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PREFACE

The reproduction of sound has become one of the most active fields
of electronics at the present time. It is of particular interest to the ama-
teur as well as the professional experimenter, and a constantly increas-
ing number of experimenters, engineers, and technicians are becoming
interested in the design and construction of equipment and systems for
sound reproduction. Many radio repairmen are also being called upon
to assemble such systems for the general public, and to keep them in
repair.

The purpose of this book is to present a complete and basic intro-
duction to the principles and techniques of sound reproduction, so that
those interested in it can acquire the necessary background to pursue
their interest in this field. The book is intended for those who have some
familiarity with the basic principles and components of electronic cir-
cuits, but who are not necessarily specialists in electronics or in audio.
Radio experimenters, amateurs, servicemen, and engineers in other fields
will find this book a complete presentation of the information required
to understand, design, and construct sound reproducing systems, and
a guide to the selection of items which are to be purchased.

An effort has been made to present the material in such a way that
readers with different backgrounds will find it useful. The book starts
with the fundamental principles of sound production and reproduction
and of audio amplifiers, then progresses to the application of these
principles to form complete units and audio systems. All phases of the
subject are covered, from the basic theory of sound and musical instru-
ments, to the design and construction of amplifiers and loudspeaker
enclosures and their placement in the room. The amount of mathematics
has been kept to a minimum, so that the book will be useful to readers
without an extensive mathematical background. (Note: For those with
somewhat less technical backgrounds and for those who are interested
in a complementary book on high fidelity reproduction, the author
recommends “High Fidelity Simplified” by Harold D. Weiler, published
by John F. Rider Publisher, Inc,)



Portions of the text in this book are an expansion of the author’s
articles which appeared in Radio and Television News magazine. The
author is grateful to the publisher and editors of that magazine for
permission to reprint this material along with some of the illustrations
which appeared in the series.

The author also wishes to express his gratitude to Mr. Milton 8.
Snitzer, managing editor of John F. Rider Publisher, Inc., for his help
in reading and correcting the manuscript, and for his many fine sug-
gestions which were incorporated into the text.
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Chapter 1

INTRODUCTION

Production and Reproduction of Sound

The production of sound is an art which originated at a very carly
stage in man’s progress toward civilization. Speech probably originated
shortly after men began to utter sounds, and the first production of
music by singing and musical instruments took place not long afterwards.
Historical records and studies of contemporary primitive socicties show
that the earliest instruments were usually drums and simple reed wind
instruments. The progress of civilization improved the structure and
increased the types of musical instruments until the present advanced
stage of development was reached. At the present time not only do we
have the highly developed manual and breath instruments, but also new
classes of instruments in which the production of sound is aided by
modern electronic techniques.

For several thousand years “reproduction of sound” meant the
production, by voice or musical instrument, from memory or sketchy
instruction, of sounds which had previously been produced by others.
With the introduction of adequate systems of musical notation such
reproduction of sound and music could be done much more accurately.
Since the development of modern broadcasting and recording methods,
the reproduction of sound means the exact replaying, at a different
place and time, of sound which has previously been produced. The
sound is stored on some type of record, or transmitted by some type of
transmission system, and when reproduced is almost identical with the
original.

With the constant improvement in methods of sound reproduction
the demands of the listener have gradually become more critical. The
earliest phonographs gave very poor reproduction of recorded sound, but
this poor quality was accepted by the listener because of the many
cultural and musical advantages offered by even this quality of repro-
duction. However, because of the obvious need for improvement in
quality, there has been a constant technical improvement to the present
science of sound reproduction where the differences between the original
and the reproduced sound are almost negligible,

1



2 GUIDE TO AUDIO REPRODUCTION

Until a few years ago most listeners were satisfied with the quality
of the sound being produced by their standard commercial radios,
phonographs, and amplifiers; only a relatively small group was inter-
ested in true high-fidelity reproduction. This group was composed
mainly of audio engineers and technicians whose specialization in the
field of sound reproduction had taught them the advantages and in-
creased enjoyment to be gained from better reproduction. The great
majority of listeners were quite satisified with the reproduction which
could be obtained from small table model receivers with no appreciable
low-frequency reproduction, or from large consoles with very little
output above about 4,000 or 5,000 cycles per second.

During the past few years many more people have begun to realize
that their enjoyment of speech and musical reproduction can be greatly
increased when the program material is faithfully reproduced without
appreciable audible distortion. There has been a great increase in public
interest in good reproduction of sound, and today every music lover and
record collector is anxious to obtain the best reproduction he can. At
the present time the average layman can, with relatively little difficulty
and expense, have a really good high fidelity system which will repro-
duce sound that is practically identical with the original.

High Fidelity Reproduction

For a number of years there has been considerable discussion con.
cerning what is most to be desired in the reproduction of sound, and
what basis to use in judging the results. Many experiments have been
performed in attempts to obtain quantitative data that would represent
the best type of sound reproduction. Essentially the question is: Should
the reproduction system attempt to improve the final output sound or
should it reproduce the original exactly?

The only way to answer this question is to find out the overwhelm-
ing preferences of large numbers of listeners, since public acceptance is
always the ultimate test of any type of endeavor relating to artistic cre-
ation. Therefore, all tests which are performed to obtain the answer to
this question depend upon statistics obtained from large numbers of
listeners, with the preference of the greatest number taken to represent
the most desirable type of reproduction.

