics ref. 20.115. 1122
multiple. tote of. 20.2. IONO
musical -instrument. 20.146. 1137
nodes in. definition of. 20.7. 14144
omidirectionsa description of. 20.76. 1111
open baffle for. rharacte n i nn i t ref. 20.75. 1111
lermanent-magnet, construction of. 20.1.
1080

phatIng of, 20.1211. 1127: 20.125. 1127

pierced ring in. purpose of. 20.24. 1091
polar curve. iklinition of. 20.26. 1092
pewee rating of. 20.33, 1095
precedence effect in use of, 20.136. 1135
presence equalizer used with, 21.136. 1135

rojectorty'te, description of. 2021. 1090
protective circuit. description of. 20.138. 11351136

frequency -response

white noise. use of. 23.135. 1510
without neehoie chamber. 21.1114,

multiple. or...tosser network for, character.

pyroacouatic. description of. 20.198. 11514
radiation resistance of. 21.157. 1139
reinforcement. placement of. 28.131. 1131
rroonant frequency of free -air, 20.64, 1114
resonance in, control of, 21.54. 1099
series connection of. 20.141, 1136.1137
70.7 -volt line used with. 24.78. 1600.1601
action of, 2029. 1092-1093

solidolele.

high- f requency. deocript ion
20.78. 1112-1113
o pherical. deocription of. 21.76. 1111

of.

o terrtothonic.

of.

spider In. ports* of 21.21. 1091
tens -channel,
20.110. 1140.1111

placement

stereophonic. waveguide, description of. 20.69.
11011

soilikarrnonle generation by. 21.136. 1129
surround. one of. 20.130. 1111
system Is 1

Integrated, ihsfInition ,.f, 26.10, 1109
multiple. phasing of. 24.122. 1127
push -poll, 20.40. 1096
ate hop home
pseudo, 24.159. 1140

reflectors. curved. for. 20.187. 1166-1187
3,rhonnet, phasing of, 26.124. 1117.1128
reverberant room. 2.9/, 76;

testing of.

211.104. 1167

theater. description of. 20.133, 1132-1135
own -channel home. 'shooing of, 20.131, 1132
theater. crtossover frequencirts of. 20.123, 1127
three-way. description of, 10.5. 10111-1082
tone -burst beat. for. 20.101. 11194120
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Loildspeakert sI coned
trginsformerless. 20.31. 1093
transient testa fur. 20.101. 1119-1120
transient test on. fm receiver used

Magnetic

for.

21.102, 1120

Trio ogle gleseription of. 20.6. 1092-1084

tweeter. definition of. 20.13. 1044
voice coil, centering of. 21.21. 1090.1091
voice filter used with. 20.137. 1135
whiaser used In. 20.11. 1090
wide-screen projection. placement of. 11.137.
1059

woofer. definition a7. 21.14. 1084
Low frequency reduction, dialogue purpose of,
2.109. Nu

Love -level mining. definition of, 9.2. 405. 406
Lew -pass filter, monitor. rerecording, trurPose
of. 18.115. 942

Lumen. definition of. 19.3. 1023
Lumens. calculigtion of. 19.5. 1023
Luminance. screen. standard (or.

19.53.

1031-

1032

coned

types of. 17.30. 761-762
width of, standard, 17.146. 409
headisi
alignment of. 17./09. 792; 17.118. 410411
azimuth
adjustment of. 17.104, 749

alignment of. frequency for, 17.117. 792

bumps. cause of. 17.199. 944

cleaning solutions for. 17.101, 789
coil connection in. 17.128. 799
contact noise with. 17.97. 789
contact with. testing for. 17.98. 7941-789
degaussing of. 17.90. 746
erasure
alignment of. 17.111, 792

construction of, 17.81. 783
current value for. average, 17.82. 781
gap height ggf. 17.87. 785
frequency response of. altering,

17.205.

846

Luminous Ilut, definition nf. 19.5. 1024
Lumlstor, definition of. 11.106. 492
Los, definition of 19.4. 1023
M
Mnergournie frequencies, definition of. 1.20.
Magic eye. volume Indicator. 11.44. 457

inductance loss of. 17.93. 7117

lines of force in. 17.129. 799
magnetisation effect on, 17.102, 799
overloading of. 17.131. 799
recording. voltage -recording characteristic.
of. 17.211. X52
record -playback. alignment of 17.1111, 792
12

Magni-41st
25.27.

quency. 17.127. 799
reproducing, construction of, 17.69, 7111-782

salvaging of. 17.94. 7874"

Alnico. 20.22. IDOl

ceramic, use of,

reproducer. output voltage of versus fre-

shielding of, 17.103. 799

1623

types of, 17.117, 8011.910
wear of. 17.152. 513-914

permanent
charge hiss of. 21.23. 1081

wear pattern of. 17.96, 749

charging of, 21.111. 1639
erasure with. 17.85. 744.745
heat effect on, 24.95. 1604

htarlighone

connection of. 20.174, 1144
construction of, 211.167. 1114

Magnetic
alloys, 17.14. 754

looping

Mine,. V nod VI, 17.15. 764
amplifier, description of. 12.262. 640-641
and engraved soon.] track. purpose of. 17.196.
843

circuits. horn -driver. 24.32. 1094-1095

coulling. amplifiers

cause of. 12.210. 597
test for. 23.59, 1461
field, conductor moving in. 25.138. 1651-1652
exploration of. 23.190. 1543
film
balance strip on. 17.30. 761. 17.185. 137-838
base thickniont of. 17.33. 762
description of. 17.28. 760

4-trark, release prints using standard for.

marking device for. 17.234. 985
system for. 17.224. 864-966

virgin

leaders for, 17.226. 966467
system for. 17.226. 965.971(
material. Itemendur, description of, 25.147.
1656

materials. precautions in use of, 17.18, 755
partlelos, orientation of. 17.120. 796.797
playback
equalisation. 17.173. 823-824
operational amplifier. 12.196, 592
reader. description of, 17.212. 1462
recorder

classification of. 17.162. SIN
dual. definition of. 17.143. 909
film. specificstions fur. minimum. 17.35.

17.189. 940

full -coal

deseription of. 17.10. 761
purpose of, 17.186. 1138

762

half -striped. 17.184. 837
high -output. 17.164, 820
leader stork. splicing to. 17.283. 445-846

level fur. 17.139. 906
linear speed of verses response. frequency.
17.113, 792

!hitter in. standards fur. 17.144, 809.809
bends in. three. 17.71. 7/42
heads in. two. 17.72, 792
heads. wear a. 17.93. 797
injection frequency measurement of, 17.217.
1164-855

oxide coating for. thickness of 17.33, 762
particle alignment of. 17.116, 793-795
partiele thickness of. 17.110, 793.795
perforations In. 17.26. 760
recor.kr
erasure heads mot used in. 17.83. 745

measurement of. precautions in. 17.204. 1446
17.5 -mm, sound -track placement for, 17.168.
821

16 -mm. sound -track placement for, 17.167.
821

portable. dearription of. 17.177. 1271418

specifications for, mininitim. 17.34, 762
split -film. definition of. 17.141. 807

Wish/ring's.

staggered head. 17.138,

block diagram for.

17.174.

125-927

studio description of. 17.178. 829-833
reproduction. sound head. description of.
11.9, 992.993
speed of

standard. 17.146. 909
lowest. 17.114. 793
splicer, description of. 17.214. 901

standard speeds for. 17.32. 762
stripe. description of. 17.30, 761.762

:t and 4 track. track phiternent for.
17.169. 821

91.16

steel -tape. description of, 17.221. 860
tape. dein-I-isogon ..f. 17.41. 716-769
transistor. electronics for. 17.219. 965.969

vibration effect on. 17.131. mil
wire
basic principle. of. 17.226, 859.960
frequency response of. 17.220. s60
recording uSet also operational amplifiers,
advantages of. 17.25. 760

audio current
average value of. 17.62. 777
measurement of, 17.60. 776-777
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81agniitie-eont'd
retooling
Flarkbausen noise In. definition of. 17.160.

Magnetic-coned
recordtrys;

soundtrack scriber used with, 1710. 850-

818

851

speed of. changing.
1153454

beats. cause of. 17.132, 790
bias

speed standards for. 17.31. 762
striped -film. technique for, 17.194, 842

head for, 17.39, 765
oscillator. design of. 17.84. 785
oscillator Inc. connection uf, 17.47. 772-

synchronizing with photocell. 17.211, 846
system. resolving power of. 17.78. 783

773

tape speed

voltage in. measurement of, 17.51, 776
bias current
measurement of, 17.51. 776

measurement of.

17.136.

tape. unequalizecl characteristics of.

17.46.

772

35 -mm, equalisation for,

pre and post.

17.175, X24-825

17.49.

time delay between heads in. 17.156, 814
transfer to disc, description of, 17228.

773-774

harmonic distortion affected by.

in,

816.617

filtering of, 17.53, 775

frequency of. 17.45. 772
frequency response affected by.

method for, 17.215.

17.52.

870-871

774-775

leakage of, preventing. 17.17. 776
borderline. 17.165, 820421
bulk erasing tit. 17.65. 777 -8
constant -current

video, basic principles of. 17-231. 877-882

definition of. 17.67, 7111
description Of. 17.210. 851-652
esintinuous. description of, 17.231. 575-877
cross -field, description of, 17.39. 763.766
crosstalk. cerise of. 17.135. 801-802
dc erasure isf. 17.83. 751.781

1'Vmeter lead for. 17.163, 819-820
warted reels in. effect of, 17.161. 818
wire. invention of. 1724. 755

villas disc description of.

drop outs in. cause of. 17.119. 795.756
erasure, bulk, techniques for. 17.611,

778.

781

erasu re current
avernge salmi of. 17.54. 775
measurement of. 17.61, 777
noise in. 17.56. 775.776
erasure of. 17.64. 777
film
11 -mm, frequency response of, 17.170. 621
16 -mm. equalization for. 17.171. 824

15 -mm. reference frequency for.

17.2011,

aromm, referent. frequency for, 17118.
645

frequency response. standard. 17.162 81/4815

fringing effect in.

17.189,

798

reproduction
cassette, used in. 17.182, 836-837
ideal, time constants fur, 17266. 1447
r
beration, description of. 17236. 804-805
shielding
effectiveness. test for. 21.162. 1525
materials. 17.14. 764

output transformers. of. 8.58. 381
formers. In, 621, 379-36.0: 8.52. 3803141 ;

111

11E3. 381. 8.64. 381

transformer, rating of, 0.52. 350-3511
0.53. 381: 434, 381
mild track
multiple, reproduction of. 17.19$. 843
visibility of. 17.133. 795401

stripe. recording nn. 17.194. 842
striper. destrilstion of. 17.101. 841
striping

Is -mm and 16 -mm film. standard for. 17.183.
X37

1144

healltss

construction of. 17.63, 781
cross -field description of. 17.39, 764765
erasure, cull connection of. 17.84, 764
Roos -gap. description of. 17.40. 766-765
gap height in, 17.75, 7142
temp height versos frequency response of.
17.77. 742-763

inagnetiantion of. 17.115. 786
metals wool in. 17.74. 782
nomenclature for. 17.76. 782
record -reproduce bend. panstructoin of.
17.71.

17.232. 582-8113

video. home equipment for. 17.2.31. 882
volume compression in. cause of, 17.124,

7142

second tap in. PY,i..e of. 17.71. 783
wrap around of. 17.81. 783

high- and luwlevel amplifier system for,
17.229.1471-X76

intermodulation testa. procedure for, 23.120.
1541s

placement of. 17.192, 841
isslygoning of, 17.107. 644
sYnahroniscr unit. description of 17.211. 852863

tape

and film
defects in. 17.99, 7811
head contact .,f. 17.1$. 788
reuse of. 17.52. 786-787
squareness factor of. 17.142, 807-808
substitution of, 17.123, 798
volume compression in. 17.124, 798
black. 17.118. 795
cartridge. description of, 17.230. 876476
chromium dioxide. description of. 17.238.
868

distortion chsreictsertaties of, 17.112, 792

distortion in. standard for. 17.141, 806-807
dual -track. track placement on, 17.131. 811812

loop Imo used with. 17.211. 840-860
media, storage of. 17.218. 11515
multitrack. terminology for, 17.161.1112413

Ins noise in. 17.130. 795
linear speed ..f versus frequency response.

noise reduction for. 17.154. 814

output -level consisteney of. 17.110. 789
paper base for. 17.28. 760-761
particle alignment of. 17.116. 793-795

noise reduction. separation of spectrum for.
17.235. 865.61414

output voltage- generated in. 17.24, 757. 759

primary reproducing for calibrated. 17.207.
847449

principles ,,f. 17.24. 755.740

printthrough of. 17.121. 787-76X
relesse-pInt. monitoring of. 17.202. 845
sequential. description of. 17.198. 1444
signal -to -cross -talk
ratio for. standard.
17.148. sll
signal-to-noise
measurement. 23.131. MN
talks in. snowbird for, 17.155. 817-818
slow -speed multirloinnel, 17.233. 58:4805

17.113. 762

particle thickness of. 17.116. 793-795
tissue base for. 17.29. 760-761

program level for, standard. 17.139. 806
recorder

boundary

displacement.

17.165.

1420-S21

recorder

quarter -track

description

of.

17.222. 861.1164
resist -ding

equalization for, adjustment of. 17.155.
814

frequency

response
17.162, 818-819
time of. 17.133. 814

nf.

standard

for,
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Meterlsi-cont'd

Magnetic-conVd

hrµ

morenle ni

red. 17.115. 70

signal -to -sure
17.159.

rutiu

of.

atanclard

for.

317-3114

speed of
lowest. 17.114, 793
measurement of, 17.158. 916-517

sprocket. apecillestions for. 17.171, 321-622
storage of. 17.122, 793

twst tapes. recording of. 17.105. 70.190
time delay dewription a. 17.136, 301-303
track ;sound width of versus output. 17.115.
793

virgin looping system. schematic fur,

17.227.

370

Magnetism

definition of. 17.2. 753
gauss an unit of. 17.21. 735
oersted 0 unit of. 17.20. 755
residual. definition of. 17.5. 753
theory of. 17.21. 756
Magnetisation
longitudinal. 19.37, 763
perpendicular. 17.36. 762
transverse. 17.36, 763
Magnetivatriction oscillator, definition of. 73.90.
1429

Mag-upt cal

Print. description of. 11.307. 1001-1002
release print. infrared. uae of, 18.311, 1003
Mound track
description of, 17.187. 835

editorial. use of. 17.153, 839

Main frame. definition of. 24.46. 105
Majority carrier., definition of. 11.112. 014, 415
Margin
outical film

recording, definition of. 11.70.

924

VV meter. procedure for. 10.0. 410
Marker device. ...,ping. 15.315 1001.1004
Masking. acoualical, effect if. 1.24. 41
blaster contour. live of, 13.15. 713
Matrix, switching, intercommunication system.
24.64. 1593.1596
McInt.mah. F. /I.. 11.231. 604
McPruud. C. (1.. 20.121, 1125

Meager, description of. 21.116, 1641.1644
1.31.

14

15.333. 1010
Writer clip, defter-lotion
Mercury cell. voltage of. 23.194. isin

Mercury-vapor tube. noise. elimination of.
21.57. 1132.110
Mercury-vapor totem, warming time for. 11.11.

accuracy of, 22.13. 1235
calibration of. machine. 22.13. 1235
shunt. transportation. purpose of. 24.0. 1607
soun.l.level. description of. 22.94. 13334142
taut -band. description of, 22.7, 1229-1230
thermorouple
calibrations of. 22.2. 1225
phase -shift effect on. 22.1. 1228

waveform effect on 22.0 1239-1239
transistor. measurement 22.15. 1238

true rms volts. calibration of. 2310 1582
vacuum -tube

of affected by waveform. 22.103.
1361-1362

iwthade.coople.l. 22.150.

VI, voltage calibration,

13624317

23.167. 1532

V11 and VI. amplifier for. 12.119. 665-066
zero-suppressed. purpose of, 21.51. 1607
1letronome
electronic. description ..f. 2.132. 98
sPring driven. 2.132. 1.8
Metric units. prefixes for. 23.157. 1662.1663
Mien -card winding. 5.1$. 233
Microbar. definition of. 1.35. 14
Mir robars. relation to frequency rid SPL.
4.105. 211
Mit ri ofarads

conveniion of
to farads, eraph for, 21.164. 1663
to pieofarada. 25.165, 1663
Microgroove recording
advantages of. 13.6, 662
definition of. 13.7. 602

murk. of incidence. 4.67. 177
average output levels. 4.115. 211
basic principle... 4.2, 147
bidirectional
definition of. 4.49. 104
low -frequency effect. 4.54. 166
poltir pattern. 4.47. 184
ribbonsveliwity. polar -pattern. 4.55.

Meterisi
calibration, from sic solace. 23.166.
031

ammeter. voltmeter, connection of, 23.10.
102
balance. tests for. 22.I6. 1233
raparit,r, directreading. 22.110. 1167.1363
clamp -.n. description of. 22.12. 1235
crest. definition of. 2523. 1612
D'Arsonsal. logarithmic. 22.19. 1239
diode protection of. 23.67. 1627-1623
distortion -factor. descritition of. 22.62. 12891217

distortion. high -puss Alter. using. 22.41. 12571209

dynamometer. description of. 12.3. 12234227
frequency
direct -reading. 22.95. 1344-1145
resonant. description of. 22.37, 1251.1252
can. Net
calibrations. value of. 23.22. 1413

characteristic. of.
tracking of. 23.26.

23.25.

1444.1443

1445

hook -on. description of. 22.12. 1233
mirror. scale in. 22.11. 1235
mosement

D'Arsonval, balance of, 25.119, 1645
reolstnets of. 23.45. 1626

166

boom

description of. 2.141. 77

tilting mechanism. 2.102. 78

Iiritiah F M.I. system. 4.62

476

at

scale

icrophone I aI

Mechanical equivalents. lahh of. 25.207. 11317
Medium. recording. definition of, 13.46, 055

Mel. definition of.

sensitivity of. 25.45. 1625
sensitivity. measurement of. 23.182. 1531
multipurpose. description of. 22.11. 1231-1235
Power level. definition of, 11.4. 441
quasi-rms. description of. 22.10. 1230-1231
rectifier type
description of. 10.5. 444
distortion, cause of, 23.0. 14884489

broadcissting. 4.92.

173-174

199

rabic, maximum run. 4.73.

1911

calibration. 4.56. 192-196

princilles of. 22.135. 1409-1410
standard for. 22.138. 1410
capacitor
cavity resonance. 1.44. 159
characteristics of. 4.45. 159-160
design of. 4.0 157.150
head. design of. 1.41. 10-157

high intensity. design of. 4.10 218.220

linearity testene. 1.57. 194-197
output level. 4.42. 159
rf typo. 4.71. 179-136
self-conittinerl. 1.46. 10-161
transient response. 4.63. 175
carbon
design f. 431, 113-143
double.button. 4.9. 149.150

noise cancelling. 4.120. 224-223
parking. id. 4.11. 130
precnotions In use. 1.10. 150
cariloid
charticterilics ..f. 4.39. 10-157
polar pattern. hoar obtained. 4.65, 174.177

cephloill. definition of. 1.50.
reramic. design of. 1.21, IS!

191

...trent tato,. .1e -sign of. 4.110. 204-205
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icrophonci s i-cont'd
controlled -reluctance, design of.

rretal

Microphone,. i-ront'd
4.122.