The earliest tests performed on this subject tended to indicate that
the listener preferred reproduction having a restricted frequency range
rather than wide-range reproduction. This result seemed to explain
why most radio receivers in the home are found to have the tone control
knodb set for minimum high-frequency response, and to justify the de-
sign of radio receivers and audio amplifiers with practically no response
above 5,000 cps. However, these tests were inconclusive and their results
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did not agree with other known facts. Experience shows that when the
tonal quality of a musical instrument is not fully pleasing to the public
ear, that instrument is gradually changed to make it more acceptable.
Modern instruments have reached their present form and have remained
as they are for many years because the public ear is satisfied with them.
If this were not so, they could readily have been changed to another form.

Further investigations showed that these early tests were not given
quite properly in that some important factors were not carefully con-
trolled. Some of the important factors being measured were masked by
other spurious factors. Improved tests were performed in which more
accurate control was maintained over the conditions of the tests, and
the results of these tests were more reasonable. They show that the best
sound reproduction is that in which the listener hears as nearly as pos-
sible an exact reproduction of the original sound, and that this should
not be “improved” upon by the reproduction system. Any differences
between the original and the reproduced sound are distortions. These
distortions may take various forms, all of which should be avoided (or
kept to negligible proportions) in order for the reproduction to be good.

The term “high fidelity” refers to sound reproduction in which the
various distortions are kept below the limits which are audible to the
great majority of listeners. Considerable time, effort, and expense have
been put into studying different methods of accomplishing such repro-
duction, and at the present time there are numerous ways of accomplish-
ing it. Methods and techniques have been developed until the degree
of fidelity with which sound can be reproduced depends only upon the
time, effort, and expense which are devoted to the task.

The Nature of Sound

Sound is the sensation produced through the ear when certain
vibrations are set up in the surrounding air (or other elastic medium)
by a vibrating body. Sound may also be considered to be the vibrations
themselves or the vibrational energy that produces this sensation. It
has two important characteristics: (1) frequency — the number of vibra-
tions per second, representing pitch; and (2) amplitude or intensity —
which determines the loudness.

The sound wave in air consists of periodic changes in pressure in
the direction in which the sound is traveling. The front of the wave
may start as a compression of the air molecules at the point where the
sound is being produced. This compression causes a region of high
pressure which pushes the adjacent air particles in an outward direction
against the neighboring particles, thus causing the compression to move
away from the sound source. While this compression is moving away,
the vibrating source is moving in the opposite direction, causing a



4 GUIDE TO AUDIO REPRODUCTION

PROPAGATION Fig. 1-1. Pktorial representa-
tion of the production of sound
waves, lllustrating the compraes-
sions and rarsfactions of air.
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lowering of air pressure, known as a rarefaction, to follow the compres-
sion wave. Another compression follows, then another rarefaction, and
this process is repeated at the rate of vibration of the source as long as
this vibration continues.

A pictorial representation of the production of sound waves is shown
in Fig. 1-1, which illustrates how a sound wave consists of compressions
and rarefactions of the air. If a graph of the sound pressure along the
direction of propagation is drawn, its variations will be as shown in
Fig. 1.2. The variations of pressure moving away from the source of
sound in the direction of propagation will have the shape of a sine wave,
for a pure tone, with pressures varying above and below normal atmos-
pheric pressure. The air particles themselves do not move with the
wave, but merely oscillate back and forth to transmit the pressure varia-
tions, Since the particles move back and forth in the direction of sound
energy travel, the sound wave is known as a longitudinal vibration. (In
some other types of wave motions, such as ocean waves and vibrations
of a string, the particles which transmit the wave move in a direction at
right angles to the direction of propagation; waves of this type are
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» pressure variations along the direc-
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called transverse.) Sound waves can be transmitted in other media
besides air; they can travel in any elastic medium in which vibrations
occur and the particles return to their original position after the sound
has been transmitted.

One complete set of variations starting at one condition and return-
ing once to the same condition comprises one complete cycle. The num-
ber of such cycles which occur in one second is the frequency of the
sound. The greater the number of cycles per second the higher the
frequency. The number of cycles produced per second multiplied by
the actual physical length of the wave, as measured between correspond-
ing points on two adjacent compressions or rarefactions, gives the velocity
of the sound. This is stated mathematically as:

v=fa
where v is velocity in feet per second, f is frequency in cycles per second,
and A is the wavelength in feet. The velocity of sound in air is approxi-
mately 1,100 feet per second.

The difference between the maximum pressure and the normal
atmospheric pressure (which is also equal to the difference between at-
mospheric pressure and the pressure of greatest rarefaction) is the peak
amplitude of the wave and is a measure of the loudness of the sound.
If any point is taken along the wave shown in Fig. 1-2, its distance along
the axis represents the phase at that point. Since the sound pressure
variation is a sine wave in this case, a complete cycle is 360 degrees with
the phase measured from zero at atmospheric pressure at the beginning
of any positive half-cycle.