226-

226

lender element. 1.18. 150
hint.irph. 4.17. ISO
cable length. 4.21. 151
connection for output, 4.23. 161
design of. 4.12. 150; 4.14. 160
field pattern. 4.20, 161
frequency response. 4.211 161
Impedance. 4.21, 161

Internal capacitance, 4.21 151
oettput level. 421 161
piceeeleetric effect. 4.13, ISO; 25.191. 1676
type. of. 4.11. ISO
twister element. 4.19, 161
definition of. 4.1. 147
dialogue recording. 4.92. 199
differentsal, design of. 1.120. 221.223
dual. stereophonic. 4.48. 161-164
dynam le

leffir. toe of, 4.38. 155
design of. 4.30. 162.113

directional. 4.39, 155.157
evoleled view. 4.23. 154
field pattern. 4.24. 164
tranairrit response. 4.43. 176

polar pattern. 4.7, 148
polydireetional. 4.90. 177. 179
power supply. design ..f. 4.71, 180.135
preamplifier
injection circuit. use ..f. 23.50, 146:1.1454
operational amplifier, 12.191 692
overloading, prevention of. 9.51. 440.441
Pressure

doubling, 4.43. 159
gradient, 4.6. 1411
operated. 4.4. 147

ribbon velocity. iiitermion of. 4111 177
suspension of. 1.37, 166
waveform. 4.74. 1118
Prevention of ac pickup, 4.91. 204-206
proximity effect, 4.127, 2214
rain screen. design of. 411. 198.199
real voice testing. 4.86. 196
reciprocity calibrator. 22.137. 1408-1409
ribbon
field pattern. 4111. 146
Pole Piece design. 4.52. 16L
resonant frequency. 4.54, 165
ribbon impedance. 4.53. 165

relocity

botun-olerated. 4.111. 213
calculation of ribbon amplitude. 4.108.

variable frequency response. 4.39. 165-137

212

effective output level. 4.105, 209.110
8 -ball, 4.311

constructkin of. 4.51 ibfi
design of. 4.61. 194.1

151

eleetret
deaden of, 4.126, 228

polarizing of. 4.126. 228
electronic. design of. 4.69. 179
electrostatic -velocity. 4.121. 225
equalizer. deseription of. 6.118. 294.299
equntion. associated with design. 4.3. 147
extraneoua. test for. 23.81. 141.4-i 4.9
filter. use of. 1.111 220-1121
frequencymodulatel design of. 4.70 179
frequency response measurement without
anechoic chamber. 23.88. 1492-1484

ferfnan MS system. 4.42. 173.173
grounding of. 4.64. 175-176

running. definition of. 4.61, 197
hanger. design of, 4.117. 221
high.impedance
treinteformer fur. 4.78. 101
'ilium of, 4.71. 191
highly directional, 4.101. 206.208; 4.191 3011209

high RM.. 4.35. 153
impeelsnce. high. 1.28. 161-152

inductor. design of. 4.123. 226
inline directional. design of. 4.97. 201-203
input attenuator, description of. 9.32. 441
la. alier. design of. 4.81. 191
h rale placement. 4.94. 200
motion picture and television. 4.54 147
moving -roil 4.32. 16.1
movie recording. 4.93. 2110

iling, design ,.f. 4.121 224126
omnidirectional. use of, 4.31 165
mien -circuit operated. 4.76 1113

optical deign

I. 4.111 221.22:4

outlet plug cod*. 4.96. 200
Panning. definition of. 4.88. lo/
phasing

Importance of, 414. 192
method

4.85. 192

.t.ndard for. 4.124. 326-227
placement

band shell. 4.113. 214
rules 4.114. 214.216
large symphony orchestra. 2.127,104.99
monophonic recording. 2.111 /11.07

riot.. broadcast. 2.126. 87-31
single monophonic recording. 2.123. 97
small combo. 4.112. 213-214
small dance band. 2.121. 87
ararati effects. 2.121, 88
e ntre pickup. 4.112. 213.214
.teleophonic. 4.62, 171-174

. teraq.honic recording. 2.122. 97
television otos, 2.121 87

movement of. 4.41. 107

unidirectional conntruction of. 4.59. 16/170

variable polar pattern. 4.77. 189-190
rifle. design of. 4.103, 203.210
semiconductor. design ,.f. 4.111 223.224
shock tube testing. 4.17, 198-197
signal-tonoitie ratio. long line. 4.14. 201
wound powered. definition of. 4.43. 191.192
terminating impedance effect of. 4.74. 188-189
throat. definition of. 4.82. 111
transformer. design of, 4.114. 213
transistor amplifier, 4.72. 186.134
turret head. description of, 2.102. 78
ultraoonic, design of. 4.125, 227
unieralal, definition of. 1.79, 191
unidirectional. 4.47. 181
dual dynamic unite 4.41. 170-171
early model. 4.60. 170
variable polar piettern. 4.77, 189.190
Vari-Directional. dracrration of 4.113. 209210

verlucitY operated. 4.5, 147

voice filter. 4.51 165.166
wind screen
design of. 4.94. 197-11/
effectiteness of. 4.90, 197.191

seek..

design of. 4.72. 186-193

transmitter frequency. 4.72. 187
Microphonle vacuum tube. 11.58. 469
Microscope. optical sound track inapeetion,
11344. 1019-1010
hlicrvaulter. Audio frequency. description of.
22.43. 1262-1143

Middle -range frequencies. definition of, 2.111. 72
Miles -of -loss. definition of. 10.31. 465-416
Miller effect. description of. 12.191. 688
Miller. James A.. 19.114, 942
Miller. R. 11.. 1.130. 37
Millimeter equivalents. table of. 25.205, 1687

lilinigrome disc recording. definition of. 12.91
665

Minimum he. attenuotors. 5.21. 233.234
Minority carriers. definition of. 11.112. 484-485

Mirror

folded -throw, 19.163. 1070.1071

front surfaced. 11161 1070
nutter -antic purpose of. 22.14. 1215
51istuned consonants. definition of. 1.61, 17
Miser
auxiliary. description of. 9.45. 429
console

comvonenta of, 0.5, 406
minimum requirements for, 9.3. 406.407
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Modulation- cont'd

coned

percent. calculation of. 11.116, 941
percent. 16 -mm photographic film. 18.171.

Onside

monitor system for. 9.48, 436-137

rerecording, reverberation unit with. 9.49.
137-438

three -section aplitchannel
block diagram for. 9.47. 433-136
mechanical layout and components of.
9.46. 429-413

controlisi

364.955

percentage. definition ..f. 18.109, 941
radio
liter
measurement o(. 23.114. 1540-1641
power requirwrients (or. 25.44. 1626
radios versus tip radios. 15.21, 714
sprocket hole. photographic film. cause of.
11.200. 963-964

balanced. description of. 9.9. 413
bridged -T.

attenuation required for.

9.10,

113

footle measurement of. 23.136, 1510-1511
plain -T. 9.31.123.424
servicing of, 9.35. 124

1562-1653

disk -wire ladder. description of. 6.8. 113
pacing of. 9.62. 252
straleht-line. description of. 9.7. 412.41:1
electronic. definition of. 1.43. 426: 11.163. 941
four-1e+ilion stereo, description of. 9.22. 417121

high

and low -frequency
9.39. 424. 425
hybrid -coil

attenuation

In.

balancing resistors for, calculation of. 911.
123

description of. 9.23. 421
impedance ratio of. 9.21. 423
Insertion lose
holder -control, 1.46. 425
measurement. of. 9.26. 421 . 33.116, 1469-1470
log sheet. 16.345. 1019
net work
leakage of. 9.11. 413
characteristics. measurement

of.

23.66.

1468

416

phasing of. 23.100. 1196
series -connected. description of. 9.20. 116
stereophonic, phasing of, 23.108, 1197
operational amplifier, 12.196, 596

parallel
resistors

optical film. 111.348. 1020-1021
Module. deseriptioo of. 26.411. 162/1

Monaural sound. definition of. 2.112. /12

Monitor
optical

card,

for. 9.26. 421-422:

recording.

tiorficoe

of.

of.

18.115. 912

room. tuned. purpose of. 11.343. 1017
ssstem
erre:cording-console. 9.411. 136-437

automatic. description of. 19.164. 1073
window
angle of, 2.17. 54
construction of. 2.57. 64
level
16 -mm rerecording, 19.313, 1017
26 -men rerecording. 11.343. 1017

description nt 18.119. 943
16 -mm optical film, techniques for, 11.17$.
954.955

Monogroove recording, description of. 13.23. 653
Monolithic -type operational amplifier, 12.194.
690

Monophonic
reproduction.

loud,peaker

placement

for.

211.162. 1111

sound. definition of. 2.112, a2
Montage. definition of. 11.144, 966

Motion picture
screen luminance, etandnrd for.

19.53. 1031-

1032

9.44. 42/1-429

insertion loos, calculation uf, 1.27, 422
/dusing of. 9.36. 124
preamplifier. average gain of. 9.4. 406
recording and broadcast. description of, 9.6.
407-412

theater. recommended amplifier power. 2.47.
49

theater, wall shape. 2.49. GO

Motor(*)
asynchronous. 3.33. 106

calculating efficiency of. 3.39, 107: 3.43. 107

series

insertion loos. calculation of, 9.30. 123
output impedance of. 9-29. 123
terminating recision for, calculation of.
9.26. 422

.nundrelnfnrcement. 9.42.

hysteresis, design of, 3.76. 116
induction. 3.6. 101
insulation, 3.73. 119.120

42S-4211;

description of. 9.1. 405
split. definition of. 9.16. 115

switching. prevention of clicks In, 9.36. 424
description

stereo,

of.

Mixing
low.level, definition of. 9.2, 405.404
high-level. definition of, 9.3. 406
Modulation
bilateral sound track. appearance of.

911,

disc -Butting head. percent of fur, 13.164. 476
duple, 164,und track. appearance uf. 111.292.
917

1941

n..mograph for unknown factors, 3.76. 122
printed circuit. 3.89. 139-142. 144
shded-pole. 3.13, 103
sliced, calculation of. 3.76, 121-122

starting capacitors. testing of.

3.63. 113.114

synchronous. 3.4. 101
slip. 3.12. 103

temperature rise in. mcipiirement of, 25.136.
1649.1651

Intensity. cathode-ray tube. 22.78. 1332
noise
cause of. 17.117. 795

definition of. 13.193, 680
hot -stylus. 1541. 720
variable -area.

mechanism, loudapraker. definition of, 20.8.

speed reduction. 1.71. 116-119
squirrel -cage. 3.77. 122-123
11.292,

997

917-908

by.

generator, hunting. 114115
horsepower, calculation of. 3.12. 107

4111-440

three -channel
415417

capacitor -start, 3.9, 102
control. 3 -phase design of, 3.111. 138-139
dc.
magnetic tape recorder powered
17.179, 833

solidi...stable. description of. CSC 439-410

,ver,

film

11.116, 912

headphones, boom operator, 2.113. 72-79
16 -mm film, 18.171, 906
low -posy filter.
rerecording. purpose

Monitoring

dewription of. 9.1. 405
er,unding of. 9.37. 424
leakage. measurement of. 23.67. 14611.1169
multiple or split -section phasing. procedure for,
parallel -connection description of, 9.19.

building -out

transformer, description uf. CM. 381
Modulator
amplifier measurement. desieription of. 23.208.

appearance

of.

11.253.

three.phaae. 3.32, 105
torque
calculating of, 3.39. 107
used in rewind, 3.65, 115
use of torque, 3.65. 115
Mutorboating. description of. 12.193, 61111

Mounting. flexible. deacription of. :CM, 1607
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Moving -coil
headphone.

Newman. Stevens, and Davis measurements
frequency

1143

microphone. 6.32. 164
Moviolc description of. 18.191. 961-063
Mullin. John T.. 17.229, 872
Mu It icellular
baffle, definition of. 29.73. 1110
horn, spread of. 10.134. 1136
hluitifrequency test Alma. description of. 19.61,
1037

digital. solid-state.

Multimeter.

1.118. 28

of. 20.172,

response

22.143.

1417-

1427

Multiple. rack -panel, 24.37, 1501
Multiplexed fm transmitter. description

of.

25.84. 1629

Newton's rings. 19.15. 1026
Nickel master. definition of, 13.124, 671
Nit, definition of. 19.5. 1023
Nits, conversion of to foot -lamberts, 11.53, 1032
Nitrate film, description of, 111.149. 946
Nodal diagram, definition of, 1.123. 30.31
Nodal point, definition of. 1.122. 30
Node, 1.112. 30

Nodes. loudspeaker. definition of. 20.7. 1084
Noise

at line
measurement of, 23.214, 1559
shunt capacitors. titanium of. 21.45. 1179
arriplitirirs, stating of, 12.207. 597

Ilrkhatimen. definition of. 17.161. 818
cancelling microphone. design of. 4.120, 224-

voltmeter, 22.9. 1230

Multivibrator

:25

solid-state. description of. 22.59. 1284-1286

capacitor, internal. measurement of. 23.160,

tube -type. 22.59. 1266-1206

1524-1626

Multivoltmetcr. solid-state. 23.97. 1346-1150

commutator. elimination of, 3.46, 108

Music

contact. cause of. 17.97. 78)4

frequency range. 2.44. 49

power. amplifier, measurement of. 23.206.
1561-1655

recording stagy
interior construction of. 2.66. 57-68
recommended reverberation characteristics.
2.67. 58

room, tuning of. 18.343. 1017
storing stage
definition of. 2.61, 56
reverberation time. 2.53, 54

definition of. 1.16. 11.12
dim -recording
cause of. 13.18. 660
monophonic
measurement of. 13.85. 662
standard for. 13.85. 662
stereo. measurement of. 13.86. 662-663
erase -current. effect nf, 17.56. 775-776

film. photographic, painting out of.

18.203.

965

filter

stage

optimum number of inueicians, 2.81. 69-70
protection roomy. treatment of. 2.68, 69
Musical instruments
electronic. 25.145. 1653.1655

frequency range compared to human suite.
1.131. 32-33

Re. use of, 7.115. 363
use of, 7.101. 353

Altering, me duct. design of. 2.55. 54
fm. magnetic.tape. 17.131. 799
generator diode. 22.56, 1281.1252
high -frequency. turntable. measurement of.
23.74. 1461

growth and decay characteristics, 1.111. 26
intensity level. 1.132, 33

internal. amplifiers. clause of. 12108. 697

loudspeaker. 20.146, 1137
peak power. 1.139, 34.36

ambient, effect nf, 7.14. 43
review room.. 1.197. 79.80
theoretical value of. 13.132. 1509-1609
low frequency. reduction of. 4.114, 216
mercury-vapor rectifier, elimination of, 21.57,

level

Mutual conductance. definition of. 11.33. 464

Miler Lap& magnetic, standard for. 17.27. 760

1182-1163

N

Nagoaka's formulas. definition of, 23.38. 1627
Negative
blow-up. definition of. 111.136. 946
feedback, control of Phase. 17-234 616
resistance. definition of. 25.47. 1625
Noon glow lamp
characteristic, of. 21.99. 1630-1632
regulation, 75.99, :631
Noon VI meter. description of. 10.7. 445-441
Neo.Pilot. synchronization system, 3.71, 12e
definition of. 10.39. 450
Neale.' shield
theory of. 1.51, 379-350
transformer. 8.50, 379
Network i sr
active. definition of. 7.5. 321
annulling, definition of. 25.95. 1630
compromise, use of, 5.91. 256

modulation. 13.193. 680
hot.stylus, 15.61. 720
magnetie-tape. cause of. 17.117. 795

Power Supply. measurement of, 23.115. 1530
random
vacuum tube. 26.148. 1657
transistor, 15.141. 1657
ratio, disc -recording. 13.60, 660
reduction
acoustical. 2.13. 42-43
closing time test. 18.303. 1000.1301

current
effect of. IBM. 923
frequency response of, 11.613. 923

intermodulation tests. use of, 11277, 991
magnetic tape, for. 17.154. 814
negative film. 18.321. 1004
opening time tem. 18.302. 1000
Print. action of. 11.322. 1004
push-pull recording. 111.311. 1004

shutters
operation of, 18.78. 029-930
optical illni recording, description of.

crossover. electronic. 7.1011. 356

rutting -head
action of. 1421. 703.707

18.59. 919-021

Purpose of. 14.20, 7413

filter, primitive. 7.4. 321

supersonic. description of. WM. 1002

four -terminal. definition of. 7.22. 323
impedance metehing. 5.8. 232
mixer. split -section phasing of. 23.107. 1496-

"tanetrnicipatery. rieseritition of, 11.71. 924

1497

mixing See Mixers,
parallel -T. 25.109. 16311

plate -loading. purism. of. 12169. 604485
three -terminal. definition of, 7.21. 323
transfer functions table of. 26.132. 1649
two -terminal. definition of. 7.20. 323
weighted

noise
6.98. 260

measurements,

design

double, description of. 11.58. 919
magnetic reeording. for. 17135. 886-888
margin. definition of. 11.70. 924
Photographic film recording. definition
of, 11.55. 919
variable -density, connection of, 18.76.
927

nf,

thump
checking of, 11.67. 023

definition of, ILK 923

INDEX
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Optical-- motel
film reproduction

Noise-coned
/Mut-lion

film phoniogrph, definition of. 18.10. 1493
sound hem!. description of. 16.9. 592-993

variable -area

insufficient margin. 18.294, 998

masks. varishiestrea. ppearance of.

3-db margin. 18.295, 9914

recording styli. test for, 15.43. 717

18.77.

927-929

sound head. optical. 19.91, 1046.1041
tronsisteir. equation fur. 11.135. 503
CUIIII1 tube. Internal, test for. 23.194. 1644
values. addition of. 23,131, 1508
white. 13.64, 661
with signed, MICOrAtlef of. 23.134. 1509-1510
Nominal impedance. definition of. 12.151. 597
Nomsogroph,
microphone. open -circuit
and
terminated. 4.147. 211-213
Nonlinearity human ear. 1.116. 27.214

Nonlinear reproduction. effect on human

microphone. design of. 1.1 1 S. 221-223

reduction. definition id. 16.154. 949-950
reduction printer, iobJections to. 111.151. 950

sound track printer. deseriptkon of,

18.157,

950

system. cleaning of. 10.54. 919
system. vnrisblenresi, 18.338. 1011-1014
train, web -pull sound held. for. 19.94, 10114
Ordinate.
of. 25.11. 1621
Organ pipe. operation of, 2.92. 73
reessriling. definition of. 13.99,
Orthescoustic

1.119. 25-30

660

NIte, definition of. 2.13. 42.43
Null detector, harmonies elinsintion of.

Orthuphonie disc recording, 13.1118. 611S

Oscillating system. 1.40. 15

Oscillation. parasitic. definition of. 23.46.

23.180. 1537

Null indicator. definition of. 22.22, 1239.1240
Nuvistor tube. description of. 11.27. 461

Nyquist curve. description of. 12.137. 573.674

11120

Oscillator
audio

heal frequency. description of, 22.51, 12'41277

bridgebT, description of, 22.49. 1264.1267
distortion in, hoe 22.48. 1214
frequency, requirements fur, 22.47. 1264
bins. mitifnetic-reeordings. design of, 17.46.

0
O'brien. Brian. Dr., 11.1161. 1069
Octave -band analyzer. description

tot

23.136.

cross-moilislotii.111

components of, 15.225. 970-971
description of. 18.230. 972-976. 22.66. 1306
35 -mm film, frequencies for. 15.226, 971:
18.227. 971-972

recording. connection of. 18-231. 976

angle. definition of. 13.191, 660
wiling..
definition of. 12.82. 016-64M

testing of. 23.1115. 1039.1540
tests, how ninsie 18.232. 976-950

distortion. wave filter, effect on, 23.202, 1049
internal distortion, measurement of, 23.171,

measurement of, 12.82. 646-6414

Ohm. arnustie definition of. 2.3. 41
Ohmmeter. ac. description of. 22.35. 1260

1634

internal output impedance. 21.206. 1150.1502
local. harmonic- wave analyzer. 22.65, 1301.
1392, 1303. 1305

20.119. 11014

Omnidirectional miernphone, use of.

4.36. 155

Once-orsiond, definition of. 13.49, 657
Opacity. definition of. 18.165. 952
Open -lop gain, definition of. 12.144. 077
Operating levels. avenge values of. 24.30. 1574
Operational amplifiers
ae amplifier. 12.196. 691

neon. description
I27A
of. 22.50. 1280
output impedance of. internal, 22.49. 1267

quartz-erystol, circuit of. 21.102. 1633
resistance -Mobilized. 22.01. 1204
square ways, description of. 22.51. 1279-12110
subharmoniess. generation of. 23.173, 1634
sweep. deseriist ion of, 22.53. 1277-1279

frequency characteristics. 12.196, 590
gnininverting. 12.194. 591

tuningsfork, definition of, 25.79. 1625.1629
ultrasonic cleaning. 26.217. 1701
warble. description of. 22.52. 1277
Wien bridge. design of. 22.50. 1267.1273
Oscillograoh, description of, 22.75. 1330-1331

gainsionninverting. 12.196. 5111
graphic equalizer, 12.196. S93-094
line. 12.196. 693

integratedreireuit. 12.196, 695.596
magnetic playback. 12.196. 592
enlerstishone preamplifier. 12.196, 592
miser. 12.196. 595
monolithic type. 12.196, 590

Oscilloscope

amplifier

phase -shift.

measurement

of.