Audible sound is produced by any object vibrating at a frequency
within the limits audible to the human ear. The exact limits vary widely
depending on age and sex, with the greatest frequency ranges generally
belonging to women and children. For 50 percent of the average popu-
lation the audible frequency limits are 20 and 14,000 cycle per second;
for about 5 percent of the average population, these limits are about
16 and over 20,000 cycles per second. Frequencies below the lower limit
of audibility are called subsonic, while frequencies above the upper limit
of audibility are called supersonic or ultrasonic.

A number of familiar vibrating objects which can produce sound
are shown in Fig. 1-3. If a string supported at both ends is plucked the
impulse travels along the string to the point of support, where its phase
is reversed. It then travels back to the other point of support where it
is again reversed in phase. Because of the addition of the waves travel-
ing back and forth along the string between the two points of support,
the strongest vibration of the string will occur at the frequency whose
corresponding half-wavelength is equal to the length of the string. This
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type of vibrating motion of a string is the basis of the sound production
of all musical stringed instruments, whether they be plucked, bowed, or
struck by a hammer. Similar vibrations can also be produced by a
stretched membrane where the vibrations can travel in any direction
along the membrane. This type of sound production is represented by
the various types of drums. Another common type of vibrating object
is the reed, which generally excites a resonant column of air that produces
the actual sound which is heard. A column of air in a tube acts ef-
fectively for sound waves in the way a string does for transverse vibra-
tions, and the frequency of resonance is changed by changing the length
of the air column. The wind instruments produce their sound by ex-
citing such a resonant column of air and by changing the length of this
column either by holes in the tube or by using telescoping tubes of
variable length.

Any resonant vibrating element like a string or open air column will
support a strong vibration whose half-wavelength is equal to the length
of the string, and will also support any higher frequency vibrations of
which an integral number of half-wavelengths equals the length of the
string. The lowest frequency vibration is the one for which the resonant
structure is a half-wavelength, and is called the fundamental vibration.
The higher frequency vibrations, in which more than one half-wave-
length is contained in the same length as the fundamental, are called
harmonics or overtones. The frequency of the second harmonic is twice
that of the fundamental, the third harmonic three times that of the
fundamental, etc.

If a string, a membrane, or an air column is caused to vibrate, the
waves which are set up along its length will not be purely the funda-
mental, but will also contain appreciable amounts of the various har-
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monics. The harmonic content of the sound which is produced depends
upon a number of factors, such as the construction of the musical instru-
ment, the type of sounding board, the point at which a string is set into
vibration, or the manner in which an air column is caused to vibrate.
This harmonic content determines the quality of the sound, and is the
characteristic which distinguishes the tone of one musical instrument
from another.

If a graph of the sound pressure variations is drawn for a sound
having an appreciable quantity of harmonics, the curve will no longer be
a pure sine wave as shown in Fig. 1-2. Instead it will consist of the sum
of a number of sine waves of different frequencies, amplitudes, and
phases which add together to produce a complex wave shape. The dif-
ference in a wave shape of different sounds may best be understood from

JANEYA YA A% WA WA WA

T U T W W W

(A) sing wave (C) rrecaL cLamimer Tone

(D) vypicaL voioe Tone

(B) sing wave with secone anp
THIRD HARMONICS

Fig. 1-4. Typical wave shapes contalning different amounts of harmonics.
the curves in Fig. 14, which show the type of pressure waves obtained
from the same fundamental frequency with different harmonic contents.
The important differences between these curves, and the differences
in the tonal quality which they represent, are due to their harmonic
content, which may be of much higher frequency than the fundamental.
In the reproduction of such sounds, the amplitude and phase relations
of all the higher frequency harmonics must be maintained in order to
reproduce accurately the tonal quality as well as the pitch and amplitude.

The Human Ear

The mechanism of hearing is of fundamental importance in the
reproduction of sound, since the capabilities and limitations of the ear
determine the requirements of the reproduction.

The ear picks up the sound vibrating in the air and transmits nerve
impulses to the brain, which analyzes the sound into its various compo-
nents. The ear is divided into three chambers as shown in Fig. 1.5, The
outer ear is a short, narrow tube closed at the inner end by an elastic
membrane, the ear drum. Any pressure wave in the air which reaches
the ear is transmitted through the outer ear to the ear drum. Behind the
ear drum is a small cavity containing three small bones (hammer, anvil,
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and stirrup) linked together to form a system for transmitting vibrations
of the ear drum to the oval window of the inner ear. The inner ear
consists of a coiled spiral (cochlea) with bony walls containing a num-
ber of small hairs which are the ends of the auditory nerves which trans-
mit the vibrations to the brain.

If the spiral of the inner ear were straightened out its appearance
would be as shown in Fig. 1-6. It is essentially an acoustical transmission
line divided along its length by a membrane along which lie the auditory
nerve endings. The sound vibrations are transmitted along its length
by the fluid with which it is filled. Each of the nerves along the mem-
brane is resonant at a different frequency, and responds to sound of that
particular frequency; therefore the brain knows the frequency by know-
ing which particular nerve is excited by the sound. The nerves which
respond to high-frequency sound are located at the end of the membrane
closest to the oval window where the sound enters, while those which
respond to the low frequencies are located at the far end away from the
oval window. In Fig. 1-6 the approximate frequencies of response at
various distances along the membrane are indicated by the scale along
the top; the actual physical dimensions of the inner ear are shown by
the scale drawn along the bottom. Since the various sections along the

Fig. 16. The structure of the
ear, with the Inner ear straight-
ened out and simplified. Actual
physical dimensions are indicat-
od by the sole of centimeters
underneath, and the frequency

scale indicates the distances

olong the basilar membrane

which respond to the various
frequencies.