23.110. 1497

power. 12.196. 094
power supplies. 12.1116. 590.591

ayes. terminology for, 22.811. 1333
blanking pulse in, purpose of. 22.84. 1333
calibrator. design of. 22.76. 1331-1352
camera
description of, 22.113. 1374-1377

transistor types. 12.196 590
tube types. 12.194. 590
uses of. 12.196. 6100
(Optical

ultraviolet light used with. 22.113. 1371.

comporitur. 18.347, 1020

1375

flint recorder% description of. 10.24. 906.912
film recording
crows -modulation
tests.
procedure for.
23.128. 1507.15014
MBOMOU rements,

magnetustriction. definition of. 25.80. 1629
definition of, 25.81, 1829
multivibrator. solidostate. 22.69. 1284-1235
negatise resistance. design of. 22.50. 1267.

phase -shift. 22.57. 1262.1284

bansitsam. 12.196. 593
compressor. 12.196. 693
.k -sign of. 12.1911. 559
equalized. 12.196, 592.693

distortion

1034

capacitor microphone. 4.71. 179-186

01T -set

Ohm's law, 25.39. 1424
Olson. II. F.. 4.86. 195

760

calibration. parallel connection. 23.175.

1405-1408

Octave. definition of. 1.26. 12-13
Octssee. pitch interval. 1.26. 12-13
Octaves. characteristics of, 1.58. 17
Midi harmonic. definition of. 1.54. 16
Oresterl. definition of. 1720. 765
Oersted. flans Criatian. 17.21. 705

procedure

for.

current
measurement with. 23.181. 1537
Probe. description of. 22.69. 1334-1335

differential amplifier. high -gain. 22.72. 12231316

23.152. 15114

galvanometer frequency response. measurement of. 23.151. /6114
light valve. frequency response, measurement of. 23.151. 1513

signsltronoise measurement. 23.130.

rallunlerny. dcorription of. 22.69. 13071311/

1508

variable intensity. definition of. 14.26. 905

dual -trace
amplifier. 22.73. 1324-1329

plug-in amplifiers. with. 22.70. 1310-1313
electronic switch
connection for. 23.184. 153445119
for. purpose of. 22.95. 1342-1344
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Peak

Oscilloscopic-- coned
electrostatic dedlertion. 22.79. 1312.1333

energy, music versus dialogue. 4.114, 214-218:
6.122. 308-300

expander circuit. 22A2. 1333
five -inch. circuitry for. 22.71. 131? -1322

frequency-resismse charaetoriatio of,

22.80.

1333

grticule, 22.138. 1333.11134

input attentiator* in. design of.
Lissajous

figures

on. definition

1333

22.111.

of. 22.17.

1333

long-pe .. i .. enc.. screen for, purpose of.
22.77. 1132
pecking in lii.41,11.1' .4. 22.83. 1333
amplifiers, using. 22.70. 1310-1312

power supply. 22.71. 1322
probe
iletnistulateir. 22.91. 1336-1337
low-enpoicitance. 22.90, 1336
rise time, definition of. 22.74. 1329-1330
!fins voltmeter. calibratsun of, 23.116. 1642

storage Iris.. description of, 22.70. 1311-1312
sweep circuits, description of. 27.71, 13201321

synehroseope. definition of. 25.121. 1647
timing circuits. 22.71. 1320-1321
transistor curve tracer. 32.121. 1382-1313
triggering circuit. 22.71. 1321
use as a VI meter. 10.45. 457-458
4acuom tube plotter. 23.197. 1542-1146
writing speed. definition of. 22.83. 1333
OTA I.. definition of. 12.132. 572

Output
level. microphones, average, 4.161 211: 4.107.
211-2111

t rib nformer
description of. 8.10. 351
efficiency. 12.222. 602

power:&8
musical instrument*, 1.139. 34.35
sine wave. determination of polarity. 23.111.
1543

sound ;ores/wry, definition of. 1.109. 27
sifeeeh power. definition of. 1.71 19
Peak-t.epenk

definition of.

1.3. 11
1657

voltage, 25.149.

l'EC monitoring. description of. 18.119. 913
Pendant* acoustic. use of, 2.87. 70.72
Penumbra intensity optical film recording.
definition of. 18.25. 905
Perceni

change, chart for. 21.131 1649
modulation, decibels. light modulator, 18.24.
905

transmission, film reeurding, calculation uf.
18.166. SLR

Perforations icer frame

film. systems using more than four.

19.1111.

1151.4

8 -mm. 19.28. 1027
55 -mm, 19.20. 1027
70 -mm, 19.211 1027
16-rnin double. 19.28. 1027
36 -mm. 19.28. 1027

Perindie damping. definition of. 1.39.
Period scrims frequency. 21.1113. 1846
Perirope, one of. 18.204. 965

15

Permanentmagnetic
PermenlolitY

111-112

definiteon

Overhang, pickup, definition of. 16.54. 749
Overmoiltslalion. definition of. 18.106, 941
Overtone, definition of. 1.22. 12 ; 1.33. 16

of.

generator.

3.57.

8.74. 385

magnetic, definition uf. 17.17.164.755
rem:meta sound. description of, 19.162. 1070
Perveance. definition of. 11.42. 466
Phantom circuit. definition of. 2141, 1626

P

Phase

Parking
nlIcrophone, cause of. 1.11, 150
wsolloscolfe. definition of 22.83. 1333

rod. definition of. 5.3. 231
Pacifier capacitor. definition uf. 25.74. 1628
Paging system. frequent.), range of. 70.144.
1137

for. 24.37.

111141-16/13

Panels. lettering of. 24.78. 1605
Panometric control. definition of. 5.75. 251

Panoramic spectrum analyser. description of,
22.93. 1337-1334

ran -pot, design 0f. 5.73. 350-251
Parallel

and series resonant circuit, essentini differ.
ences, 6.120.:108

Paraphase inverter. description of. 12.33. 539-

1363.1365
meter- description
descriptioncription of. 22.108,
modulstIon, definie
of. 23.3. 1619
relations, vacuum -tube. 11.60. 469-470
rrrrr sal in amplifier*. 12.97. 557
standard. secondary. description of, 22.66.

3"

amplifier. 12.113. 563-564
measurement by oscilloscope. 23.111.

14914

calibrated network. measurement by, 22.112.
1498-1499

crow...see network's. 7.193. 354

540

Partial. definition of, IAA 18

Particles. magnetic, orientation of, 17.121 159:97

Partiele velocity. definition of. 1.98. 23
Pasidiand. wave filter. clefinItion of, 7.11 323
Paw element, power supply. 21.65. 1190-1191

Alter. definition of. 7.22. 323.324
human ear tolerance of. 1.144, 36
nestntive.feedback amplifier. 12.161. 554
network. 11.11c of, 23.112. 1498-1499
oscillator. 22.57. 12142-1284

Phase splitter
fixed -hies, 12.66. 541

Passive

transistor. design of. 12159. 637-638
vacuum -tube. description of. 12.51, 139

element. definition uf. 2121, 1622
transducer. definition uf. 1.24. 12
Patch ban definition of. 24.1, 3565
Patch -curd

plug
cleaning of. 21.12. 1571

itouble-eircuit. description of. 24.4.

Amplifiers In parallel, 12.202. 597
riirrect en, network. use of. 7.117, 319162
effect of altentiators on. 120. 233
gwoinded-emitter transistor. 12.97, 557
inverter
balancing of. 23.46. *450-1451
descrtid ion of, 12.30. 538.539
long tailed. description of. 1214. 540-541
linplspesker enclosure. definition of, 20.62.

Phase shift1

-plate coupling. amplifier. 12.111. 558
-resonant circuit. impedance of. 6.111 308
T network. 25.109. 1638

1516

single -circuit. description of. 24.3. 1564-1560
titoring-sleese, 24.5. 1586.1261
resersing of. 21.3. 1361
shielded. internal ground In. connection of.
21.11 1571
teat act. use of. 24.59. 1591-159?

plate current. maximum. definition of. 21.10,

16.min single. 19.28. 1027

Ounre.ineh.s. definition of. 3.41 10)

Panel. rack. notehing dimensions

17.163, 811-1120: 18.82,

931

Phasing
amplifier. procedure for. 23.104. 1492.1493
111V ire, stereophonic recording and reproduetion. for. 28.128. 1128-1131
headphone. importance of, 20.176. 1145
high -frequency unit. procedure for. 28.127.

ill*

interlock. systems. 3.82. 131.117
Loudspeaker syntems

multiple. 21.122. 1127
stereophonic. 3.channel.

20.134.

1177-1121
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Phasing -coned

Pickup- eont'd
disc record
monophonic, use with stereophonic records.

microphones

importance of. 4.24. 192
methods uf. 4.115. 192: 4.124. 226-327

mixer network. split. procedure for.

14.62. 751
23.1117,

stereophonic, use with monophonic records.

1496-1497

16.43. 761

networks, procedure for. 23.104. 1196
of mixers. 1.31. 424
mcilloscom. precautions for 23.101. 1497
recording systems. testing of. 23.115. 14911495

qmsker system. two -channel home, Procedure
for. 20.133. 1132
stern. -disc, standard for 11.155, 674
stereophonic
cutting -head rolls. of. 13.212. 680-6141
mixer. procedure for. 23.141. 1497
pickup coils. of, 13.292. 680-181
system. 11.139. 1059-1060

transformer. identification of. Leg 317-389
Phon

definition of, 1.121. 32
relation to one. 1.121. 33
Phonic wheel. magnetic tae recorder. used In.
17.179. 833

Photocell. measurement with
23.198. 1546.1647

chopper -wheel,

Photoconductive cell, definition of, 11.116. 482
Photofet

definition of, 11.104, 4512
description of. 11.161. 620
Photographic film recording, definition of, ILI.
891

Photometer.

film

recorder.,

calibration

of.

19.163. 961-952

Phianmultiplier tube. description of. 11.12, 464

Phototrmistor
definition of. 11.104, 482
description of. 11.161, 520: 19.114. 1011

circuit, standard and push-pull sound tracks.
for. 11.96. 1049-1060

conetruction of. 19.93. 1047.104*
coupling methods for, 11.113. 1054
tlescriptkm of. 11.31, 167
frequency response. adapter for. 33.199, 15471648

gas filled, spectral sensitivity of. 19.111. :054
gaa type. operation of. 19.95. 1049
installation of. 19.93, 1048
push-pull. construction of, 19.93. 1048
Piano. frequency range. 1.30. 13.14
Pickup
acoustical. frequency range, average of 16.25,
740

arm

curved. purpose of. 16.3S. 742
definition of, 16.24, 740
design of. ICU, 748-749
mass. *lien of, 16.29, 742
height adjustment of. 16.69. 760
mounting of. 16.52, 745-749; 1633. 749
resonance, effect of. 16.21. 741.742
resonance measurement of, 23.146, 1616

resonant frequency of. 16.55. 749
zero tangent error. 16.52. 749
cable capacitance. effect of. 16.51. 747-741
espacitor, definition of, 116.13. 736

erbon, description of. 16.14. 738
rancidity

definition of, 14.23. 740
tilt. stereophonic, effect of. 16.59. 760.751
ceramic

crystal, equivalent circuit. 16.61. 761
stereo. description of, 14.21. 739-740
compliance

definition of.

16.341. 742

Mow measured. 16.46. 744
crystal
internal impedance. 14.11. 736

construction of, 16.9. 734-7/16
coupling transformer for. 16.12. 736
temperature, maximum of. 16.39, 742.747
definition of, 16.1. 775

distortion
cause of, 16.41. 743
frequencies used. 16.41. 743
how measured. 16.41,143

electronic. description of, 16.11. 738.739
extraneous magnetic field, test for, 23.147.
ISIS

frequency
modulated. description of, 16.15. 736-738
response, measurement of, 23.142. 1614-1515
impedance. rating ref. 16.31. 742

injection circuit. use of. 23.51. 1454
intennodulntion distortion. preferred method,
14.13. 711

load impedance. definition of, 16.32. 742
load resistance
effect on frequency response. 16.45, 743-744

load values of. 14.46. 743.744

magnetic
eonstruction of, 16.2. 726
equivalent circuit. 16.61. 761

lateral/vertical. roarne-pitch, 16.4. 728-729
moving -cull. construction of. 11.5, 729430
moving -magnet conatruction of, 16.1. 733.714

Push-pull,

stereophonic,

construction

16.6. 730.731

of.

recorder, 17.238. Bab -8/9
variable -reluctance, design of. 16.3. 726-728

tongratostriction, deseription of, 1122. 740
monophonic. voltage output, measurement of.
23.144, ISIS

moving -vane, description of. 16.17. 738
N -A test record, use of. 16.46, 745-746
output voltage. definition of. 16.33. 742
overhang. definition of. 14.54, 749
photocell. description of. 16.111. 738

piezoelectric. network for

14.10, 736.736

pinch effect. description of, 16.27. 740-741
playback loss. definition of, 14.34. 742
playback of monophonic and stereo records.
14.62. 761

Preaml'lifiers, design of. 14.47. 744-745
semiconductor. stereo. construction of,

16.7.

731-133

stereo. monophonic reeords, effect on, 16.63.
751

stereophonic. voltage output. measurement of,
33.144, 15:5

strain -gauge, description of. 1620. 739
stylus
force. measurement of. 23.143. 1516. 23.141.
1616

pressures values of, 16.34. 742
wear test for. 23.145. 1515

sweep record. use of. ILO. 746.747

tilt, how atgird. 36.64, 761

teachability. definition of. 16.42. 743
tracking error. definition of, 16.21. 740
torsional resonance. definition of. 14.57. 1410
turntable drag
effect of, 16.58. 749-750
Prevention or. 16.56. 749-750

twister element. definition of, ICU. 742
sealed compliance, effect of, 16.14. 736
vibrat ion. description of. 16.44. 743
Picofarads. conversion of to mictofarads.
Picture

75.145, 1663
size, lens related

to.

39.159,

111.161. 1067

Piezoelectric
effect
description of. 25.191. 1674.1674

microphone. 4.13. 160; 25.191. 1676

pickup. consination ,,f. 14.9. 734-735
Pie winding. transformer. 8.10. 340
Pilot lames, color code fur, 21.94. 1608
Pinch effect. 13.171, 677
Pickup. 16.77. 740.741

1067:
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Pinch wheel. maunetic.recorder, effect of. 17.43,
770

Pin count
RCA. description of. 24.42. 16.3
West:ex. description id, 24.12,

Polyhelt. description of. 19.153. 1063

Pulycylindrical diffuser. construction of. 2.76,
61.62

Polygoning, film, 17.197. 844
Post

1581

Pink.nolse filter. use of, 7.114, .162-163
Pink sound, definition of. 1.141. 35-36
Pistonphone microphone calibration. 4.86. 192.

-emphasis, definition of. 6.5. 203
-equalissition, definition of, Ls. 263
synchronized ion stages, construction

Pitch
American standard. 1.33. 13
definition of. 1.32. 14
gauge. film. magnetic and optical. used with.
17.21. 760

relative to stand intensity. 1.77. 20
Plane wave, definition of. 1.8. II
Plate.loading

of.

1.111. 80.82

194

networks,

purpose

of.

12.169,

604.516

18

Paulsen. V6:111.snar, 17.26. 755
Power

absolute units ,i4 tonversion of to decibels,

Plate -to -plate definition of. 12.176, 546
Plate, vacuum -tube, 11.14. 460
Playback
prerecorded. definition of. 2.93. 16
system. radio. 2.104. 79
system with resolver. 3.15. 135.136
Playing time. die -recording. elculatkm
13.115.

Potentiometer
alteration ..f linearity. 5.95. 257
dual. design ..f. 5.90, 256
Perdition type.. construction of. 5.94. 256-257
spiral types. construction of. 5.94. 257
voltage comparison. description of, 23.1111.

25.174. 1671

factor. 3.51, 112
constant -voltage
of.

Plotter, oicilluctitte
diode rectifier.. description of, 23.203. 1549
vacuum tube. plate voltage -plate current
chisracterinies. 23.197. 1543-1546
Plotting
amplifier linearity. 23.7. 1418
damping factor. 23.212. 1551
decibel% with reference frequency, 23.7. 1435
equalizer, 21.13. 1464
frequency responae

actu1 gain. 23.7, 1435
percent gain. 22.7. 1436
voltage gain. 23.7. 1436
harmonic elietortion. 23.7, 1438
versus Warr output. 23.7, 14/11
harmonic wave analyzer, 23.7. 1431
intermodulation distortion. 23.7. 1431
music power output. 23.208. 1535
phase shift. 23.7. 14371438
recording channel characteristic.. procedure

opine capacitors, 3.60. 112-111

electrolytic dipaeitor. average 21.33.

1623

estimation ..f. 3.61. 113
filter diparitors, effect of. 21.59. 1113
motor starting capacitor., 3.63, 113
transformer, 8.11. 369
level

calculation of. 2.89. 72
indicator. description of. 10.35. 463.455
meter, definition of. 10.4. 444
maximum transmission of. 12.147.

6137;

12.118. 587

operational amplifier, 594
output. amplifiers
in parallel. 12.203. 697
stating .1, 12.214. 697
vacuum -tube,
maximum

transmission

of.

12.181. 687.588

versus deeibele 25.105. 1634.1638
Power supply

capacitor Input. description of.

21.13. 1171-

1172captieltors.

high power factor, effect of. 21.39.

1411.1412

choke 118
Input. description of, 21.13, 1170.1171

Plug

classification of, 21.1. 1163
cold.cathoele. description of. 21.55, 11142
combination. definition of. 21.26. 1176
constnteurrent. characteristics of. 21.112.

Jimmy, definition of. 24.31, 1688
patch-eord

double -circuit. 24.4. 13651566
28.3. 1563-1566

tip.riner..lerve. 24.5. 1566.1567
termination. purpoow uf, 24.58. 150%
Pont. definition of. 13.194. 680
Polar
loudspeaker. definition of, 70.26, 1092
pattern
bidirectional in ierophone. 4.49, 164

medico, microphone, how nbtined.

4.61,

174-177

microphone. 4.7. 148
concentrator. 4.100. 204, 205
variable. 4.77. 109-190

1202

constant -voltage
characteristics of. 21.111. 1202

constant -current. characteristka of, 21.113.
1202.12113

copper -oxide rectifier, design of. 21.72. 1119
crossover. constant -voltage constantcurrent.
21.114. 1203

current limiting resistor. Purism, of.

21.60.

Il8 circuits, definition of. 21.63. 1184
decouttilnP:
digital multinseter. solidsitate.

ribbonselocity microphone. 1.56. 166

4.37.

167

pint
flat thirties,. 2.77, 52
polyoylindrieal diffuser. 2.77,

1.101.

iiar of nvnehrunuto motor for. 3.59, 112

22.111.

wave filler.. 23.63, 1464

Inglacircuit.

In,

correction
of dynamotor. 5.66. 116

1.70

for, 23.65. 1407-1468
system, automatic, audio -frequency.

transformers.

391.

41

Polarity
magnetic. instantaneous. definition of. 17.13.
784

meter. solid-state. description of. 22.17. 1349
Polarizer. microphone, 4.46. 160
Pole niece., ribbon microphone. 4.32, 165
Poles, magnetic
attraction of, 17.22. 755
repulsion of. 17.22. 765
Polioyeran. 19.121. 1058

Polished orfairis. effect of, 2.54, 53-64
Poliah, patens -tied -plug. type of. 24.17. 1571
Pollack equal loudness contours. 1.76, 20. 23
Poo mark. use of. 18.335. 10101011

12.143,

1417.

1426-1427

dynamic characteristics. definition of. 21.30.
electainille78
1200

inverter.

description

of.

21.107.

filter
capacitors.

aerie.

connection

of.

21.41,

1178-1180

choke

overloading of. 21.20, 1173
selection of. 21.18, 1113
feed -through system. 21.32. 1176-1177

RC and 4 definition of. 21.34. 1177
tinosection. definition of, 21.11. 1177
filtering ur. 21.12. 1179
400114s, filtering of, 21.42. 1179
full -wave. description of. 21.3. 1165
graded filter, definition of, 21.27. 1176-1176
heat -sink, description of. 21.125. 1215.1218

INDEX
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Power supply

Powrr supply-cnt'd

cont'd

high frequency. description of. 21.109.