COCHLEA MEMBRANE
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membrane are resonant structures, small differences in frequency are
distinguished from one another by the phase of the response.

The loudness of the sound determines the amplitude of the vibra-
tion in the fluid of the inner ear, and therefore the degree of response
of the auditory nerves, The response to sounds of different intensities is
proportional to the logarithm of the intensity, rather than directly to
the intensity. Thus, if there are three sounds with relative intensities of
1, 10, and 100 units, the ear will perceive the same relative difference in
intensity between 1- and 10-unit sounds as between 10- and 100-unit
sounds, even though on an absolute intensity basis the difference of 90
between 10 and 100 is much greater than the difference of 9 between 1
and 10. The ear, however, is interested only in the fact that there is a
ratio of 10 to 1 between the two sounds in each case.
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different frequencies at various loudness g 0 s — = -
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quired to give the effect of the same 40 .
loudness. S N o2t
< 20 \‘ s oy
g ': it~ L1
- TOWER LiniT 5\' ub1B }!
.20 ey Th oF AuDiBiLITY
2 "0 100 K 10K 20K
FREQUENCY INC.PS

The ear does not have the same response to sounds of different fre-
quencies, and the apparent loudness of a sound depends upon its fre-
quency as well as its intensity. Curves showing the relative response of
the average ear to different frequencies are shown in Fig. 1.7. These
are experimentally measured curves, each showing the sound intensity
required at different frequencies to give the effect of the same loudness.
They show that fairly high loudness levels of 80 to 100 db are heard
almost uniformly over the entire audio range, but at lower levels the ear
is much less sensitive to the low and high frequencies than it is to the
middle frequencies. Thus, a barely audible sound at a frequency of 80
cycles per second will have to be more than 100 times (20 db) as intense
as a barely audible sound at 1,000 cps.

The Decibel and the Logarithmic Frequency Scale

The property of the ear to respond to ratios of sound intensity is
expressed mathematically by the use of the logarithmic ratio called the
decibel. The decibel is defined as a ratio between two powers, and this
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definition can also be used to express ratios of voltages, currents, and
intensities:

Decibels (db) =10 logi, b
E2
=20 logye Er

The first equation expresses the difference in decibels between two dif-
ferent powers (P2 and Pl), while the second expresses the difference
in decibels between two different voltages (E2 and El) or intensities. A
value of 0 db means that the two powers or intensities are equal,

The decibel is the most widely used unit in audio engineering be-
cause it represents so accurately the response of the ear to different in-
tensities, and because it can be used to express a wide range of intensities
on a very useful scale. However, it should be clearly understood that
the decibel is only a unit comparing any two levels; it does not give any
absolute value for either. Thus, 20 db means a 10 to 1 ratio of intensi-
ties, but does not tell whether the intensities are 1, 10, 100, 1000, or
any other specific values. When graphs are plotted in which different
intensities are represented in decibels, some arbitrary intensity is taken
as the reference value of 0 db, and the others are plotted relative to this
reference. To relate the graph to absolute intensities, the actual mea-
sured value of 0 db must be included. For example, when sound in-
tensities are being discussed, a common reference level is taken as 10¢
watt/cm3?, and for power levels in audio circuits a common reference
level for 0 db is 1 milliwatt across a 600-ohm impedance. The abbrevia-
tion “dbm” is frequently used in audio work to indicate a power ex-
pressed in decibels with a reference level of 1 milliwatt.

When curves or graphs of audio frequency response are drawn, such
as those in Fig. 1-7, a logarithmically spaced frequency scale is used along
the horizontal axis rather than a linear one. The reasons for this type
of scale are that the ratios of the frequencies are important, and a very
wide range of frequencies must be shown on the graph. When the log-
arithmic frequency scale is used, the response at frequencies as low as 20
cps can be indicated as clearly as the response at frequencies as high as
20,000 cps. This is not true of a linear frequency scale. In addition,
a constant frequency ratio is represented by the same distance between
any points on the curve, so that harmonic frequency relations can be
indicated as clearly at low frequencies as at high frequencies.

Since the decibel and the logarithmic frequency scale represent the
response of the ear to different sounds, audio-frequency graphs are gen-
erally drawn in a way which takes these factors into account. They are
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drawn on semi-logarithmic graph paper, on which the frequency scale
is logarithmic and the amplitude scale is linear. Frequencies are then
indicated directly, and amplitudes are shown in decibels.

Characteristics of Musical Sounds and Speech

The three important characteristics of sound are amplitude, fre-
quency, and quality. If these three characteristics of a sound are known,
its nature can be described. Sounds which have no regular frequency
of vibration are called noise, and are disagreeable to the ear because of
their lack of definite frequency or pitch. Musical sounds are more
pleasing to the ear because of the regularity of their vibration.

The vibrations of musical sounds are produced by setting into vibra-
tion a resonant structure, such as a stretched string or membrane, or a
resonant column of air. The vibrating element generates the sound,
supplies the energy, and also generally determines the frequency of the
sound (although other parts of the instrument may serve to keep this
frequency constant). The vibrations originating in the generator are
usually amplified in musical instruments, either by resonance or by forced
vibrations in other parts of the instrument.

Stringed Instruments. In stringed instruments the sound is genera-
ted by causing a stretched string to vibrate by either plucking, bowing,
or striking. The frequency of vibration is determined by the length,
tension, and mass of the string. Frequency is inversely proportional to
the length, directly proportional to the square root of the tension, and
inversely proportional to the square root of the mass, according to the
formula:

f = Lo/ L
T 2L Y m

where f=frequency, L=Ilength, T =tension, and m=mass.
Therefore the low-frequency notes are produced by long, loose, heavy
strings, while the high-frequency notes are produced by short, tightly
stretched, light strings. The strings are tuned to exactly the desired
frequency by adjusting the tension. In instruments such as the violin,
guitar, and cello, a wide range of frequencies is produced with a few
strings by pressing down with the fingers at the appropriate points on
the string to shorten the vibrating length and therefore increase the
frequency. In the harp, pedals are used to change the tension of the
strings to produce different frequencies.

The manner in which the string is set into vibration is the main
factor determining the quality of the sound produced by stringed instru-
ments. The strings of a piano are struck at one end by felt covered
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hainmers to give a damped oscillation. The violin string is bowed to
give a steadily sustained tone as long as the bow is being drawn across
the string. The strings of the harp are plucked at the center to give a
damped oscillation whose sounds differ from that of the piano.

The manner in which the sound of the string is amplified depends
upon the construction of the individual instrument. In instruments
such as the violin, cello, and guitar the vibrations of the strings cause
the entire body of the instrument to vibrate and amplify the sound. The
piano has a special large thin sheet of wood, called the sounding board,
located underneath the strings to amplify their sound. The sound which
is heard from a stringed instrument comes from the large amplifying
surface, and not directly from the string; without this amplification the
instrument would be barely audible. The amplifying surface itself has
no resonances within the frequency range of the instrument, since it
must be equally responsive over the entire frequency range. Therefore,
it amplifies the sound only by being set into forced vibration by the
strings.

Wind Instruments. Wind instruments produce sound by setting
into vibration a resonant column of air. They fall into two separate
groups: those in which nothing vibrates but the air, and those which
have a mechanical vibrator such as a reed or the player's lips. The
sound is generated either by a thin stream of air or by the motion of the
reed; although the generator supplies the sound energy, it usually has
no definite resonant frequency of its own. The air column has a funda-
mental resonant frequency and a number of higher harmonic resonances,
therefore it vibrates very strongly at any of those frequencies which may
be present in the generator’s vibrations. The large volume of air inside
a tube is thus set into vibration, and sends out a good volume of sound
into the outer air. The air column, therefore, determines the frequency
of the note and also acts as the amplifier. Different notes are obtained
by selecting different harmonics of the air column or by changing its
length, Changing the length is accomplished either by opening holes
in the side of the tube (as with flutes and clarinets), by inserting addi-
tional lengths of tubing with valves (as with cornets and French horns),
or with sliding tubes (as with slide trombones).

The resonant frequency of the air column is determined by its
length and by whether the ends of the tube are open to the air or closed.
When the tube is open to the air at both ends the lowest frequency of
resonance is that at which a half-wavelength is equal to the length of
the tube. When the tube is open at one end and closed at the other
the lowest frequency of resonance is that at which a quarter-wavelength
is equal to the length of the tube. The lowest frequency of the open-
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ended tube is thus twice as high as that of the tube with one end closed.
Harmonics of the fundamental resonant frequency are, of course, also
resonant frequencies of the tube.

The human voice is a wind instrument of the reed type. The sound
is generated by the vocal chords, whose frequency can be varied by
changes in their tension, length, and thickness. The energy in the sound
is supplied by the steady flov of air from the lungs over the vocal chords
and through the mouth and nose cavities. The quality of the tones is
determined by the position of the lips and the shape of the mouth and
nose cavities. The vocal mechanism can produce an extremely great
number of sounds differing in frequency, quality, loudness, duration,
growth, and decay.

Musical Scales, Musical sounds are generally considered to repre-
sent a pleasing combination of sounds. A combination of two frequencies
will sound pleasing to the ear if the ratio of their frequencies can be
expressed by small numbers such as 1:2, or 2:3, or 3:4. The sound wave
caused by these combinations of frequencies has a simple waveshape, as
can be seen from Fig. 1-4, and the ear seems to prefer simple waveshapes.
The ear recognizes a marked similarity between tones related in fre-
quency by 2:1. Such notes are said to be an octave apart, and are de-
noted by the same letter or name in musical notation. The reason they
sound so much alike separately, and so well together, is probably because
they occur together so commonly in the overtones produced by musical
instruments that the ear has become accustomed to them.

The frequency range in an octave is divided into smaller intervals
to form the musical scales. The musical scale which has the most
musically pleasing combination of notes is the diatonic scale in which
the frequencies of the various notes are related according to the sequence:

C D E F G A B C
9 5 4 3 5 15

|t =i —— === 9

8 4 3 2 3 8
The major chords in this scale are composed of three tones whose fre-
quencies are in the ratio of 4:5:6, and the minor chords are tones whose
frequencies are in the ratio of 10:12:15. Most of the notes of this scale
form exact and simple ratios with one another.