1201

high.vultnicc
electro-dynamic limdapcnker Aeld.rnll, 27.62,
1193

nonregislided. design procedure. 21.67. 118i11KM

interlock valid.. purpose of. 21.61. 1183
internal impedance
avenge values of, 21.49. 1191
eonstant-voltage, constant -current. Comtiariiiiin of. 21.48. 1141
measurement of. 21.47, 1190-1191
isolation. measurement of. 21.165. 1629-1630

leakage to ground. measurement of. 21.132.

ribmfor
synchronous, description of, 21.106,
voltage divider

bypassing of. 21.41. 1179
calculation of. 21.39, 1119
definition of. 11.37. 1119
scrim. definition of. 21.41. 1179
wattage calculation of. 21.39. 1179-11/9
voltage -doubler. description of, 21.6. 11651166

voltage quadrupler, description of. 21.6. HAG
vo/laice triple,'. Ascription of. 21,7. 1104
'Amer diode regulation. design of. 21.116.
1207.1200

1223-1224

line capacitors. purpose of. 21.45. 1179
load characteristics. measurement of. 23.164.
1617-1629

loop gain. definition of. 21.124. 1214.1215
electrodynamic
loudspeaker
low -voltage.
Held roil, 21.62, 1183
mercury-vapor
noise elimination of, 21.57. 1192-1191
recliner. advantares of, 21.56. 1192
microphone, 4.71, 180-145
operational amplifier. 12.196. 190.891
oscillation of. 21.30. 1116
mcilloscoie. 22.71. 1322
projector, high.frequener. use of, 19.161, 1073

RC Alter section, description of. 21.11, 1172
rectifier
half -wave. description of, 21.4. 1146
design ,.f. 21.11. 1168-1170
type.. of, 21.9. 1167
tube
blue glow. rause of. 21.54. 1192

line drop calculation for. 2467. 1804
parallel connected. 21.68, 1198
series connected, 2169. 1189
regulation
bleeder resistance. effect of. 21.52. 1162
calculation of. 21.59. 1191-1192
regulator
constant -voltage or constant-eurrent. de Sign of, 21.129. 1221
solid.stsite, description of. 21.121. 1210
remote sensing circuit. 21.116. 1204.1205
ripple filter, electronic. design of, 21.66
1196-1197

ripple voltage
decibels. immersion to. 21.25. 1174
definition of, 21-11. 1173
frequency of, 21.28. 1176
maximum permimible values .f. 21.51. 1181
measurement of. 23.143. 1526-1027
1199

shunt regulator. design of. 21.122. 1210-1111
solidoitate. regolated, description of. 21.126,
1218.1221

static characteristics. definition of,

21.79.

1176

of
solid -sate recliner for
VACUUM tube. 21.16 1173
swinging choke. design of. 21.14. 1171
transformerleas, definition of, 21.43. 1179
transient recovery time. 21.115. 1203.1204
transistor regulated. description of, 21.123.

substitution

1112-1214

tuned filter, definition of. 21.35. 1177
Tungar rectifier. description of. 21.58.
tuning fork. description of. 21.110. 120:
unregulated
description of. 21.2. 1163
parallel connected. 21.70, 1189

1193

vacuum -tole holder, low voltnitc. design of.
21.64, 1194

variable. vacuum tube, description of. 31.111.

vibrator
descriptIon of. 21.104. 1198
nonsynchronotas. 21.145. 1199

microphone. overloading. prevention of, 9.51.
440-441

miser average. gain of, 9,4, 406
mixer. chanicteriallea of. 9.1. 406
open -circuit. 12.171. 594-696
pickup. design of. 16.17. 144-145
RC equalizer. 6.91. 291-292

terminated secondary. purpose of, 12.171. 465
596

transistor plug-in. design of. 12.248. 424-424
Pre- and post-emphaals equalization. fm radio.
4.111. 304.306

definition of. 6.4. 24:1
in fro. how ubtaineil, 6.112. 306-301
Pre -equalization. definition of, 6.7. 263
Preferred ratios. recording stages. 2.40. 48
Prelles. metric unit. 25.157. 1662-1661
Prefocused lamps, 19.151. 1403
Preheating vacuum tubea, object of 11.15, 4611449

Prerecording. definition of, 2.95. 74-76
1W -scoring. definition of, 2.95. 1415
Presence

definition of. 2.119. 97
equalization. use of. 2.121. 97
how obtained. 2.120. 97
Pressings. disc. noisy. 13.511. 660
Pressure
microphone. 4.42, 150
wave, stylus motion. versus. 14.46. 7119
Preview magazine, 19.81. 1042
Primary standard, frequency, definition

of.

72.19, 1241

Printed circuit
heater -wiring eapaeity for, 25.140. 1662
motor. 2.89, 130.142. 144
Word description of, 25.58,

Printed -wiring

1625.1626

series connection of. 25.46. 1621

1224

elimination of radio interference. 12.72. 644

l'rremphasis

plates glowing red. cause of, 21.53. 1182

21.71.

Preamplifier
dr operation of. 12.194. 586.099
design ,f. 12.72, 044

Precedence effect. definition of, 10.135, 1130

regulated
diagram for. 21.1. 1164

selenium. characteristics of,

1199.

1200

Printer
contact
description of. 18.159. 1000
illidortion, test fur. 18.282. 993.994
distortion. definition of, 14.326. 1005
film laboratory. description of, 18-321, 1004
lights. description of. 18.192. 857
optical reduction. objections to. 111.158. 950
photographic
flutter. effect ..f. 18.327. 1006
flutter. measurement of, 18.124. 1006
Printing. electronic. description of. 16.201,964
Print -through, 17.121, 797-79M
Probe

demodulator. description of. 22.91. 1336-1337
high -voltage. description of. 22.92. 1337
oscilloscope
current, description of. 22.89. 1334-1335
low-capaciuince. 22.90. 1136
Prom-ming
elm

photographic, variable area, 16.217. 069
variable -density, 18.216. 969

machine. photographic film, description of,
18.216. 967-909

INDEX
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Processing-conrd
optical film

Projection -coned
stereophonic

negative dervoity, control of. 15.239. 984
print density. control of. 18.239. 094
reversal description of, 11.297. 926
sound track, negative. solution for. 11.154.
950

Production stage
altered for music recording, 2.115. 12.82
doors. construction ref, 2.69. 55-69
Program level. standard. 17.138. Rog
Program material, waveform classification.
1.04. 17-1/1

Projection

narnorphic. fircosing chart for. 19.129,

1068

anarnorphic lens for,

track

Psnlesound. 19.144. 1060-1081

multilingual. description of.

19.144,

1071-

perfilo -017d3inrim per frame used in more than
four. 19.130. 1066
Perspeeta. description of, 10.162, 1070

signal -to -naive nth, in. measurement of.
10.511

Todd -AO. description of. 19.161, 1067-1070
1...1 films fur. 19.61. 1035
theater. test film for. 19.62. 1035
three-D. screen for. 19.57. 1033
3/tenon

!firkin- fn. 19.111. 1061.1055

frame rate for. 19.24. 1026
e horrid test film for. porpirseo of. 19.47. 1037
warble film used with. 19.70. 1037
wide-screen
focus loss In. 19.121. 1057

loudspeaker placement for.
19.66.

1015.1037

sound

characteristics. measurement of. 23.95. 1489
Cinerary's. 11.143. 1060
drive-in. radio -frequency. 15-1411. 1013-1074

speeds used in, greater than 90 Dun, 19.132.

are-lIght

Cinemascow

system

19.141. 1040

adjustment of. 19.114. 1055
construction of. 19.113. 1056
placement of. 19.117. 1055-1056
candle power of. 19.35. 1026
crater in. 15.41. 1029
current for. 19.37, 102$
loss of light from, 19.40. 1029
motor feed In. 19.39. 1028.1020
polarity of. 1E36. 1028
rectifiers for. 19.311. 1028
Past and present. 19.126. 1057
wide-screen. 15.46. 1034
definition of. 19.45, 1029.1030
background. description of, 19.59. 1024
balancing loop for, description ref,

crowidalk level fur, minimum, 19.138. 1009
phrising of system for. 19.139, 1059-1060
synchronism, definition of. 19.22. 1028

fur.

placement

19.119. 11180

19.137,

1059

systems fur. 19.127. 1057
systems fur special. 19.128. 1058
width determination of. 19.122. 1057
work print, 19.153. 106.1

xenon lamp for. 19.105, 1052: 19.107. 1057

curved arreen used for, 19.121, I067
douser used in, 19.42. 1029

Pra"nj.dctr'r
resolver.

8 -mm

frame rate for. 19.26. 1026
orient. frame rate for. 11.I6. 1026
super, frame rate for. 19.24. 1026
flutter text film for. 19.63. 1035
folded -throw
ckscrlirtron of, 19.143. 10704171
system. mirrors, number of. 19.163. 1070
frame rote
for 8 -mm. 19.21. 1026
for 16 -mm. 19.21. 1026
green film. 19.153, 1063
keystoning in. 19.54. 1032-1023 ; 19.55. 1013
lamp
incmlemocen1. 19.32, 102/1

8 -mm

picture site versus lens size of, 19.159. 1067
throw versus lens sisc of. 19.151, 1067
exciter lamp. power supply for. high -frequency. 19.165. 1072: 19.164, 1073
111m grite in. 19.12. 1012-1013

interlocking of. 19.142. 1060

intermittent movement in

power supply in, high -frequency, circuit for.

11128

Incandescent, candle power of. 19.34. 1028
screen site relation to. 19.47. 10304031
sources for. 19.33. 1029
linear speed of. 19.11. 1028
magnetic heeds for. testing of. 11.76. 1033
magnetic sound, frequency response for.
19.74. 11138

monitor fur mound in. automatic. 19.164, 1073
multifrenuency lest film for, 19.68. 10.17
optical mound, frequency response of. 19.78.
1038

19.164. 1073: 19.166, 1073
rate -generator. use, of. 3.81. 12$
recorder. magnetic. 16 -mm. description of.
19.153. 1066-1067

remote control. ILK 1012
reversible, 19.10. 1042

shirtier design fur. past and present. 19.144.
1062

shutter. rear. 19.146, 1062
frequency rewlionse for. 19-79. 1039
heavr-dotv. 19.156. 1062.1065

high frequency exciter lamp {''.soar supply.
21.101. 1201

preview magazine used In. 19.31. 1042
printing. definition of. 18.154. 949-950

picture size versus lens size of. 19.159.
1067

room

resolution target for. 19.73, 1028
scisyn interlock. conversion to.

music last treatment of. 2.44. foa
Porthole gloom, for. 19.148. 1062

19.71.

1037

screen

evaluation of, 19.56. 1033
luminance of. standard for, 19.53. 1031.
1032

types of. 19.59. 1033.1034
sound -focus film for. 19.65. 10.14
sound sensor for solid-state. 19.110. 11/17

buzz film for test of. 19.44, 1035
change over. indication for, 19.43, 1029

purpose of, 1921. 1014
optics' sound. slit height rosy 19.77, 1039
prods of, demagnetizing. 19.112. 1051

light

scanning -beam Illumination Rim fur,

benne splitter In, definition of, 19.69. 1017

operation of. 19.87. 1041-1046

prefrAorsool. 'morrow. of 19.151. 1062
xenon. 19.33. 11/28
circuit for. 19.109. 1053.1054
used in. 19.44. 1029
leader. SM
lens. picture ooze relation to. 19.52, 1021
arc. 19.33.

use of. 3.86. 136.138
aperture plate In. 19.83. 1043-1041
Ashanti claw movement for. 19.411. 1046

sound transmission test film for. 19.69. 1037

19.117.

1066-1066

P01111.1 focus film for. 19.74. 1039

throw versus lens size of. 19.159, 1067
sound heads

misalignment of. 19.92, /017
opticiol, noise in, 19.91. 1046-1047
stabilizer. rotary. treed in, 19.35. 1011
television. 19.60, 10X1-1035; 12.64. 1044

theater, principal components of, 19.30. 10301042
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Projector - canted

RC

amplifier

31 -mm

Amplifiers.

See

resistance-

coupledReactance

venus lens else of, 19.164.

picture size
1067

sound focus film for, 19.74. 1039
throw versus lens sire of. 19.160. 1067
threading path of. 19.80. 1040.1041
35 70 -mm. description of. 19.10. 1039.1042
throw of, 19.49. 1031
calculation of, 19.51. 1031
water cooled, connection of, 19.167. 1073
Peony brake. 3.36. 106
Propagationtime delay. definition of. 25.70.
1620

Propagation velocity. variation ..f. 25.185. 1673
Protective circuit loudspeaker, transistor amplifier, 20.131. 1135.1136
Proximity .'Reel. microphones. 4.127. 228
Puck. definition of, 13.11. 603
Pullin, oscillator calibrntion, prevention of.

acoustic. definition of. 2.2. 41
capacitors
parallel. 25.59. 1627
series. 25.60. 1627
chart. use of. 25.201. 1679-1683
Read. Oliver. Dr.. 26.67. 11011
Reader. magnetic. description ..f. 17.212. 1162
Readout panel, roma-modulation. description
of. 22.17. 1306
Readmit tube. description of. 25.20, 1622.1623
projection.
Rear
folded -throw. 19.163. 1070-1071

Record
disc

moils, pattern in. 13.12. 657.058
spokes in. 13.41. 457

long-playing. definition of. 13.6. 662
24.A pickup. use of. 16.48. 745-746
playback, monophonic and stereo

23.173. 1634

Pulsating current. definition of. 25.43. 1625
Pulse head. use of, 3.78. 126

20.159. 1140

PWL reverberant chamber. calculation of. 2.99.
loudspeaker,

descript ion

of.

20.190. 1158

sweep -frequency. 13.174, 678
sweep. pickup. use of, 16.49. 746.747
Recorders I
and resolver. nee of. 3.54. 132-131
class -A11. characteristics of. 18-317. 1094

disc flutter
COMIC of. 13.39. 657

standard for. 12.36, 616
dual, definition of. 17.143. MOS

Q

electrolytic. definition of. 23.90. 1630
electrsensitive. definition of. 25.91. 1630
electrothermal, definition of. 25.77. 1629
embossing, nmplifier frequency response for.

factors affecting. 8.73, 194
capacitor. equation for. 25.131, 1440
of circuit, reduction of, 6.121. 3011
of roil. effect of. 6318. 300
Quadrat° re

standard test. re -cording of. 13.192. 679460

density drift. cause of. 18.312, 1003

-n-77

Pyrnaroustic

waveform,

definition of,

12.204, 681

exposure Now
24.134.

current
16 -mm. 18.236. 990.991
35 -mm, 18.236. 990-991

1049

Quality control. rerecordIng channel. 18.341.
1016

Quartz crystal. cutting of. 2S.183. 1633-1134
Quartz crystal. oscillation of, 25.102. 1633
Quasi-rms meter. description of, 22.10. 12301231

R
Rack

cabinet type, constructson of,

14.36,

1690.

15111

eableform placement in. 24.28, 1572-1673
high-level side of. 24.17, 1671
low-level side of. 24.16. 1671
panel. notching dlrnens0.ns for. 24.37. 1691-

filament, dirertion of. 18.257, 991
film. photograPhic
Periscope. 11210 of. 18.201. 965

scanning beam heights. 18.215, 967
graphic level, description of, 22./12, 1369.1374
impedance drum. purpose of. 11.27. 912
ink -mist. definition of. 25.92, 1630
lamp. pre -focused base, types ef. 18.251. 989

location. used with resolver. 1.25. 135
magnetic
battery -operated. description of. 17.179,
1.133-031

bias current venus distortion. 23.74, 1475
isties.

eh

measurement

of.

23.73,

1473-1474

pickup. 17.238. 881-089

1683

Radiation resistance. loudspeaker, definition of.
20.137. 1139

interference.

pickups.

16.62. 701

Pulse modillation, definition of. 25.2. 1419
Punching sheet. definition .1. 24.39, 1683
Punch -through. definition of. 11.121. 495
Pseudostereophonic reproduction. definition of.

elimination

of.

12.72.

344.

12.197. 596

playback system, description of. 2.104. 79

ten -channel slow -speed. 17.233. 883-1185
toripie motors In, 17.41, 706-767
transistor. electronics for, 17.219, 985-859
video. instant -replay. 17.332. 492-193

sire, basic principles of. 17.221. 859-860
magnetic film
minimum specifications for. 17.35. 762

transmitter modulation
measurement of. 23.106. 1540.1541
power for, 25.44. 1625

Rain screen microphone, construction of. 4.91.
19/1.11r3

Random noise. definition of, 12.117, 565
Random -noise generator. dearription of. 22.56,
1280-1202

Ranger. Colonel R. B.. 3.71. 124

Rangertone, system of synchronisation.

steel -tape. description of. 17.221, 860

17.0 -mm '35 -mm. 17.178. 829
16 -mm '36 -nn. 17.171, 829
studio. ikserintion of. 17.178. 829.833

magnetic tape
Inch. Ilesign of. 17.42. 718-770
quarter -track. description of. 17.223. 861.
004

3.71.

121.125

Rarefaction. definition of. 2.24. 43
Rate -generator. use of, 3.81. 1211
Raw stock

definition of. 15.147. 946
sound recording. Identification of, 18.160, 950
temperature. effect on, 18.11. 916
Rayleigh disc. description of. 2.98. 72.73
Rayleigh, ford. 20.1. (079
Raysietor. definition of. 11.1111. 462

sync -polio, description of. 17.179.

3121-836

optical film

description of. 18.26. 906-912

light beam. monitoring of, 11.26. 906.907
transport system., description of,

111.211,

900-906. 910-911

photographic film

perttire effect. descrIPtion pf, 11.168. 952

exposure test. 18.329. 1001.-1006

focus test, how made. 1153. 917-919
monitor card. purpose of. 18.116. 942

1743
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diameter equalisation for. connection of,

noise reduction

13.112. 669-670

nf. 16.39. 919.921

slut

diameter

system, definition of. 18.55. 019
cleaning of. 18.54. 919
slit height. eot.off frequency. 13214. 567
photographic,

push-pull
cross -modulation
testa, 11.231. 989-5110
push -loin. CMS/0V! r teal. mca.uremenl of.
18.355, 990
definition of. 17.141. 807
thermoplastic. description of. 15.344, 1017tight -loop

ystm.

descrifition of.

18.23. 912-915

variable pitch. dimeription of, 11.24, 654
video. synchronous connection of. 3.81. 1301.71

Record ing

ir.cheek. definition of. 13.145. 671
amtdl8sr, translator. rlugon. 17.130. 836
blanks, pry -grooved. 13.12. 652
channel
block ilingram for. 11.340. 1011-1016
ehoracteristies, plotting of. 23.65. 1447-1466
magnetic Rim. portable. description of.
17.177, 827-829
production. magneticfilm, block diagram
for. 17.176. 525-427
remote. measurement of. 21.201, 1546-1549

transfer, magnetic to disc. 17.226, 610-571
coarse -pitch. definition of. 13.79, 864
compressor amplifier, ratios. definition of.

MIL 917

rumprex. description of. 18.107, 941
constant -amplitude. level for. 14.39.

dynamic range of. 13.118. 679

eccentricity in. 13.184. 679
echo cited In. 13.30. 661
embossed

description of. 13.203. GNI
media for. 13.209. 02
pressure average of. 13.211. airt
re ,,,,, thulium of, 13.265. £111.611!

stylus for. 13.205. 691.1042
engraved versus ernboaried groove

dialogue. equalization, factors governing of.
4.114. 214-216; 6.122. 101-306: 17.163.
01111-620; 18.169. 952: 15.84. 930.9.11

dialogue. VU -meter lead far, 17.163. 820

gold splintering of. 13.126. 671
gray cut in, 13.74. 661
groove

angle for. measurement of. 13.161. 674
depth of. 13.150, 677
width of. 13.1611, 679

half.speed. purpose of. 13.108. 666-667

handling of. 13.146. 673
hardness effect in. 13.12. 460

horns in, 13.62. 661.642
hotoitylow signal-to-noise ratio with. 13.60.
660

Innermost diameter of, 13.184, 679
land in. 13.79. 661
land-toogroove ratios for, 13.60. 665
lateral

distortion variation of. 13.159. 674

advantage, of. 18.42. 916
purpose of. 11.41. 616

diKlal

acoustic. description of. 13.211. 6112
acetate, cleaning of. 13.119, 673

back plate in manufacture of. 13.132, 672
binder used in. 13.117, 672
biscuit used in manufacture of. 13.139. 672
11.113.

470
13.611. 661

Christmas tee. pattern used with. 13.111.
671

classical system of. 13.22, 4:63
come-plash

linear velocity of. formula for. 13.52. W.
locked groove on. 13.77. 661
wave. 13.97. 665
master
definition of. 13.133. 672
Inspection of. 13.147, 673
Playback of. 13.61. 660

shipping of. 13.144. 673
matrix for duplicating. 13.128, 671
metal master of. 13.131. 672
minignsive. 13.98. 666
modulation noise in. 13.193. 650
664

[rims, shone for, 13.104. 666
signal-to-noise ratio for. standard. 13.6S,
662

standard reference level for. 13.87. 661.
13.96. 664-665

with,

13.60. 660

compatible. 13.148. 673
constant -amplitude. 13.181, 466

mother made from. 13.129. 672
nickel master fur, 13.124. 671
orange -peel surface in. 13.65. 661

orthocoustir, definition of.

smnliturle-coostant velocity. 14.7.

700-791

constant groove velocity versus recording
time of. 13.205. 662
constant velocity. 13.175. 677

constant velocity versus recording time of.
13.204, 682

copper master for. 13.123. 671
cosmetic effect in. 13.56. 669
rut. direction of. 13.28. 614
cutover in, 13.72, 661

13.114.