A typical scale based on these frequency ratios is shown in Table 1-],
which shows the key of C Major and the frequencies of the various notes
based on the diatonic scale. Suppose the musical scale starts on the
second note of this scale — to form the key of D. The frequencies of
this key are seen to require the addition of two new notes — one between
F and G, the other between C and D. If musical scales are based on
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FREQUENCY — Cycles Per Second

C D E(F G Al B|C
Scale
based on C | 256 288 320 (341 384 426 | 480(512
Scale
based on D 270] 288 824 360|384 4321 480
Scale
based on E 268 300|320 360 400|426 | 480

Table 1.I. Fraquencies of the notes in the diatonic scole In the keys of C, D, ond
E Major based on C of 238 cps, showing the different frequencies required by
the vse of the diatonic scale.

each note in succession, altogether five new notes are needed. The com-
plete scale containing these five additional notes is called the chromatic
scale. However, even if these five new notes are added to the scale, the
frequency ratios would still be incorrect with changes in key, as can be
seen by comparison of the required frequencies in the key of C and D.
shown in Table 1-I. To obtain correct frequency ratios for all the
changes in key would require about 40 or more notes in each octave.

Since it is obviously impractical to have the extremely large number
of notes required by the diatonic scale, especially for instruments with
notes fixed in frequency, a compromise has been adopted. From Table
I-I it can be seen that for changes in key the musical scale consists of
twelve intervals. If each of these intervals is approximated by the twelfth
root of 2, an approximation of the correct intervals results, and the
octave is then made up of 13 notes, each of which is 12/ 2 or 1.06 times
the frequency of the next lower one. This scale based on equal inter-
vals (i.e., a constant factor of multiplication) is known as the equally
tempered scale, and is the scale actually used in music.

A comparison of the equally tempered and the diatonic scales is
shown in Table 1-1I. (The reference frequency in Table 1-1I is A=440
cps, which is the American standard pitch.) This scale gives no perfect
consonances, but the departures from the ideal frequencies are very
small. It has the advantages that the scale can start at any frequency
and maintain the same frequency ratios, and that all the keys can be
played on a musical instrument using the same notes without requiring

FREQUENCY — Cycles Per Second
C|DI|E]JF IGIA|{B |C

Freq. on equally-

tempered. scale 261.6 |293.7329.6|349.2{392 | 440 |493.91523.2
Freq. on diatonic
scale 261.61294.31327 |348.7)392.4] 436.1] 490.5]523.2

Table 1-ll. Comparison of frequencies of notes in equally tempered and diatonic scale in key
of C Major. (Frequencies shown for equally tempered scale are present Amerlcan standard of
440 cps as frequency for tone A.)
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retuning. The 12 intervals are called half-tones and, as can be seen
from Table 11, there is a half-tone interval between the third and fourth
notes of the scale and between the seventh and eighth notes, all the other
intervals are whole tones. This relationship is true in all major scales,
regardless of the note upon which the scale begins. In minor keys there
are several different distributions of half-tone and whole-tone intervals
which changes the character of the music played in these keys.

Frequency and Amplitude Ranges of Sounds

When the musician speaks of the range of a2 musical instrument or
a voice, he refers to the frequency range of the fundamental frequencies
which can be produced. Musical scales and notation also refer to the
fundamental frequency, since the fundamental frequency determines the
note which is produced, while the overtones add the color and quality
to it. The fundamental frequency ranges of voices and various musical
instruments are shown in Fig. 1-8. Although there may be some individual
variations, the ranges shown here are typical of average voices and in-
struments.

FEMALE VOICE
MALE VOICE
VIOLIN

BASS VIOL
PIANO
TRUMPET
FRENCH HORN
BASSOON
0BOE

FLUTE
PICCOLO

PIPE ORGAN

e R R973RB38 3 §I3/T & b IEem
FREQUENCY IN CPS

Fig. 1-8. Frequency ranges of the fundomental frequencles of volces and
various musical Instruments.

The sounds produced by the different musical instruments are dis-
tinguished by the overtone structure. If the fundamental were pro-
duced with no overtones, all instruments would be producing a pure
sine wave identical with that produced by an oscillator, and there would
be no differences between them. The range of frequencies present in a
single note of a musical instrument therefore extends from the funda-
mental frequency (which is the lowest frequency present) to the fre-
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quency of the highest overtone. The complete frequency range of the
instrument extends from the fundamental frequency of the lowest note
to the highest overtone of the highest note which it can produce. In
addition to these musical notes, many instruments produce character-
istic noises accompanying the music (such as the scraping of the bow, or
breath noise) which must be considered as part of the sound produced
by the instrument, and which may often extend to higher {requencies
than the overtones of the musical notes. The overtones and the accom-
panying noise range extend the upper limit of the spectrum by a factor
of two or more octaves in many cases.

The frequency and volume ranges of speech and ochestral music
are shown in Fig. 1.9. The frequency range of music is from about 40 to
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14,000 cps and the range of volumes is about 70 db. Speech covers a
much narrower frequency and volume range. The two curves for the
limits of hearing are included in Fig. 1.9 for reference. It can be seen
from comparison of these curves that the reproduction of speech and
music does not require the full frequency and amplitude range of the
ear.

The relative amplitude range of sounds which are normally en-
countered is shown in Fig. 1-10. This chart shows the measured intensity
of the different types of sounds and the noise level at various locations.
This comparison serves the function of relating the different sound levels
to well known and familiar types of sounds, and compares the different
types of sounds with the better known ones. It shows also, for example,
that the loudness levels in orchestral music cannot be adequately repro-
duced in a city apartment, because the room noise is as loud as the low-
est sounds, and adequate reproduction of the loudest levels would cause
equally loud complaints from the neighbors and the management.



Chapter 2

HIGH FIDELITY REPRODUCTION OF SOUND

Limitations and Preferences of the Human Ear

Comparison of the amplitude and frequency ranges of speech, or-
chestral music, and various other types of sounds with the limits of
hearing, as shown in Figs. 1-9 and 1-10, shows that the range of the ear
is wider than is needed for the perception of these sounds. Moreover,
the ear has a number of other abilities which are- not represented by
these curves, It is able to analyze complex sounds into their various
components, to detect the wave envelope and transient nature, changes
in amplitude and frequency, and many other important qualities of the
sound to which it is listening. A change in amplitude of about 1 decibel,
and changes in frequency of about 3 or 4 cps (over a frequency range
from about 100 to 2,000 cps) can be detected by the critical listener.
Transient tones can be heard if they last 1/20 of a second or longer. By
comparing the difference in intensity and phase of the sound at the two
ears, the brain is able to localize the source of the sound with great
accuracy.

Because of the abilities of the ear to determine these important char-
acteristics of complex sounds, many factors are important in determining
the accuracy and fidelity with which such sounds must be reproduced.
The accepted criterion of sound reproduction is that the listener should
hear as nearly as possible an exact reproduction of the original sound.
Any differences between the reproduced and the original sound are
distortions. Restricted frequency range in reproduction is one form
of distortion, but there are also several others which may occur. The
following list includes all the types of distortion which are at present
known to have an important effect on the quality of the reproduced
sound:

(1) Frequency-amplitude distortion.

(2) Reproduction noise.

(3) Harmonic distortion.

(4) Intermodulation distortion.

(5) Transient distortion.

(6) Phase distortion,

(7) Frequency-modulation distortion (wow and fluttter).

18
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These distortions occur within the reproducing system, and are capable
of measurement and analysis. However, there are certain other funda-
mental limitations which are present in any attempt to reproduce sound.
These might properly be called acoustic distortions:

(8) Differences in acoustics between the room in which the

sound originates and the room in which it is reproduced.

(9) Spatial distribution effects.

(10) Limited dynamic range in reproduction.
The acoustic distortions are not strictly defects of the audio system,
since they are inherent in any attempt to reproduce sound from one place
to another.
Types of Distortions

Frequency Range. At one time the main criterion of good repro-
duction was thought to be the width of the frequency range. The “high-
fidelity” enthusiast would, for example, judge the excellence of a phono-
graph system by the amount of high-frequency needle scratch he could
hear. Thus, the more high-frequency noise and record scratch, the
better the quality of reproduction. This type of judgment has by now
become more or less obsolete, since it is now realized that for true high-
fidelity reproduction all forms of distortion must be eliminated and the
original sound reproduced as accurately as possible in all respects. Some
of the other distortions are much more distasteful to the ear than loss
of high and low frequencies, and when they are present the listener
usually prefers the restricted range which reduces their effects. (This
explains the results of the earliest tests in which listeners were found to
prefer narrow-band reproduction, since in these tests no attempts were
made to remove the various distortions which are related to the frequency
range.)

Reproduction Noise. The noise introduced by the reproducing
system is generally the most obvious form of distortion, and must be
kept as low as possible, both because it limits the dynamic range and
because of its disagreeable quality. The highest noise level is usually
found in the reproduction of phonograph records, due to the record
scratch introduced by the surface of the disc. Other parts of a high-
quality system should introduce practically no noise.

Nonlinear Distortions. Harmonic and intermodulation distortion
are extremely important factors in most of the equipment in current use.
These distortions occur whenever the amplifier is not perfectly linear
(that is, the output is not perfectly proportional to the input signal).
This nonlinearity gives rise to spurious harmonics which are not present
in the original signal, and causes modulation of the high frequencies by
the low-frequency components. It is usually the intermodulation rather
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than the harmonic distortion which is responsible for the disagreeable
quality when a system is overloaded, since the intermodulation products
generally contain frequencies which are discordant with the original
sounds. At the present time these are perhaps the most important and
troublesome forms of distortion, since when they are high they tend to
mask other distortions because their effects are more unpleasant.