670

depth of cut in. 13.75. 661

light pattern used in. 13.118. 671

groove for versus stereo groove. 13.212.

chip in. 11.68. 661

cutting -head coils for, polarity of.
M-661

1veriled. description of, 13.217, 969.

692

monophonic

chatter in, 13.67. 661

cutting -head amplifier power for.

appearance of, 13.92. 663
I

manufacture of. 11.53. 659
margin fur between sine wave and curnide,

direct -positive

dainiti..n of. 13.55. 669
groove width for. 13.117. 679
signal-to-noiae ratio
cold-sti low

for.

13.387, 842

equalization of, RIAA. 13.201. 680
filler use.' in. 13.138. 672
Bat characteriatie for. 13.105. 666

709

057

buss in.

13.111.

di-nage...v. description of. 13.215. 655.694

constant groove -velocity. description of. 13.22.

bridging amplifier for. power of.

with.

used

differences in manufacture a. 13.63. 661
dry cut in, 13.71. 661

17.41. 766

tight -beep transport

equalisation

666.669

optical system. 15.338. 1011-1014

1019

eont'd

Recording

coned
phoryensphOr Iltm

13.202.

13.911. 665

ortImphonic. 13.100, 646
platen in manufacture of. 13.134. 672

laying -time calculation for. 13.115. 670
poor tracking in. cause r.t. 13.173. 677
pre emmlization for, 13382, 674.676;
13.163, 675

pressing of. 13.130. 672
Pressings. noisy. 13.36. 640
Processing of. 11.142. 472-673
reronimentictil Nixes for. 13.57, 659-460
reverse copy of. 13.135. 672

RIAA squahaall.n for. 13.118. 666

run-in grooves ..f. standard for. 13.185. 579
shellac pressing of. 13.126. 672
egnal-to-noise ratio of, R1AA equalisation
used to improve. 11.151. 674

INDEX
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Recording- cont'd
optical film

Recording-cont'd
due(s)
silver summing of, 13.125. 671

definition of. 18.1. 861

spiral fur starting. 13.112. 678
spiral out. 13.76. 661

stamper for duplicating. 13.127, 671
standard for change In. 13.93. 663.164
starting grooves for, number of. 13.183.

stereophonic

679

four -ribbon light valve. 15.15. 902
three -ribbon light valve, 111.15. 902

stereo

geometry of. 13.211, 682-683
groove standards for. 13.181. 678

harmonic distortion in, 13.214. 684-696
distortion in. 13.214.

intecmodulation
484,485

limiting factors in. 13.213. 684
minimum separation for. 13.154. 674
noise measurement for. 13.84. 662-663
reference level for. 13.87. 663
storage of, 13.113. 673

stylus whistle in. 13.73. 661
surface noise in. 13.53. 660
tape -to -disc transfer
686-669
33'1 -rpm. distortion

channel for.

percent modulation, calculation of.

11.111.

941

plants.

transmission

lines

testing of.

in,

24.63, 1592

production, bandwidth of. 16.118, 942-943
speed of changing method for. 17.215. 863-854
speeds. standard. 13.9. 662
shapes to be avoided. 2.39. 48

stereo. rumble In. 13.44. 658

in. maximum, 13.68.

angle of, 13.36. 654-656

transition frequency for, 13.197. 660

drag angle of, 13.32. 665.666
signal-to-noise ratio of. 15.3. 712

turnover frequency for. 13.107. 666

sync pulse. 3.78. 124-126

13.71. 661

undulation in. 13.71. 661

unmodulated groove in.

stylus

alignment of. 13.31. 666

463

system I s I
13.69.

gain and loss, computation of. 23.37. 1448
interference to radio, 24.71. 1601 1603
magnetic resolving Power of. 17.79. 783
phasing of. 23.105. 1493-1495

661

vacuum system used in. 13.120, 611

vacuum turntable for. 13.121. 671
velocity. effect of. 13.50. 658
vertical
aptwsoonce of, 13.91. 663

reversible. use of. 3.63. 112

36 -mm film winding, direction of,

characteristic for, 13.94, 664

tracing distortion in. 13.196. 680
turnover frequency for. 13.54. 664
vinylite used for. 14.141. 672
waveform distortion in. 13.155. 674
wavelength In. calculation of. 13.81. 662
wax. 13.141. 672

shaving of. 13.195. (410
white noise in. definition of. 13.64. 661
electronic video, principles of. 17.239. 689
film
density of versus percent transmission.
25.160. 1663

frequency

111.1411, 945

time, magnetic tape. 17.163, 1111
vertical. description of. 13.4, 651-652
VU -meter lead for. 17.163. 819-820

distortion variation of. 13.1611, 674

16 -mm, reference
844-846

single rilern, description of. 18.5, 891-892

ultraviolet filter, use of. ISA. 692
overmodulstion, definition of, 111.103, 941

stages, ratio of dimensions, 2.49. 48
13.216.

tracing distortion in. 13.173, 677

twinning in.

double System. description of, 18.6. 892
exposure light
type of, 18.7. 892
ultraviolet. 18.7. 892
glow lamp. description of, 18.4. 891

for, 17.200,

Rectifierisi
bridge
full -wave, advntages of, 21.95, 1196-1196
grounding of, 21.102. 1191-1198
precautions in use. 21.111, 1197

three-quarter. description of. 21.96. 1196
transformer, selection of. 21.103. 1198
circuit, factors affecting. 21.911. 1191-1192
cold -cathode. 21.9. 1167
cooling of, 21.13. 1190
copper -oxide. design of. 21.72. 1189

current paths, 21.125. 1217
design of. 21.11 11611.1171.1

36 -mm. reference frequency for. 17.260.1145
winding. 16 -mm A and D. definition of.
18.139. 945

galvanometer, definition uf. 8.11. 893

hill and dale. definition of. 13.5. 652
lateral. definition of. 13.3. 651
lathe

definition of, 13.13. 662
description of. 13.2. 647-661
direct -drive. 13.11. 6.52
weight -driven. description of. 13.21. 653

lip -sync. definition of. 11.113. 941

forward
direction, definition of. 21.75. 1169-1190
resistance. definition of. 21.711, 1190
voltage drop. definition of, 21.76, 1190
full -wave, definition of, 21.5. 1166
germanium. 21,9. 1167
half -wave, description of, 21.4. 1166
half- and full -wave, ripple. voltage percentage of. 21.24. 1174
his twitching current, definition of, 2E12,
1170

inverse peak voltage (PIV).

1

and 1 -phase

multitrack. terminology for. 17.151. 812-813

circuits. 71.92. 1193. 1195
mercury-vapor. adsantages of. 21.54, 1152
meter. description of. 111.5. 444
meter distortion. cause of. 23.93. 14118-1489
1 and 1 -phase. configurations for. 21.91. 1193
opposed half -bridge. description of. 21.97,

pre -equalisation for, 17.172. 1122-1423
principles of. 17.24. 756-760
slow -speed communications. 17233.

parallel ....one -mien of. 21.31. 1176
project ion

magnetic
bias -current frequency for, 17.46. 772

definition of, 17.1. 151
distortion.measurement of.

23.74,

1474-

'477

663.

teat films for. 17.237. WM
mechanogrs ph ic. description of, 16.111. 941.
642

1196

arc -lamp. 36 -mm circuit for, 19.114, 1054.
1055

arc light. for

19.311. 1028

nuarter-bridge. description of, 71.99. 1197

media for. 13.10. 652: 13.11. 652

reveix

medium, definition of. 13.46. 658
microgroove. definition uf, 13.7. 652

selection of, 11.161. 516

monogrocroc description of. 13.23. 653
music versus dialogue. 4.114. 214-215: 6.122.
308-109. 17.163, 819-820: 18.112. 931

current. definition of. 21.71. 1190
resistance, definition of, 21.77. :190
selenium

characteristics of, 21.11. :189
motor, rating of, 21.82.:190
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Relay-cont'd

Rectifier 1 al --tont'd
aeries half -bridge
deger1Plion of, 21.98. 1196-1197

reed

quiirter.bridge. where used. 21.110. 1197
silicon, 21.1. 1167
silicon controlled, description of, 11.150. 513-

capacitance of. 25.147. 1656
description of, 25.147. 1666.1667

spring pile, definition of, 25.132. 1658
time -delay. therms]. 25.153. 1660

Release prints. bandwidth of,

615

solid-state
design of, 21.11. 11684170

92:1

lfilm recording

parallel flamection of. 21.11. 1170
aeries connection of. 21.11. 1170
frequency of operation. 21.89, 1191
input capacitor. use of. 21.87. 1191
substitution for vacuum tube. 21.18, 1173
symbols for, 21.94. 1196

stark. identificcion of. 21.81, 1190
1167

average times. 18.63. 921
definition of. 18.12. 921
Reluctance

magnetic, definition of. 17.4. 763
microphone. controlled. 4.121 225-228
Remanent< magnetic. definition of. 17.7. 753
Ftemendur, description of. 25.147, 1466

Retentivity. magnetic. definition of. 17.4. 753

description of. 21.74. 1184
installation of. 21.84, 1190

Repeat <villa

talittl. use of. 12.77. 546

tube

blue glow. cause of. 21.34. 1162
plates glowing red. cause of. 21.33. 1182

rungar. description of. 2148. Ilga

types of. 21.1. 1167
Reed relay
capacitance of, 25.147. 1656
description of. 25.147, 1656-1657
Reels. magnetic -recording. warped.

144:4

used with attenuators. 5.30. 239
Reproducer
effect of.

disc. tinee-round. definition of, 13.11. 657
Rear ratios. 18.336. 1011

magnetic, distortion. measurement of, 23.74.

Reference frequency
magnetic recording

1474.1477

16-innl, standard fur. 17.200, 844-445
25 -mm. stmolard for. 17.200. 545
recording. film
16 -mm. 17.209. 444.841.
36ornni. 17.201, 846

665

monophonic. atotolard. 13.87, 663
C.

milliwatt,

relation of.

10.40. 456

23.240. 1548

Reonoluring. disc
AF'.S curve for, 13.102, 665

Reflection

effect of. 2.21. 43
loss. definition of. 25.49. 1626
loseis. 5.35.:77

1181.1182

nonelec-

tronic. description of. 21.131. 12224223
design

of. 21.129 1221
shunt. design of. 21.122. 1210-1211
solid-state
battery operat ,,,,,, 21.134. 12144225
series type. desertgition of. 21.121. 1210
voltage. eleetrenierlianical. 8.101. 399-400
loudspeakers. placement of.
Reinforcement
20.111. 1131

Rejection
common -mode. definition of. 25.53.
In -phase. 1345. 1826

vertices!, characteristic for, 13.94, 664
Reproducing disc records
76.26 -rpm, characteristic for, 13.147. 676

thrust in, 13.200. 680

167. -rpm. characteristic fur,

tangent error in,

13.1611,

676

13.1740 677

Reproduction
disc. compatible, 13.148. 673

offset angle in. 13.198. 681.1
optic -ill sound head. equalization of.

18.171.

964

Regulator

constantvoltge. or constant.<

time constnts of, 13.96, 664
test. typical. 13.199. 680

characteristic fur. 13.164. 676
stereo disc
balance between channels In, 13.137. 674
phasing of. 13.138. 671
16 -inch.

percent. film. density Venus, 25.141. 1663
Reflettivity. acoustic. calculation of. 2.41 49-50
karat -00n. seonaticol. effect of. 2.21 43-44
Regulation. power supply. calculation of. 21.50.

conitntVoiinler. constant -current.

13.103, 665-

666

dale

tereo. standard. 13.87, 663
stated in dB, 18.10, 447
terminology. 11.34. 455
VU meter. 10.18, 447-448
VU meters, industry stndards, 10.18. 447-448

1626

Relay

se, design of, 25.111. 1658

adjusting tools, description of, 24.57, 1591
chattering. prevention of. 21.68. 16110
coil
24.811. 1606-1510
rewinding
windings. triter. of. 25.153, 1654
de

design of. 25.150. 1667-1668
sensitise, construction of. 25.154, 1661-1662
latching

description of. 25.159, /663
use of. 17.227. 870

phonograph. frequency test record. use of.

RIAA standard for, 1315. 664

value of. 23.29. 1445
Reference level
disc recording. stereo, standard for. 13.97.

milliwatt and

external connections of. 11.41 379
impedance relations in. CIL 570; 41.24. 372
insertion loss. value of, 23.214 1413

terminating resistance. ronnettion of. 23.19

17.141. 818

1

942-943

film recording. measurement of. 18.65. 921-

diode

stacked. 21.9.

18.118.

Release time

translation loss in, 13.165, 67/.
Iterecoreling
channel, testing of. 18.341. 1016
dellnition of. 11.111. 941
push-pull sound tracks, use of. 11252. 990
16-rnm, techniques of. 18.175. 954-955
speed change by, use of. 17.215. 853.854
Resistance

sc. definition of. 25.13. 1621
rani, definition of. 25.63. 1627
load, pickup, frequency, effect

on.

16.45,

743-744

negative. definition uf. 25.47. 1626
parallel, equations for. 25.117. 1648
radiation. loudspeaker. 20.157. 1139
series. equation fur. 25.127. 1648
stabilized oscillator. 22.58, 1284

Resistor's]
color code. 25.202. 1683
cornmaition, constructIon of, 5.811. 255
current -limiting. purpose ..f. 21.80, 1183

equalizer, tolerance of. 6.79, 210
in -nosh current. 3.49. Inv
tioninoltictive, use of. 5.16. 232, 233
nonlinear. description of. 25.14. 1627

swamping. definition of. 12.241. 614
terminating. types of. 5.87. 285
tolerance of, 5.111. 233
voltage -dependent. description of. 21.44. 160;.
16,08wirewiiIon,

wire for. 23.42. 1026
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Ripple voltage-cooed

Resolver

half- and full -wave. percentage of, 21.21,

and projector. use of, 3.86, 136-134
stroboscopic. 3.86, 136.134
use of. 3.84. 132-135

1174

maximum permissible values of, 21.51. 1142
power supply. measurement of, 23.163, 1826

Resonance

condition far. 6.75. 297: 6.67, 291

1527

Rise time
capacitor and dynamic microphones. 4.63. 175
modulator. amplifier measurement. 23.208.

free -air. dynamic -loudspeaker. 20.86. 1115
pickup arm. effect of. 16.28. 741-742
Resonant
circuit Is I
characteristics of. 6.26. 267
equations for, 25.129. 1619
graphic equalizer. 6.118. 302-303

1652

oscilloscope. definition of, 22.74, 1329-1330
Rms voltage, 25.149. 1657
Robinson and Dodson equal kiudness contours,

parallel. measurement of, 23.191, 154:1
series. measurement of, 23.191, 1513
frequency
dynamic loudspeaker. lowering of. 20.91.
1117

loudspeaker.
211.84,

free -air.

measurement

1.76. 20, 23

Rochelle salt

crystals. use of. 16.9. 731-735
microphone. 4.12. 150

Room noise sound track, definition of.

of.

Retard coll. definition of, 8.78, 385

104

stabilizer. con6trurtion of, 19./5. 1044

Reverberant

chamber. construction of. 2.99. 75-77

Ruben. Samuel. 24.96. 1614

room. loudspeaker testing in. 2.99, 76; 20.128.

Rumble

1157

Reverberation

artificial. methods

used.

2.80.

62-64:

2.81.

54.65: 2.128, 89

uditorium

of, 7.85. 69; 2.97
reduction of. 20.154. 1139
characteristics, music and production stages.
of

2.58. 54-55

effect of. 2.31. 44-46
long periods. effect of. 2.12, 48-49

period. definition of.

disc recording. In. 13.43, 658: 13.44. 654
earth, prevention of, 2.50. 50.51
filter, definition of, 7.100, 353
turntable
effect if. 13.154. 674
measurement of. 23.76. 1480-1482
Running
sheet. definition of, 24.39, 1543
time, film. 16.mm. 25.161. 1663
Rushes. definition of, 18.167. 95?
Ryder. Loren L.. 3.78, 125

2.34. 44.46

purpose of, 2.85. 69: 2.97,
time

artificial.

18.207.

965.966

Rotary
converter. 3.22,

1114

75
S

2.37, 17

Optimum. 2.35. 47; 2.36. 47
retummended. 2.35; 46-47

unit
rerecording. 9.49, 434.439
steel plate, construction of, 2.130. 90-94
steel springs. construction of, 2.129, 89.90
Reversed -loop winding, 5.18. 233
Reversible recording system. use of, 1.83, 132
Review rooms

ambient noise level, 2.107. 79.80
definition tif. 2.105, 79
screen luminance for. 19.53. 1032
SI'L. 3.106. 79
Review. seating space. 2.45. 49
Rewind motors. torque. 3.65, IIS

Rhythm section. definition of. 1.51, 17
RIAA, 13.169. 676
equalization, values for. 6.101, 299
equalizer
low frequency, 6.103, 299
recording. 6.104. 299
600 -ohm reproducing. 6.102. 299
recording and reproducing characteristics.
6.115, 299.300
recording equaliser, component values. 6.116.
:100

Standard. adoption of. 13.169. 677

Standard. disc -reproducing. 13.103. 665-666
Ribbon velocity
effect. light valve, description of. 18.22. 904
microphone

construction of, 4.51,

165

design of. 4.50. 101-165
Rifle microphone. design of. 4.113. 209-210
Right-hand rule. definition of. 25.122, 1647
Ring. collector. definition of, 25.20, 1622
Rings, Newton's. 19.18. ilar,
Ripple
commutator, preven
of. 25.117. 1644
filter, electronic design of, 21.66. 1135-1187
Ripple voltage
CRPIte flow input. calculation of, 21.22, 11731174

de generator. elimination of. 21.23. 1174
decibels. conversion to, 21.25. 1171
definition of. 21.21. 1173
frequency of. 21.23. 1176

Sabin

unit, definition of. 2.33, 14

Sabine. Wallace C.. 2.33. 44

Safety film, description of, 18.104 917-918
Sapphire

hardness of. 15.54. 719
manufacture of. 15.55, 719
Saturable reactor. definition of. 8.93. 396

Saturation. magnetic. definition of, 17.9, 753
Scale distortion. definition of. 1.143. 36: 23.90.
1187

Scale of equal temperment, definition of.

1.30.

13.14

Scanning beam
height

voriable.nrea. value uf, 18.215, 967
variable-denaity. value of, 18.215,

967

illtimination film. purpose of. 19.71. 1097

optical sound head. 35 -mm, standard, 19./03,
1051

Scattering, acoustical. effect of, 2.22. 43
Scoring stage
definition of, 2.60. 56
interior construction. 2.66. 57-64
recoro ..... led revvrlarat Ion characteristics.
2.67, 58

Scrambled speech. definition of, 25.82. 1620
Scratch track. definition of. 13.181, 956
Screen

beaded, description of. 19.58, 1033
curved

Plotting .if. 19.122. 1057
reason for. 19.121, 1057
dimensions for. 19.45. 1029.1030
lenticulated, 19.58, 1033-10:14
luminance,
stnsulurd, 19.53, 1031-1032
matte -white, 19.58. 1033

motion picture. sound transmission loss, testing for. 21.187, 1541
projection
evalontion of. 19.56. 1033
luminance of. standard for. 19.53. 103111132

rear projection. 19.58, 1033
viewing angle of, 19.58. 1033
wide. focus, loss of at edge... 19.121. 1057
wide. width determination of. 19.123, 1057
Seating q,ace, motion picture theaters. 2.45. 49
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Secondary standard. definition of, 22.40, 1252
Selenium

rectifiers. battery charger. use of. /1.93. 1195
transient -voltage sul9ressor definition of.
12104, 482

Self-biaa resistor. oush-pull amplifier.
Mon of. 13.107, 661
Self -rectification, vacuum -tube,

1418

1066

varisble speed. 3.50, 109
system
3.56, 111

definition of.

21.116. 1204-1206

Sensitometric strip. description of. 11.192 1167
Sensor,
description of. 19.170. 1077
Separation

recording, minimum value of.

1.44. 15

Peak. determination of polarity, 23.192. 1543
Skewed winding, description of, 25210. 167141679

Slit height
cutoff frequency, 12214. 967
projector, 19.77, 1018

Slit -loss, definition of. 18.212, 967
Slope. 6dB per octave. decibel value for.
25.101. 1674

Slottedform winding. 5.11. 233

13.156. 671
stereophonic amplifiers.

effect

of.

23_215.

1659-1562

vocalist from orthestra. 2.42. 5647
Setimag, definition of 19.337. 1011
Seiptentinl rewording. magnetic. description of.
17.191, 841

Series and parallel reaonant circuit. essential
7014

impedance of. 6.117.

308

Serving. methods for, 24.44. 158.1-1586
Servomechanism. definition of. 25.199. 1679
Shaded -pole motor. 3.15. 103
Shading ring. loudspeaker, purpose of, 20.111.
1121

Shadowgraph, use of. 16.41. 717
Sharma. Madan M.. 12.266. 611
Shear waveform tkfinition of, 1.6.

11

Shockley. Wm.. Dr.. 11.107. 432
Shock tube. microphone testing, 4.67, 195-197
Shorter. D. S. L. 29.94. 1117
Shut effect,
cif, 12.114. 565
Shunt

ammeter, 22.2 1230
calibration of. 22.17. 1276

ShoIterlal
barrel-and-tme, 11.146. 11062
efficiency of. 19.84. 1041
electronic. television -projector,
1035. 19.62 1044

Socket. turret. definition of, 2429. 1610
Sone

definition of. 1.122 12
relation to phon. 1.129, 32

Sono -Vox, purpose of. 2.102 77
Sound

absorber, description of. 25.139. 1652

acceleration. definition of, 1.97. 24
and camera. synchronous connection of. 3.10.
127.128

attenuation through Mr. 1.94. 24
baffle. air duets. 2.55, 64
binaural. definition of. 2.113. 82
black. definition of, 1.142. 16
box, aaosatic. 2.8, 43
cell. crystal microphone. 4.16. 150
column array. loudstwaker. description
22112 1157-1156

of.

decay rate. definition of. 1.96. 24
decay rate. measurement of, 1.96, 21
definition of, 1.1, 11

direct radiation.

1.13.

11

cluster..

magnetic,

mounting of.

19.101,

1061

flutter In. mm111111111. 19.142 1060

magnetic film reproduction. desemntion of,
11.9, 14924113

19.69.

and rear. 19.146. 1062
projector. designs past and present.

1044.

11.141.

1063

3-blaple, 1926. 1026

3 -blade. 16 -mm. flicker rate with. 11.115. 1116.6

Sibilance. testing for. 2.94. 75
Sibilant testa, for optimum density.

optical

beam aplitter in. 19.119. 1041
equalisation of. 11.171. 954
film reproduction. description of.
892413
noise In. 11291. 1046-1047

Sibilants, definition of. 1.74. 20-21
Side

circuit. deflnitien of. 25.73. 1628
thrust. dise-record, definition of. 17.2011. 6911
tone. defimtion of, 25.72. 1628
Signal generator section. interrnodulation an
1705

Signdto-cross-talk ratio. magnetic recording.

129.

phototube installation In, 19.93, 1048
35 -mm scanning beam for, standard.
19.103.

18213.

W.16

standard for, 17.149. 911

Snake track. use of. 19.72. 1037-1038
Societies. technical. 25.197. 1677

head

current. vacuum -tube -voltmeter, 22.112 136:1
meter. transportation. Durmast of. 24.83. 1607

Mixer. 22.130.

definition of. 11.111. 484
resistance of. 11.111, 484
Silicon controlled rectifier
definition of. 11.106. 482
description of, 11.150. 513-515

Sine .save

11.194. 491

materials. sensitivity of to light. 11.161. 121
Semitone. definition of. 1.22 13
Sensing. remote, power supplies. purpose of.

994,

Silicon

Sinusoidal waveform, definition of. 1.45. 16

devices. 11.105, 481-482

impurity in. purIwe of.

1060

Silver spraying. definition of. 13.125, 671
Simplex circuit. definition of. 22192 1676-1677

basic theory of, 11.114. 4145-488
microphone. design of, 4.112 223-224

differences. 6.120.

19.142

Signal tracer. description of. 22.116. 1779
Silent sound track. definition of. 18.215. 925

Silicone
fluid. heat -sink. use of. 21.126. 1218
use of, 14.2. 696

function of, 3.19, 108, 109
phasing of, 3.92. 131.132
reversible. 3.83, 112
simple deign. 3.54, 110
Sernitionducteria/

Series resonant circuit.

increasing of, 23.133. 1609
magnetic tape. standard for. 17.199, 9:7projection sound system, measurement of.

Selsyn interlock
differential generator. 3.3$. 110-111
projection systems for. 12142, 1060
projector. 16 -mm. converted to. 19.157, 1061-

disc

measurements. 23.130, 1606
ratio

G11111134. of. 11.61,

469

stereo

Signslto-noise

1061

output, balancing of. 19.112 1050-1061
projector. misalignment of, 1942. 1047
push-pull
adjustment of. 18.323, 1004
cancellation adjustment of. 11.97. 1060
cancellation In, 19.98, 1050: 19.99. 1060
optical train for. 19.94. 1049

standard and push-pull. circuit for. 19.96
1049-1060

high -frequency. directional characteristies of.
20.32

1096
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k

level
meter

appearance of. 1835. 915

angled -incidence effect ..n. 22.91.
body effect. on. 22.91. 1341

1342

description id. 22.94. 1331-1342
weighted curve. 3.93. 75.74
pressure ihr1.1. 22.94. 133/. 1342
review rooms. 2.104. 79
thamter, adjustment of. 2.46. 49

tnksl daily life.

10 110 appea

density. 111.241. 991

particle eelwity. definition of. 1.191, 25
pink. definition of. 1.111. 35-34
111.135. 946

powered

Intercommunication system. 21.77. 1403
rniernpleinc. definition of. 4.81. 191
telephone. description Of. 22.111. 1672
Power. definition of, 1.112, 27
tresaore
effective vnlue, definition of. 1.110, 27

how stated 1.111. 27

maximum. definition of. 1.198. 27
27

Rayleigh

disc.

2.90.

recording film

19.111.

1146

One grain. Plescription of. 111.154. 948
positive istuelt, use of. 18.111. 948-949
reversal. definition of. 111152 949
storage of. 11.153. 949
types of. 13.135. 946
variable-arra, type of. 16.135. 945. 11.142.
915% 18.150. 948. 18.151. 041.949

eariable-denity. type of, 111.143. 946
relation of distance to intermit,. 1.164. 26
reproducing. system. solid-ttgte, 19.169. 10741077

sourer. simple. definition of. 1.12, 11
stag... measurement of, 2.59, 115-60
steres.phnnie. definition of. 2.114. 12

1-1), definition of. zail. 82
through water, frequency range. 1.92 21
track
bilateral
bias lines. appeersnee uf. 11291. 990

variable -arc

18.19. 916

heavily moduleted, appearance of. 11292,
997

9000 Hs. appearance of, 18.219, 936

vriable-area. 11129. 915
variable-rea. doscription of. 11.11. 915
black and white. 16..sem, flowchart. 11.143.
945

elle...AK characteristics of. 16.317. 1001
class -A, push-pull. variable -area. 18.29. ,or,
class -H. varial,le-area modulutippn and bias
18.298.

999

Ass -H.

variable -area.
18.42. 927.024

noose

reduction.

CinemaSoilie. 'placement of, 19.119, 11:51
cleaning of. 18263. 991
c.d.,
I 16 nn. flowchart, 11.144. 945
cornprex

bilateral earhible-donssty. 18.22 915
unilateral. variable -density. 14.29. 915
ariable-density. 11.29. 915
control. deflnit ion of, 11138. 016
direct -positive
variable -area.
16 -mm.
18.3114.

915

.,.read,

appearance

1001

variable -area. 208 -mil. push-pull. 11119.
1002-1003

displacement of, 19.31, 1027-1129
double bilateral
appearance of. 19299. 999
use of. 19.247. 992

high frequency Loa, cause of.

18.346,

19.27.

72-73

color sensitivity of.

ex 'maitre teat. 18.329. 1006-1006
40 lie, bilateral. appearance of. 18.2811. 996
high -density print. when used. 18.311, 101.0.
12313. 1003
%Tar.
formation of, 11.72 930
omit and present. description of. 1E29,
992

inspection. microscope. I1.344. 1019.1020
laminated, description of. 17.190, 840.611
magnetic
frequency response of. 17.170, 821

human voice. 1.811. 21
instantanenos, definition of. 1.107. 27
level. 1.35. 14: 1.117, 27
using

9000 Ha appearance of. 19.219. 996
Ektachrome
color reversal. variable-densit y. average

reversal film, type of. 11.246, 996
exposed. holding of, 11.319, 1004

monpephonie definition of. 2.112. 42

measurement

111.290. 996

111-2119, 996

997

24.37. 1095

1.114.

of.

heavily frixdulaled appearance of. 18.292,

low -frequency. directional eh aaaaa eristics of.

measurement of.

termined. 11-261. 991: 11283. 991. 995

bias Imes. appearance of.

1.117. 27

Positive film. definition of.

dupe -negative, optimum detail,, how deduplex

mixers 15cr Mixer.,
monaural. definition of. 2.112. 32

duplex.

cont'd

Sound

Sound- cont'd

.

1027

multiple. reproduction of. 17.115. 513
retardation of. 19.29. 1027
single. placement ..f, 19.133. 1059
steel parts and. 19.192. 1051
striped. 8 -mm and 1G -mm, 17.111. 837

magnetic film
f.,or-track, designation of. 19.135. 1059
70 -mm six -track, placement of. 19.136.
1059

17 S.mm. standard for. 17.168. 821
three -track. designation of. 19.130 1059
a5 -mm, 3 and 4 track, placement of.
17.169. 111

umg-nptical. 17.181. 239
description of. 17.167. UN; 11.307. 100110172

of. 18.79. 916
minus dialogue.
multiple variable -area. purpose of, 18.37.
916-916

negative

print. variable -density, deterrnIntion of. 12269. 992

and

development of, 18.154. 960
processing of, 11256, 969
reproduct Ion. use of. 18.321. 1004
9000 Hs, focus test. 18391. 1000

anise reduction, opening time test.

16.302.

1000

010 kal

a,lvantement of. 19.29. 1027
a-rnm. 1927. 1024-1027
R -4111T, 11.51, 917

objectiona t... 18.158. 950

reduction. 36.mm 0. 16 -mm. equalisation
for. 18.171. 954

'optimum "tensity. without test equipment.
18183. 991. 996
:minting poll of. 111.213, 966
papering of. 18.112. 11110:
ph'd.wrar,hic
ileselopment. pepvl of. 18.220. 970

calculation of.

111.219.

1166

proceming. speed. definition of. 11.219,
9119-970

birsuping .,f, 18.211. 941-947

varinbleutora. processing of. 11.217. 969
ynt InItie-den.it Y.

impressing

of.

18218.

949

plarssuent.

16 -mm

1,holoeraphic

18.261. 994

positise, why used. 18.322. 1004
pr. -striped. unprocessed
011442

111m.

on.

17.193.
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Sound-coned

Speech

frock

frequency range, 2.44. 49

Printer
contilet. description of. 18.159. LA

optical reduction. description of.

lower. definition of. 1.73. 19
scrambled. definition of. 2542. 1629

19.157.

950

puah-pull
class -AR variable -urea. 18.29. 915
class -A. direct -positive. 11.29. 916
variably -area. 1119. 915 19.32.
915

noise refluction. 18.318. 1004

variable -ace. 16.29. 915
varnible-densitY. 18.29. 915
variable -density, definition of. 11.31. VIS
variable -density equeese. 18-29. 915
release -print
17.199,

940

1714101/t1[111, infrared use of. 11.311. IOW
resyncing of, 19.130. 14.1
reversal film proce for. 11.217. 996

room noise. definition of. 11.207. 963.966
scriber. p.,,,,, of. 17.209. 5504.61
16 -mm. center. placement of. 17.166. 621
I6 -mm. placement of. 17.167, 921

6000 400 Ha erise-morleletIon test.

11.397.

998.999

equeese. definition of. 19.34. 916
striled-film. recording on. 17.194. 842
35 -mm color mgative. 19.146. 945
36 -mm photographic. speed of. 11.49. 917

tolerance for.

111.161. 140

trans -track. when used. 18.313.
14.300. IMO
unilateral variable -area. 11.21, 915

description of.

1003;

image most commonly used. 15.247, 992
insufficient margin. 18.294. 996
overmorlislated. appearance of. 18.291,
91.7-999

Print. density of. 16.211, 994
6000 Hz, 11.294 999

3.31B margin. ISM. 999

variable-densitY
appearance of. 11.33. 515
image moot commonly used. 18.361. 992
intermodulat ion distort ion. value of.
14.275. 992

modulated. 19.395. 1091
negative, visual density. average value
of. 16.27. 997
overmodulatell. effect of. ISM. 992

Print. visual deneity. avenge value of.
11E272.

992

squeeze. 18.21. III
1001

transmission versus density. 14.270. 992
transistors versus vacuum tubes. 12.245. 421
622

transmission. through
m, 1.146. 36
truck description ..f. 14.10 1014.1017
velocity
In air. 1.60. 16-10
temperature Meet on. 1.51. IS -IC
value for scientific measurements,

linear, definition of. 13.19. 663
magnetic tale. measurement of, 17.151, 916protection. stendrd. 19.31. 1025
recording, standard, 13.9. 652
reduction, metlkels used. 3.71. 118-119
synchronous. calcolution of. 3.41. 107

Spherical waveform. dennition of.
Spimil OM. definition of. 13.79. 661

1.9.

11

SPI,

calculation of. 2.89. 72
relation to frequency and pressure. 4.165. 211

relation to C'.. 1.165. 38
reverberant

chamber.

calculation of.

2.99,

76-77

Splay. definition of. 2.75. 61

Splicer

film. diegional, description of. 18.199, 963

film. straight. deemption of. 11.119. 963

magnetic -film. description of. 17.214. 96.1

Splicing. magnetic 0Im to leader, methods of.
17.203. 946446

Split film. definition of. 16.51. 917
recorder. definition of, 17.141. 907
Split -termination equalitation. 6.113. 307
Spool -bank film. design ..f. 2.133. 9$
17.171.

Squareness

foe.

921-922

factor.

magnetic tape

and Alm

17.142. 907-9011

Square wave

amplifier output level fur, 23.166. 1511
amplifier restionee to 12124. 603
eomlosilion of. 23.155. 1621
generator. description of. 22.54, 1279-1790
measurements. procedure for. 23.154. 150;1621; 23.156. 1521
tests

images,

interpretation of, 23.154. 1679

Squirrel -cage motore. charactristic of.
Stability

3.77,

122.123

fctor.

Iransiatur,

calculation

of,

11.141, lifIC

Stability teats. mplifiers, 23.211. 1659
Stabiliser. rotary. purpose of. 1945. 1044
Stabletur. definition of. MIN. 482
Stage. brilliant. 1.131, 3.3.14.2.12. 42
Standard
coeglcient ruling. 2.30.

44

cutting head calibration for. 14.22. 705

disc -recording. change in. 13.93. 563.604
disc -recording run -In grooves. for. 13.195. C79
dies -reproducing. 13.93. 663444
flutter. disc-reprorhicer. 13.34. 656

flutter meaeurements, disc -recorder.

13.35.

666
1.133.

33

way,. relation to sine weir. 1.116. 26-27
white. definition of, 1.140. 36
Source follower transistor- design of. 12.259.
636

Space charge. vacuum -tube. definition of. 11.54.
469

Spacers. jack. dimenelone fur, 24.64. 1389

Spatial effect. definition of, 20.39. 1099
Specific gravity. battery, storage. 25.101. 1633
Spectral sonaltivity
human eve. 19.111. 11164
phototube.
19.118. 1054

Spectrum analyser. panoramic, 22.91, 1337-1339
Spectrum. frequency. classification of, 25.67.
:629

1222

hearing. average rates. 1.150. 37

Sprocket. CinernaScope. 19.120. 1056
Sprocket tape. magnetic. speciflcatkms

1111.30. 915

variable -area

200 -mil. 18.396.

control. solid-state. design of, 21.130 1221-

$17

use In rem...riling. 18-152. 990

4.track magnelic. etanderd for,

waveform. 1.11. 21
13 peed

flutter meter.. 23.1511. 1517

frequency. primary. definition of. 22.39. 1152
input impedance measurement of. 23.137.
1511

Interrnodulation tests,

variable -density, fre-

quencies for. 111.279. 993

international volts. 23.196. 1645
microphone. output level. 4.104. 210.211
microphone phoning. 4.124. 226-227
PH22-41-1957. 10inm sound track Place-

ment. 18.294. 995i
PH2241-1961.
intermnehilation
testing.
15179. 993
phase. secondary. description of. 22.46. 1166
reference lesel
Mae recording. monophonic, for.
13.96.
664-665

disc recording. Mere... fur. 13.97. 665
VU meter. 10.8. 447
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Standard- contlit
reproducing, ItIAA. 13.163, 666-666
RI AA. adoption of, 13.169. 677
secondary. definition of. 22.44. 1262
14...mm rani, track placement. 12263 9941
14 -min film winding, 11.139. 946
35 -mm photographic film track placement,
12233 996
transient meanurement. 23.49, 1462
turntable rumble. 23.76. 1480
voltage cell. description of. 23.195. 16444545
volt, USA Ntional Bureau of Standard..
23.196, 1546

weighted cave., smind level meters,

2.93.

73-74

Standing wove*, 2.41. 44

Standing wave train3 prevention of, 2.71, 69
Star connection. 3.23 104
Starting control. nelsyn interlock, 3.49, 103.109
Static pressure. definition of. 1.106. 27
Steering diode. definition of. 11.160. 619.520
Step generator. definition of. 22.133 1404-1406
Step tablet. thee of. 18.320. 1004
Stereo disc

Emcee. charaterbstics of, 13.180. 676
phasing of. ootancinril. 13.158, 674
recording. geometry of, 13.211. 1.112.4.0.1
Stereophonic

center channel. deriving of. 20.134, 1138-1139
control centers. description of. 12.265. 641645

disc premings. groove. standard. fors 13.111.

Stylus i styli
boule u.e.I in manufacture of. 15.30, 718
burnishing facet on. 13.8. 713
burn ishing
tals.freguency romponst
713

cold. mignal.nenoise ratio with, 13.60, 660
romplifince of, 15.33 716
compromise. description of, 13.42 717
corundum used in. 15.3, 712
disc. definition of. 15.72, 721
effective mass of. 16.33 716
ernbos.ed disc record, type for. 13.245, 642
force
measurement of. 23.143, 1:01
pickup, menourement of. 23.148. 1516
reproducing. measurement of, 15.37. 716
values of, 15.33 716

friction of, 15.30, 716
friction. side well. affected by. 15.32 716.717

friction. temiwrature rise caused by.

15.31.

716

but
ace opertril. 15.63. 720
advantage. of, 15.59. 720

current used with. 13.62. 720
descriptinn of. 15.33, 720
hail ilium used with, 13.49. 721
heating coil for, 15.64. 720
modulation noise with. 15.61. 720

modulation power requirement. for,

16.67.

721

procedure for use of. 15.70. 721

rf current in. 13.63 720
mignatdo-norise ratio with, 13.43 660. 15.71.

678

equaliser. pickup. design of. 4.129, 316-316
headphones

characteristies af. 20.179. 1145.1146
control boo. for, 21.179. 1146
network for. 20.181. 1146
loudspeaker system. reflectros. for, 20.187.
1166.1167

microphone placement. 432. 171.174
microphones. design of. 4.43. 161.1414
mixer Sr.i Miners.
optical film recording. 18.13 903

721

temperature of, 13.69. 720
vacuum...Moen effect on, 16.68, 721
ident intuition code for. 15.39. 717
included angle of, 15.6. 713
for vertical recording. 16.12. 713
jewel used In manufacture of. 15.31, 718
life. long. 15.33. 716

master contours used in making. 13.13 713
noose. recording. test for. 23.71. 1462

recording and reproducing systems. phasing
device for. 21.121. 1128.1131
reproduction
amplifier power for, 21.141 1141
precedence effect In. 24.135. 1136
pseudo-. definition of. 20.159. 1110
sound, definition id. 2.113 82

00117.1torn. description of. 15.32. 716
presomure. pickup, values of, 16.36. 742

recording

lIgnmenl of. 13.31 655
and reproducing. included angle relation.
chip of. 15.22. 714-716
"ANM.- 15.17. 71:4.711

system
cross -talk level in, minimum. 19.138. 1059

phasine of. 19.139. 10694040
speakers for. slot -loaded. 22186. 1166
two -channel, loudspeakers, placement fur.
20.140. 1140-1141

test films. 19.113 1062-1043
Stethoscope hesolphones. construction uf. 20.177.
1145

burnishing facets on, 133. 712; 15.3, 713
cold

egret of. 13.49, 656
frequency range of, 13.43 658
construction of. 15.3. 711-712
definition nf. 15.1. 711
ofitemonols used in, 15.14, 713
differences in manufacture nf, 15.47, 718

drag angle of. 13.32. 666-656
frequency response of. 15.3. 712

Stop band. wave -filter, definition of. 7.13 323

hoot

Stopping capacitor. definition of. 12.33 633
Storage battery. charging of. 2333. 1625
Strap jack. connection of. 24.7, 1567.1669
Striation. definition of. 11.3. 891
Striped film

effect nf. 13.49. 656
frequency range of, 13.43 65*
installation of. 15.7. 713

magnetic. foolygoning of. 17.197. 1144
reclaimed -bass.. 17.33 762
recording an. 17.114, 842
and mt.. definition of. 17.183 win

Striping
machine.

f.

magnetic.

descriptinn

of,

17.191,

841

magnetic. placement of. 17.192, 841
magnetic. sills'. 3 -mm Alm. 18.50. 917
pre-. unprocessed film, of. 17.193. 841-842

Strobe light. description of, 22.120,

13%0-1311

Stroboscope
description of, 22.129, 1360-1361

disc, pure tie of. 13.116. 670
us* of. 11.35, 666

Stroboiworrie resolver, design of.

3.84.

1361314

Studio characteristic.. ideal. 2.311. 18
Studio review room, definition of. 2.116. 79

recording. life of. 15.56 719
mechanical bias of. 13.13 713
rreharpening of. 16.411. 718
ioignnl.tienoise ratio of, 15.3, 712
tent of for noise, 15.43. 717
whistle of. 13.73, 661
reproducer
elliptielel construction of. 15.74. 721.722
tilting .f. 15.25. 715
groove -wall contact 03 13.23. 715
ineludes1 angle of. standard. MIS. 714

lifr of. comparative. 15.29. 716.710
sapphire. life of. 15.23 715
wear teat for, 23.143. 1616
worn, s.,und of. 14.27, 713
reproducing
deiwription of. 13.2. 711
differencan in manufacture of, 15.47. 716
pressure of an groove wall. 15.21, 716
resharpening of, 15.49, 71/I
tip radio. of, stnolarol. 13.19. 7I4
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Stylus lstylil-cont'd
reproducing
tip radius

of venous

T
modulatein

radius.

15.21. 714

vertical pressure fur, values of, 15.20, 714

sapphire
manufacture of. 15.36. 719
hardness of. 15.24, 719
used for. 15.53. 719

Talk -back system, 24.14. 1698

Tangent error, description of. 13.171. 677
Tank circuit. definition of, 25.32. 1626
Tap.
and film, magnetic, substitution of, 17.123.

scoop -shaped, purpose of. 15.57. 719.720
shadowgraph used with, 15.44. 717
shank
length of, 15.45. 717
shape of. 15.46, 717-718
Stelike 15.52. 7111

798

cartridge. continuous. description of.

use of. 17.126. 799
magnetic.
black. 17.115. 795

tip radius of, 15.4. 713: MS. 713
truncated. description of. 13.41. 717
worn, effect of on groove wall. 15.26. 715
Subhrrnonics
definition of. 1.56, 11
loudspeaker, generation of. 20.156. 1159

chromium dioxide. description of,
defects in. 17.99, 7149
dual -track. track placement

Sunlight
Intensity of. 19.33. 1029
xenon light. compared to, 1923, 1025
Super 8 -mm film
description of. 15.50. 917
processing of. 18.59, 917
Superpositioning. definition of. 1.93. 16
Supersonic. definition of. 1.19. 12
Suppressor
surge use of, 11.154. 519
transient. purpose of. 21.120. 1209-1210
Surf ace induction, magnetic. definition

17.150,

11-612

wiper base for. 17.29. 700.761
plastic base for. 17.29. 700-761
red. 11.118. 795
sprocket holes in. 17.30. 761
storage of. 17.172. 799
recording
width of, standard. 17.27. 760
winding of. 17.26. 760
Taper
curves. variable controls. 5.89, 257
PaCialculation of, 5.33. 2441-241
16 -mm.

19.73.

uf.

Taut -band meter. description

17.23, 756

1131

Swamping resistor, definition of. 12.261. 6.1.5
Sweep -frequency record, use of. 13.176. 6144
Sweet, generator. audio description of. 22.33.
1277-1279

Sweep record. use of. 23.141. 1514
Swell tones. 1.55. 17
Swinging choke. design of. 21.14. 1171
Switch

anticapacitance. definition of. 25.14. 1622
electrolytic. description of. 25.193. 1676

of, 2.2.7. 1229-

1270

Teaser transformer. use of. 823. 372
Telerneterinit
definition of, 25.53. 1629
flutter meter. calibration of, 23.150. 1517
Telephone, frequency ranee. 1.71. IV
Telephone line
eh
ionic., measurement of. 23.96.
classification of. 75.165. 1169
ends, talk
maximum of. 23.99. 1491

1489

reduction of. 73.95. 1491

loading coils for. connection of. 75.189. 1673
maximum signal level. 10.15. 447

Symbols

amplifier,., 12.2, 624

open wire. definition of. 25.169, 1668-1670
terminating impedance, effect of. 23.103,

semiconductor. 11.113. 4135

terminal. solid-state rectifiers. 21.94. 1195

1492

vacuum -tube. 11.34. 464-465

Sympathetic vibration. definition of. 1.115. 27
17.179,

833-876
19.32.

1028

Synchronizatom

transposition of. 24.19, 1600
description

sound -powered
Telephone.
23.142. 1152

of,

Teleprompter. construction of. 2.72. 59-60
projector, description of, 19.60.

Television

1034.1035

Temperature
ambient. 3.25. 104
Celsius. definition of. 25.754. 1628
centigrade. non ver61111. of to

camera and wand. 3.76. 124-1211
clap -sticks. use of. 11.334. 1010
editorial. 111.332. 1010

Fahrenheit.

25.135. 1649

Fahrenheit.

electronic printing. method of. 15.701. 964

conversion

of

to

centigrade.

25.13$. 1619

frequencies %MANI. 3.79. 126-127

rive, generator. mesporremcnt of. 25.136. 1649-

motor control unit. 3.15, 151-139

1631

pop mark, WM' of. 111.335. 1010.1011
In.

19.41.

1029

stereophonic recorder. use of. 3.78, 121.

Synchronizer, magnetic. description of. 11113.
852.853

Synchronizing.

9

definition of. 3.34. 240
Tsrect. projector resolution.

Surge impedance. wave -filter. 7.26. 324
Surround loudspeakers. placement of. 25.170.

Synchronism. projection, definition of.

17.7311.

988

4eleillators. generation of, 23.173. 1734
Sum
nd difference frequencies. effect on
human ear, 1.116. 25
Summation frequency. definition of. 1.1311. 32

Sync pulse
recording of. 3.75. 124-126
magnetic recorder. description of,

17.215,

575-877

hipping
description of. 17.127, 794-790

stereo, mounting of. 15.73. 721

rerecording. srtivrE leader used

Tnke-off point
definition of. 6.9. 263
equalizer, definition of, 1.91. 291-292

magnetietpe. photocell.

used

for. 17.201. 845
Synchronous

camera and sound. systems used, 2.15.
129

motors. 7.4. 101
characteristics of. 3.17. 122.124
Synchroscope, definition of. 25.171, 1947

137-

rise, motor, measurement

of. 75.136.

1649-

1151

Tem PO regulator. description of. 2.131. 94-98
blocks, connect ion procedure fur,

Terminal

24.38. 1633

Terminating

impedance, iterative definition of, 25.96.
:630
resistance, repeat-coll. connection of. 23.19.
:443

resistors

series mixer. calculation of. 9.28. 422
types of, 5.87, 255
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Thyrite

Termination
bridging bus. calculation of, 24.35, 16,30

definition of. 25.64. 1627
',inflator. definition of, 11.106, 482
Tight -loop system
ihiscription ..f. ICH. 912-915

double. definition of. 23.57. 1460
Inductive. effect of. 23.189. 1542-1543
line. 20.159, 1137

iwnel. variable, description of. 22.127. 1390

recorder. 17.41. 7118

remission., types of. 23.56. 1459

tranformer, split, 8.48.179
Terminators. transformer, 8.43. 376
TerminologY
amplifiers. gain. expreasion of. 23.17,
multitrack recording, for, 17.151. 812-813
Tertiary winding, definition of. 8.65. 3112

1443

Tilting mechanism, microphone boom. 2.102. 714
Timbre. definition of. 1.22. 12
Time constants
computation of. 25.116. I616.1477
equation. for. 25-106. 1035
magnetic -reproduction. Ideal. 17.2116. 847

KC mislifiersi, 12.38. 635

Test fluid

Time delay. magnetic recording. calculation of.
17.196. 1414

bust track, purpose isf. 15.64. 1015
focus. sound. 15 -mm. 35 -mm. 19.74. 1038
nutter. description of. 19.63. 10:15
magnetic. 17.216 054
type. of, 17.217. 804
multifrequency. description of. 19.611. 1017
ontleal, tYpes of. 18.177, 966-966

Timer. electronic. 2.132. 98
Time. running. Alm. 16.mm, 25.161. 1663
Timing circuits. oscilloscope, 22.71. 1320.1321
Tip radius. reproducing. standard for. 15.19.
714

ishotaigrphie. 17.2111.1151

scanning-beam.illuinination.

purpose

of.

19.71. 1037

nnke-track. use of, 19.72. 1037-1113s
description of. 19.63. 1075
soundtransmission, description of. 19.49.
1037

Tip. stylus. notion of, 15.4. 713
Todd -no. deiserildion of, 11.161 1067-1070
Toe recording. variable -density film recording.
definition of. 18.202, 904.965
Toll Cable. sksfinition of. 25.171. 1670
Tone

arm. definition of. 14.24. 740
burst stenerntor. description of. 23.139. 1410-

stereophonic, 19.119. 1062-106:4

1411

theater. description of. 19.62. 1035
3-D alignment. 19.75, 1038
2-0 alignment. 19.75. 10:16
visul, purpose of. 19.67. 1037
Test record.
standard. recording of. 13.192. 679-680
typical. 13.199. 680

burst

of. 6.99. 2954

definition of, 1.28. 13
side. definition of. 25.72. 16214
Tool. burnishing. purls:me of. 24.58. 1591
Too ls. relay -iodinating. description of.

24.57.

1591

Teat tlies,
magnetic, 17.216, 854
recording of. 17.105. 789.790
video. 19.61. 1035

Tester. capacitor description of, leakage. 22.111.
116a-1369

Theaters.,
ambient noise level. 2.1011. NO

amplifier power for. 19.143. 1061-1062
mound system for. radiss-frequencY.
19.168. 1073.1074

frequency response for, 19.78. 1038
louchiperiker system, stereophonic. 3 -channel.
phasing ..f. 29.126. 1127-1128
Person ruble footage for. 2.45. 49
sound level adjustment of. 2.46. 49
tuning of. 11.313. 1017
Thermal noise. definition of. 1.149. 37
Thermal time -delay relay, construction of.
25.155, 1660

Thermisitor
chanrleriliea of. 11.157. 617-6111
definition of. 11.196. 182
Thermocouple
description of. 22.1. 1127-1228
meter
calibrations of. 22.2. 1228
phissewhift effect on. 32.4. 1228
true-remponsling voltmeter. In. 22.96.
Therrnoptione. microphone eal ihrnt Ion.

1351

4.06.

11117-1019

description

of.

25.154.

stool -1659

Thevenin'. theorem. 25.123. 164N
Thickness. gauge. ultrasonic, 23.216, 1700-1701
Thurston, 11.5. 459
Three-phase motor. 3.32. 195
Threshold
of hearing. 1.33. 14 1.112. 21
:

of twin. slefinition of. 1.31. 11
Throw
definition ..f. 19.49. 1011
Projector. calculation of. 19.31. 1031
Thyrt
switching circuit. description of.
35.113. 1640.1641

Thyrector, definition of, 11.106. 4142

versus
horsepower. 3.41, 107

wait.. 3.40. 107
Torional resonance. definition of. 16.57. 760
Tracing distortion
definition of. 13.173. 877
Pickup. definition of. 16.26. 740
Trackability. pickup. definition of. 16.42. 742
Tracking
disc -recording. defects in. 13.172. 677
error. 13.171. 677: 16.26. 710

Track placement. magnetic tape. continuous.
17.230. 476-$77

Track. ...und. magnetic. width of versus output, 17.113. 793
Transconductance
definition of. 11.33. 464; 11.35, 160-4641
extrinsic. definition of. 11.122.196
vacuum-tul.e. measurement of, 11.83.

476:

11.97. 477

1944...5

bimetal.

Toroidal coil. 9,68, 285 ; 6.71, 286; 8.92. 390
Torque. 3.16. 10:4
motor. how calculated. 3.76. 121.1t2
motors. use of. 3.65, 115

Transcription
dive. 16 -inch, characteristic for. 13.164. 676
electrical. description of, 13.1. 647

Thermop:auic recording. description of. 111.314.

Therm,atat.

lent. loustiopenkera. for. 29.191. 11191120contro1.-sign

Transducer
active. definition nf. 1.25. 13
doll onion of. 1.23. 12
electrornechaniceil. 14.1. 691. 16.1. 725
Passive. definition of. 1.24, 12
ultrasonic cleaning. 23.217. 1791-1703

Transfer
channel
block diagram for, 18.331. 1007.1009
magnetic film. 18.331. 1005-1007
magnetic tope. 18.330. 10061007
magnetic to disc. description of. 13.314.
61411.6149; 17.2211. 670-071; 18.331. 10071009

photographic film. 111-338. 1006-1007
tape 10 disc. description of. 13.211.
689
chracte a i aa Ica.

disc

recording. 13.101.

686667-

66/1

function.. neiwork, table of, 25.132, 1649

inagneticooptirnl. limiting. ow of, 18.90, 937
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Transformers a p-cnnt'd
leakage reactance, cause of. 8.32, 376: 8.33.

Transformation
capacitance, 9.34, 377
single-phase to thrce-phace. 9.99. 392-391

376-377

lowimpeclance, loan when used for bridging.

Transformer is)
ampere turns. definition of. 8.18. 370
amplifier. screen -grid tube, selection

12.173. 586

of.

12.211. 01G

audio
and power. compored. 8.17. 370

balanced input with, 8.25. 373
center -tapped. purpose of, 8.25. 373: 8.12.
377

characteristics,

measurement

of,

23.19.

1474-1471

class -13, unity colliding. 8.109. 402-403
color code far. 24.62. 1592
distributed enpacitance in. 8.25. 313
frequency response. calculation of. 23.70,
1171-1472

hum -bucking design for. 8.98. 392
Plug-in. 8.106. 401
shorted turns in. 8.76, 365
symmetrical input with, 8.25. 37:4
terminated. characteristics of, 8.47. 3711-379
ungrounded Input with, 8.25. 373
unterminated, characteristics of. 8.46. 378
unterminated, use Or, 8.44. 379
bandwith, how designated. 12.233, 615
bifilar winding, description of. 12.231. 607609

bifilar winding in. 8.9. 3R9
bridge rectifier. section of. 21.103. 119%

bridging
description of. 8.62. 381
design of. 8.63. 381
buck -boost. use of, 8.96. 391
constant -voltage
design of, 8.100. 393-397
measurement of. 8.101. 399-399

parallel operation of. 8.103, 399
Precautions in use of, 8.101, 398-399
tandem operation of, 8.102. 399
copper loss. definition of, 8.4. 307
core lost /I.5. :167-368
core saturation In, A.3. 367
coupled Impedance in. 8.79. 386
crystal pickup. coupling for, 16.13. 736
current
definition of. 8.19. 370
turns -ratio calculation for. 8.20. 371
definition of, R.I. 367
eddy currents, rause of. 8.6. 368
electrical center of. 8.16. 370
electrostatic shield in. 8.12. 369
filament. definition of, 8.15. 370
four -coil repeat. external connection
6.49. 379

400 -Ht operation of, 8.14. 370
frequency effect on. 8.13. 369
Kg:dormer. description of. 8.93. 390-391
hybrid, balancing of. 23.72. 1472-1473

ideI, definition of. 8.31. 375

magnetic shielding. tent for. 23.162, 1620
hicIntonh, description of, 12.231. 607-609
microphone
design of. 4.110, 213
high impedance. 4.78. 191
modulation, description of, 8.61, 381
negative -feedback amplifiers. types of, 12.152.
674)

shield for, 8.59, 379 ; 8.51, 379-380
operating load for, 8.97, 392
description of. 8.66. 361
efficiency of. 12.222. 602
insertion loss. mensurement of. 23.71. 1472
is.wer loss, calculation of, 12.223, 603
shielding of, 8.56.:181

ultraliner. design of. 12.128. 568-569
phoning. identification of, 8.90. 387-389
tile winding in. 8.10, 369
polarity. identification of, 8.90, 3147-380
power
color code for, 24.61, 1692

hysteresis. measurement of. 23.158.

reflected impedance in, 8.3111, 274-375

relent. connections for. 8.16. 370
rotary, definition of. 3.49. 110
split termination of. 8.48. 379
teaser. use of. 8.23, 372

terminals, Identification of. 8.89, 386
terminated. 8.43, 378
tertiary winding, use of, 12.162. 581
three-phase, connection of, 8.22. 371
transistor
clan/141, design of. 8.109, 402-403
selection of, 11.137. 603

turns ratio
,h -termination of. 8.36. 377
versus impedance ratio in, 8.39, 377
unity coupling. description of. 12.231. 607
unterminated secondary. value of. 23.33, 1446
V 0/101' . description of. 8.8. 368

voltage ratio versos turn, ratio in, CIL 377
of,

voltage regulation of. 8.21. 371
volt-onitaire rating of. RA 1. 369
wattage rating of, 8.11, 369
Tranchybrid loss. definition .'f. 8.71, 384
Transient
distortion, amplifier. 23.49. 1452-1453
renounsc

capacitor microphone. 4.63, 176
dynomic microphone. 1.63. 176

ideal, voltage gain calculation. 12.240. 616
Impedance

between tapil .if. 8.88, 386
matching. gain set. 23.16. 1443
matching with, 8.26. 374
ratio of. 8.29, 374
ratio versus turns ratio in. 8.37. :177
input
description of. 8.511, 311]

terminology used with, 8.25. 373
Insertion loos. cause of. 8.27.114
instrument, definition of. 22.20. 1239
intermodulation
distortion in. 8.86. 386
measurement of. 23.114. 1501-1502
1nterstage
description of. 8.59. 381

phase splitting with. 8.87, 386486
shielding of. 6.57. 381
isolation
AA use of, 23.217, 1562-1563
design ..f. 8.21, 372-373

laminatione, renvon for. 8.2. 367

1622.

1524

shorted turns, teat for. 23.161. 1525
transfer calculation for. 8.91. 389-390
practical. internal loose,, in. 8.32, 376-376
primary current. 8.7. 36/1
push-pull
impedance calculations. 12.110. 561-563
impedance relations, 12.109. 661

su ppreawor

purpose of. 21.120, 1209.1210
semiconductor. use of, 11.158. 619

test loudspeaker. fm receiver used for. 29.102.
1120

time. lower supplies. 21.115, 1203-1204
Trans intim I a
AC

base resistance of. 22.141. 1416
collertor resistance of. 22.141. 1416
gain nf, 22.141. 1413, 1414. 1116
trnnscondurtance of, 22.141, 1416
nlphn of. 11.131. 499-301
omplitier, load impedance effect on. 20.91,
1116-1116

ANA l'rET, description of, 19.169. 1075-1076

asymmetric conduction in. 11.103. 461
frequency characteristics of, 11.142.
A111110,
006

baste theory of, 11.111. 487-481i
lets of. 11.131. 499-501
bins methodo for, 11.133. 666c602

1754

INDEX

Transistorlal-cont'd
breakdown of. 11.121. 496
capacitance, internal, variation of.

Transmission irregularity-eont'd
11.140.

line(
delay, muse of, 25.111. 1673

maximum

105.606

circuits for. 11.127, 497-499

without

length

egos liantion,

4.114. 307

construction of. 11.147. 4112 ; 11.111. 493-194
converter. de to at. description of. 21.11111.

recording -Plant. testing .if. 24.43, 1592

velocity of propagation in. variation of,
25.165. 1673

1200-1201

current through, 11.123. 496
cutoff current of, 11.132, 601

percent. film, density versus. 25.160. 1663
print density 1.40. value of. 16.259. 991
set. definition of. 22.124. 1390

de

base resistance of. 22.141. 1416
collector resistance of. 22.141. 1418
gain of. 22.141, 1416
transconductance of. 22.141. 1416
derating of, 11.146. 509-510
direct -coupled circuit with, 11.127. 498

unit, definition of. 18.37, 466
TranamittivIty, acoustic. definition of, 2.56. 64

distortion characteristics of. 11.134. 502
epltaxial, definition of. 11.106. 482
equivalent circuits for. 11.124, 496
extrinsic transeonductance of, 11.122, 496
field-effect
definition of, 11.106. 462
dmeript ion of. 11.145. 307.109
gain -bandwidth product. definition of. 11.131.

Trans -track, definition of, 11.311. 1000; 18.313.

Transport system.

501

23.53. 1456.1457

internal capacitance of. 11.141, 505.506
invention of. 11.195. 481
junction. description of, 11.187. 483
large signal operation of. 11.136. 502.003
leakage in, 22.141. 1412. 1414-1415, 1416
letter symbols for, 11.115, 4138
light. sensitivity of. 11.161. 521
load lines. calculation of, 11.139. 503-505
negative feedback with. 11.130. 499
noise -factor equation (or. 11.13!. 603
ohmmeter use with, 11.117. 493; 11.119, 494
operational amplifier. 12.196, 694
iseillatiun-caused failure of. 11.142,106
parallel operation of. 11.127. 496-499
phase of. 12.97. 557
;dime relationships in. 11.125. 467
polarity identification of. 11.116. 492
power and voltage gain of. 11.128. 499
power -gain equation for. 11.129. 499
precautions in use of. 11.119. 494-495
punch -through in. 11.120. 496
push-pull operation of, 11.143. 606-507
radiation effect on. 11.1011, 483
regulated power supply. americium of.
21.123, 1212-1114

regulator. series Lyle, description of. 21.121.
1210

resistance between elements of, 11.117. 492493

small -signal operation of. 11.136. 502-603
speed control. design of. 21.130. 1221-1222
stability factor of. 11.141. 106
teat set. description of. 22.141. 1412-1416
transformer -coupled circuit for, 11.127. 498
transformers for use with. 11.137.1503
versus vacuum tubes. 12.245, 621.622
voltage, meter for. 22.13. 1236

Translation loss
definition of. 23.79. 1482
disc -recording, definition of. 13.165. 676
Transmission

1061

:

19.164. 1072

Tremolo. dettnitkon of. 1.60. 17
Trine. desrription of. 11.156, 617
Trigger circuit. oscilloscope. 22.71. 1321
Trigonometric functions. natural, table

of.

25.210. 1687

Truck -in. definition of, 2.911. 7fi
True -responding
voltmeter. description

of.

22.38, 1350-1361

Truncated stylus, description of. 15.41, 717
Tubby. definition of. 2.17, 43
Tube tester
dynamic mutual conductance. description of.
22.113. 1378-1379

emission. definition of. 21.114. 1377-1378
trim neconductance.
of, 22-115.
deseriPt ion
1378.1379

Tuning -fork
oscillator. definition of. 23.79. 1628-1629
power supply. description of. 21.110. 1202
Tunnel diode
definition of. 11.104. 482
description of. 11.152. 515
Turnover frequency
cutting -head. 14.8. 701
definition of, 13.107. 666
early values of, 14.11. 701

effect of on reproduction. 14.9. 701
vertical cutting head. value for. 14.27. 705
Turnover test. promdure for. 21.58, 1460

Turntable
idler. 13.14. 663

magnetically supported. description of. 13.37.
656-657

rim -driven. description nf, 13.16. 652-653
rumble. measurement of. 23.76. 14804482
vacuum. purpose of. 13.121. 671
Turret head. description of. 2.102. 78
Turret socket, definition of, 24.19, 1610
Tweeter. definition of. 20.13. 10114
Twister element
crystal microphone. 4.19, 161
pickup, definition of. 11.38, 742
U

Ultransmic
cleaning. description of, 25.217. 1701-1703
definition of, 1.19. 12
flaw detector, description of. 25.215. 16971700

band. wave Alter. 7.16, :122
ground
connections for. 21.33. 1076-1574
definition of. 23.24. 1444

1701

Ultraviolet
Alter. optical film

recording, use of.

892

ILL

optical film recording. um of. 18.7. sn

Undistorted power output. definition of. 12.186,
1.137.

34

110010

chsrecteristic impedance of, 25.183. :672cutting heads. used with. 14.17, 703

1003

Transverse waveform. definition of, 1.7. 11
Tremaine. II. /.1.. Dr.. 19.128, 10561 19.141.

frequency, definition of, 1.16, 12
microphone. design of, 4.125. 227
thickness gouge. description of, 26.214. 1700-

characterialics wave -filler. 7.35, 325
film recording. calculation of. 16.1611, 952

1473

description of.

1600

gain -control connection with. 11.135. 502
gate -insulated. 11.144, 607
horn pickup in, 11.161, 621
idling current in. 11.133. 602
impedance of. 11.126. 497
input and output impedance. measurement of.

Transmission irregularity, definition of.

tight -lino,.

11.26. 612-915

Transposition. telephone line. purpose of. 24.69.

687

Unidirectional microphone. design of, 4.47, 161
Undoek synchronisation. design of, 3.51, 1211

Unity coupling. definition of, 8.80. 385: 25.97,
1630

Universal leader. use of. 19.44. 1029

INDEX
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V

Vacuum system. disc recording. used in. 13.131.
671

Vaeuum Vilbels) -rant '4
icreengrid. description of. 11.18, 440
secondary emission tn. 11.47. 447
sserandary-emission multiplier. description of.

Vacuum tubelsi

ac "Iterated. purpose of renter tap.

11.32. 464
12.115.

699

acorn, 11.711, 462

amplification factor of. 11.34. 46G; 11.89. 477
anode current of, 11.46. 467
baretter. description of. 11.69. 471
battery terminology with. 11.14, 171
beam -power
slesseriptk.n of. 11.25. 460.461

sYnetiols for.

464.465

tetrosle. clescription of. 11.18. 460

operation without feedback. 12.220. 602
bias voltage for. 11.70, 472
broiler, definition of. 22.119. 1379-1380
cathode leakage. 11.19. 476
classification of. 11.45. 467
cumtactron. definition of, 29.110. 163P
contact potential in. 11.67. 471
current direciton in. 11.61. 471
cutoff point of. 11.43, 466
deionixation potential in. 11.54. 468
diode, definition of. 11.15. 460
directly bested. 11.8, 4511

dualdr.o.k., definition of. 11.17. 460
dynamic characteristics of. 11.41. 466
dynamic.transfer chsrscterlstin of.

self.rect illeation in. 11.59. 469
series. sereen-grid resistor for. 11.44. 476
auk il.finition of. 11.50. 467-461
space charge In, 11.56. 169
stabilisation of. 11.6$. 469-469. 11.71. 172
static characteristic. of. 11.40. 466
aleady-state characteristics of. 11.41. 166

thyrstron

description of, 11.29. 462
switching circuit using. 25.113. 1640-1641

transconductnee of. 11.33. 464: 11.36, 4664116

tramsconsluetance.
11.83. 176

dens)

for

versos transistors, 12.245, 621-422
voltage change on. effect of. 11.39, 466
voltage measurement points. of. 12.192. 5119
voltagraresulator. description of. 11.39 462461

11.11.

volt/Teter
accuracy of affeeted by waveform. 22.103.

466

efficiency of'. 11.84. 476
electron -ray. definition of. 11.21. 461

1361.1362

emission current, measurement of. 11.10. 177
gain per stage of. 11.37, 466
glass. construction of, 11.75, 412-473
grid current In. 11.14. 467

grid voltage -plate current. characteristics of.

ammeter. as. 22.107. 1767
uellisfrestueney. 22.99. 1351.1352
cracsled. description of, 22.161, 1368-1359
cathode -coupled. 22.100. 1352-1357
decibel scale, linear. With. 22.102. 13691341

11.52. 468

hard. definition of, 11.51. 461

error of. waveform, 22.111. 1362

heater irl
connections of. reversing. 23.98. 1630
Power supply. design of, 21.64. 1184
series connected. shunt resistors. calculation of. 21.65. 1164.1186
voltage of, 11.55. 4611; 11.71, 472

bum effects on. 22.106, 1363

warmul time of. 11.79. 476
heptode. description of, 1121. 440
hexode. description of. 11.20. 460
Indirectly heated. description of. 11.7. 458
internal
capacitance In, 11.63. 4713-471

contaminants in. 11.81. 476
noise. te.l for. 23.194. 1544
Inverse -leak -voltage rating of. 11.67..469
ionization in. 11.33. 441
life prolongation of, 11.55. 469 ; 11.71. 472
ntnsmum plate dissipation for, 11.49. 467
metal. construction of. 11.74, 472
mien/phonic. 11.51. 461

miniature. construction of. 11.71. 473
multigrid, where used. 11.24. 460
mutual ronductsnce of. 11.33. 464
noise in. reduction of. 11.55. 449: 11.71. 472
nomenclature for. 25.144. 1652-1663
nuvistor, description of. 11.27. 461
°etude, description of. 11.23. 460
output power. measurement of. 11.81. 477

power, maximum transmission of.

12.166.

197.61.1

parallel connection of. 11.72. 472
pentagrod. description of. 11.22- 460
pentode. description of, 11.19. 460
Per...once of. 11.42. 466
phase relations in. 11.60. 469-470
phototobe 11.31. 463
plate ttwiatance of. 11.18. 166
plate -voltage conversion. nimputations for.
11.77, 473-479

plate voltage Venus plate.supPlY voltage of.
11.61. 470

measuring.

transit time in. 11.66. 471
triode. definition of. 11.16. 460
variably -mu, definition of. 11.65. 471

Power -sensitivity a. 11.83, 476
prrheating of. 11.55. 461-469
Purpoee of tic heater supply. 12.194. 588.6119
auiesrant, consietion of, 11.73. 472
rejection ..f. 11.82. 476
saturation of. 11.48, 467

peak -reading. waveform effects on. 22.105,
1362-1363

Varactor diode. definition of. 11.104. 462
Variable -urea recording, definition of. 11.1. yol

Varisbleolensity recording. definition of,

19.2.

1191

Variable...It...laity optical film recording.
ten of. 1E25. 905
arine deecription of. 8.9. 71.11
Va ridi rest Iona' microphone. des. rip. ion
4.113. 209.210

of,

Varislor. definition of, 25.65. 1627
Vera...-. definition of, 26.53. 1625
Velocity'
definition of. 1.90. 21

effect, light valve. description of. 1822. 907904

groove. ,kflnition of. 13.47. 658
linear. calculation of. 13.32. 469
reconlinst-dise. effect of. 13.56. 658
sound

different materials. 1.91. 21. 24
in air. 1.34. 15-16
relative to frequency. 1.93. 21. 24
scientific measurements. 1.133. 73
Vertleal rec,,rding. description of. 13.4. 651-652
VertiVision, 19.1213. 106/1

Vlbrtion

magnetic recorder affected by. 17.131. 801
mounting. prevention of. 24.82. 1607
Pickup. description of, 16.44, 743

eynpathetk, definition of, 1.115. 27
Vibrato. definition of. 1.39. 17
Vibrator power supply
description of. 21.194. 11I6
nonsynchronous design of. 21.165. 1199
synchronous. description of, 21.111. 1199.1200
Video,

disc recorder. description of. 17.232. 882-883

tale recorder
basic principles of. 17.231. 877.891
synchronous connection of. 3.11. 130-131
test tapes 19.11. 1031

VI meter
accuracy of, 16.20. 448
noon. description of. 11.7. 446-446

INDEX
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Volume Indicator-erint'd

VI meter-coned

meter
correction factor. nees1, for, 11.31. 131

Peak reading. 10.45. 467-458
voltage calibration. 23.167. 1632

Virgin magnetle Moping. srstern for.

17.236.

VII and VI meters

1091

filter
of,

purpose

26.137.

1135

microphone. 1.55, 16G
freqiieney range comtua red to
otruments. 1.121. 32-33
Print. use .,f. 1.1:1..17

Voltage
amplifiers. selection of tubes. 12.189. 5748
average 25.149. 1607
cell. standard, deocription, 23.195. 1544-3545
-dependent rem ishir. dem-HO ion of 24.84.
160;.1605

divider
bypassing of. 21.41. 1178
calculation of. 21.36. 1174
capacitive. advantages of. 22.44. 1143
definition of. 21.37. 1178
resistive. high -voltage. 22.45, 1263
series. definition of. 21.40. 1179
wattage. ealeulation of, 21.39. 117441711
doubler. description of. 21.6. 1165-1146
drop. power supplies. regulated, for. 24.417.
1608

impedance..

bridging Irmo
definition of. 10.33. 452
equation. 11.32, 451-452

correetion Nror equation, 11.32. 451-432
level terminology. 10.36. 455
ref
VU meter*
A and B scales, 14.19. 418
accuracy ,61. 10.21. 418-449

in

musical

Volkmn. John F... 2.117. 53

gain

of.

types

Volume range. definition of. 1.67,
VII and .W. definition of. 10.13. 147

mill loudspeaker, centering of, 20.21. 1090system,

recording.

reading cif. 10.26, 450

Voice

levivolorr

film

18.113. 939

Visculoot. description of. 16.47. 74?
Vocalist
ruing of. 2.63. 57
separation from orchmitra. 2.62. 54-57
Vocelee definition of. 25.94, 1610
Voider. definition of. 21.93. 1630

I

definition of. ILI. 141
photographic

966-810: 17.227. 870

addition of. 18.13. 467
Mienuator for. 10.23. 450
ballistics, 10.3. 444: 10.21, 44a
calibration of. 10.14. 447
complex waveforms. effect of. 10.27. 480
connections. 10.24. 449.450
conversion to 150 ohms. 10.31. 452.451
correction factor, need for. 10.31. 441
definition of. 10.2. 442
dynamics. 10.3. 444
frequency response. 16.3. 444
general characteristics. 10.3. 444
harmonic distortiv.n. 10.3, 444
impedance. 11.3. 444
impedance other than 600 ohms. 10.30. 451

ineertion of lend. 10.28. 450

lead. magnetk recording. for.

17.163.

819-

$20

I dnilliwatt calibration of. 10.17. 441
"vermin( fetter.% equations for, 11.42. 457
optical, description of. 10.41. 456.457
overload rharorty r i rr ics. 14.3. 444

calculation of.

1449

unequal impedances, calculation

of

23.43.
23.44.

1449

generation of. 25.131. 1451.1651
level. VU meters. equations for. 10.42. 4:17
Ifenktrolfeak. 75.141. 1651

power level indicator. description of.
rectifier distortion. emus* of.

23.93. 1488-1489

reference level. 10.11. 447

reference standard. ICI. 447
scale. 11.3. 444

Protector. crowher, definition of, 21.88, 1191

fiensitivity. 10.3. 444

itioodrupler, description of, 21.1. 1144
regulation. calculation of. 8.21. 111
regulator

voltage calibration. 21.167. 1532
wide range. decaription of. 10.6. 444-446

electromechanical. IL 104. 399-400
tube

Wall ohale. Motion picture theatre, 2.49. 49-50

regulation characteristics. 21.117. 1207
series connection. 21.117, 1206
rms. 25.149. 1657

1360-

1351

true rms. calibration of. 23.216. 1542
vacuum -tube
audio -frequency. 22.99. 1311-1351
decibel male. linear. 22.1112. 1361-1361

Vdt.ohtnmeter, description of. 27.11. 1231-1235
Volume rompreasion. magnetic tape and
Volume Indicator
attentintor for. 10.29. 450-451
hollirtics identification of. 10.23. 441
impedance. 10.29. 4510451
magic eye. 10.44. 457

Warble film. use id'. 19.70. 1037
Worble oscillator. description of. 22.52. 1277
Water cooling. projector. connections fur.
19.167. 1071

-sensitive capacitor. definition of. 11.104. 482
triple,. description of. 21.7. 1141
Reny point. 25.54, 1624
Volt. International. value of. 23.196. 1545
Voltmeter
calibration, from fie source. 23.146, 1611
crest, definition of. 23.23. 1622
electrostatic. description of. 22.6. 1111
reaptanevoroopled amplifiers. 22.141. 1512
transistor measuremente 23.161. 1111

cause of. 17.124. 798

447
447

Walls. mtenflution. measurement 111. 2.31. 61

1207

22.91.

voltage ammo 600.rihm line. 11.12.
voltage across 400s.hra line. 11.11,

w

ambient light. effect a. 21.117. 1207
description of. 11.30. 462.463
light effect on, 11.20. 463
power supply. design of. 21.117. 1206-

I rue- re.....ndIng. Ilaxrirlion of.

10.35.

453-455

reading of. 11.21, 430

Water. frequency range through. 1.92. 21
Waite
ronveroion b. .ksribelo. equation fur, 23.42.
1149

venue horsepower. 3-34. 104
versus torque. 3.40, 107
Was c

analyser. plotting of. 23.7. 1438

filter
characteriotirs. plotting of. 23.63. 1464
definition of. 7.1. 321
measurement ..f, 23.60.

1461-1442; 23.61.

1461-144A

owillator destortion, effect of. 23.102. 1149
Waveform
complex. 1.65. 17.114
ion of. 23.172. 1533-1634

rienpressional. 1.1. 11

rylindrical, definition of. 1.10. II
dialogue and music, characteristic of.
431

human opeech. III. 21
longitudinal. 1.5. 11
Leak -lo -peak amplitude. 1.3. II

plane wave. definition of. EL II

18.13.

INDEX
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Wire-eontd

Waveform cont'el
quadrature. definItinn of. 25.134. 1618
shear, definition of. 1.6. 11

rlt

speaker -line.

sinusoidal. definition of. 1.15. 16

fruinicy effect

on,

34.147,

1137

spherical. definition of. 1.11. I I
thermocouple 'MAC?' affected by. 22.18. 1236-

table. 25.162 1663
Wireless microphone. design of. 1.72, 1/46-18.11

Wondermc 19.128. I558
Wod. John F.. 1.119. 223
Woofer. definition of. 20.11. 1084

1239

transverse. definition of, 1.7. 11
Wavelength
definition of. 1.44. IR
disc -recording. cleulation of. 13.81. 662
recording. calculation of. 17.157. 811-8111

Work print

relation to reeording diameter and frequency,
16.51. 7111

sound in air. calculation of, 1.51. 17
Wave trams. prevention of. 2.71. 59
Waxing ph graphic film. purpose of. 11.188

description of. 18.144, 962
Projection of. 19.151. 1061
Woven -tape winding. 5.18. 233
Wow disesrecorder, standard for 13.35, 656
Wrap around. definition a. 17.11. 78:1
WYe connection. 3.27. 104

954

Weighted

X

rharaeteristics ot. 2.91. 73-74
definition of. 2368. 1487
flutter measurement. purpose of. 17.115. 109
selection of. 2.93. 74

ton" network. design of, 5.11. 210

rharacteristirs for. 111.1911. 1063
circuit for. 19.119. 14153-1064
construction of. 19.196. 1052-1083
mounting of. 19.1115. 11.162

Wente. F.. C.. 1614. 896
Weston, Edward. 23.195. 1541
Wheatstone bridge. 22.21. 1239

Whittle. urc.larni.. prevention of. 26.117. 1611
White nolae. 13.64. 361
generator. dssseription of. 22.56, 11.10-1282
loudspeaker frequency characteristics. tests
for. 23.135. 1510

White sound. ,kllnitwn of. 1.140. 35
Whisper, loudspeaker. definition of. 20.13. 10941
Whole tone. definition of. 1.89, 21

Wien bridge, midi. frequency. description of.
22.36. 1250-1251

life of. 19.107. 1053
light. wavelength of. 19.105. 1052
Xenon projection lamp., 19.33. 1028

z
Zangle mater. definition of, 22.113. 1379
Zenrr diode

current regulation. design of.

31.118. 1207-

1209

de breakdown. measurement of. 23.2111.

1641+-

1550

definition of. 11.116. 482
description of. 11.118. 511-513
dynamic impedance, measurement of. 23.205,

Wild shot, definition of, 16.325. 10114-1005
Williarna. J. It_ 25.213, 1194
Williamson amplifier. 12.232. 611.611
Winding. tertiary. definition ..f. 1165. 3S2
Window. monitor. construction of. 2.57. 54
Wind screen. microphone, 4.90. 197.199
Wire
circular mil area of. 21.26. 1674
code, colon. for. 21.60, 1692
field. definition of, 25.172. 1671

1660

operating range Of, 21.119. 1209

voltage regulation. design of.

21.118.

1207-

1209

Zenith. magnetic -head. adjustment of. 17.146
811

Zero
beat, definition of. 23.178. 1636.1637

induct/me.. affected by. 25.131, 11149

lit a. description of. 25.46, I62fi
shielded,
for. 25.1. 1619
size

Xenon lamp

level, definition of. 10.16. 447

mea.urrment.

load current. for, 14.29, 1571
power supplies. regulated. for. 24.17,

-shift. negative and print &nano-.. determination if. 18.265. 991-992
-suPPresseri meter. purpose of. 24.81. 1607

16014

voltage point. definttom of. 25.51. 1621
"Z" set. description ..f. 22.35. 1260
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