Transient Distortion. When the noise and distortion of the system
are within the limits required for good reproduction, then the various
other forms of distortion are not masked and become important. It has
been found that two systems with identical frequency and non-linear
distortion characteristics may often sound quite different when they
reproduce speech or music. This difference generally occurs when one
of the systems has good transient response, and the other has poor trans-
ient response. Very few natural sounds (including speech and music)
are sustained for any long period of time — the various components
generally occurring in bursts of short duration. This can easily be ob-
served by watching an oscilloscope trace (swept at about 20 to 50 times
per second) and noticing how the various components are constantly
being generated and disappear. It is, therefore, extremely important
that for good reproduction the entire system must have good transient
as well as steady-state characteristics, and should have no undamped
vibrations which will appear for a dynamic signal and produce unde-
sired hang-over that distorts the effect of the sound. This important
factor is generally overlooked by many experimenters and technicians
who are not sufficiently familiar with the requirements of good repro-
duction.

Phase Distortion. This type of distortion takes place when the
relative phases of the various components are not the same in the output
as in the input of a reproducing system, As a result, a change in wave-
shape occurs even though the same harmonics are present and in the
same magnitude. This has some effect on the sound quality and on the
transient response.

Frequency Modulation Distortion. When sound is reproduced from
disc or magnetic recordings, the frequency of the output sound is deter-
mined by the relative speeds of the recording and reproducing drive
motors. When these motors do not run at absolutely constant speed,
there is heard a flutter or wow in the frequency of the reproduced sound
which is quite annoying and serious. These effects are apparent in the
reproduction of sustained steady tones, where variations in pitch can
be most easily detected. Such speed variations can also be heard in the
reproduction of percussive tones in disc recordings, where the sharp
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transients impose very heavy louds upon the driving motor and may
cause it to change speed due to this variation in load.

The results of the listener preference tests show that the various
electronic distortions must be kept down to inaudible or barely audible
levels for good reproduction. However, the situation is different in the
case of the acoustic distortions, since many psychological factors enter
into the question of listening to sound in a location different from that
where it originates. Since listening to the sound of a full orchestra in
the average living room is completely different from listening to it in the
concert hall, the listener may feel free to go in for considerable experi-
mentation to decide which type of reproduction he prefers for himself.
Dynamic range may be increased by the use of volume expanders. Ex-
periments to correct for the difference in spatial distribution of the
sound may be performed by several methods which have been tried for
obtaining stereophonic reproduction. The reverberation and absorp-
tion of sounds of different frequencies can also be controlled by chang-
ing the absorptive and reverberant properties of the room, and by means
of artificial reverberation systems,

Requirements for High-Fidelity Reproduction
Although the psychological factors involved in the transfer of sound

to a new location are often a matter of individual preference, the most
logical procedure is to try to make the final effect upon the ear as much
as possible like that obtained from the same sound in the location where
it originates. Normally, the sound heard from an orchestra in the con-
cert hall is considerably louder than is practical for the average listener
to obtain from his loudspeaker in the home, especially if he lives close
to his neighbors or in an apartment house. However, the ear does not
have the same response for different acoustic levels, therefore some
compensation must be made for this difference. Figure 1-7 shows the
effect of the intensity level at various frequencies on the ear. Each curve
shows the intensity at different frequencies to give the effect of a certain
loudness. A loudness level of 80 to 100 db is heard almost uniformly
over the entire audio range, but a frequency of 60 cps has to be heard at
a 60 db level to have the same loudness as 1,000 cycles at a 20 db level.
Thus, there should be considerable bass boost, when listening at normal
home levels, to give the same effect as the actual orchestra’s performance.

The systems which exist at the present time for the reproduction of
sound are, unfortunately, not capable of producing without distortion
all the sounds which are required from them. This may be better un-
derstood when it is realized that vacuum-tube amplifiers are not strictly
linear in their response, sometimes cannot be used over the complete
frequency range, and can be overloaded. In addition, the electro-mechani-
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cal components of the system, particularly the loudspeaker, are required
to duplicate at one time all the sounds which can be produced by every
instrument in a large orchestra — which is by no means a simple achieve-
ment. Therefore some compromise must be made between the require-
ment of perfect fidelity of reproduction and the limitations of the repro-
ducing system.

The electronically generated distortions must always be kept to an
absolute minimum (except in the case of the intentionally introduced
frequency-amplitude distortions, such as by “tone controls”). There
are practically no occasions where it would be desirable to accept such
distortions as intermodulation, for example, and such distortions are
permitted only to a minimum degree since it is a2 physical impossibility
to eliminate them entirely.

By proper design and setup of the system these distortions can be
kept below the level at which their effects can be detected by the average
listener. Tests and experience have indicated certain distortion levels
which may be accepted as the requirements for good reproduction, and
the extent to which a system meets these requirements may be considered
a measure of the quality of reproduction.

Complete reproduction of all the fundamentals and harmonics which
are present in the music produced by a symphony orchestra would re-
quire a frequency range of approximately 20-14,000 cycles. However,
for almost all practical purposes a frequency range of 40-10,000 cycles,
with satisfactory distortion characteristics, has been found quite accept-
able to about 90 percent of the listeners for all types of speech and music.
While such a reduction of bandwidth will remove some of the highest
frequencies present in the original sound, this cannot be detected by
large numbers of listeners, and is in general felt to be not objectionable.

For a system of good quality the noise and hum level should be of
the order of 50 to 60 db below full output, although the noise level from
a phonograph record will generally not be better than about 35 to 40 db
below peak signal.

At one time it was believed that 5 percent total harmonic distortion
was acceptable in a high quality system, but today it is felt that this figure
is too high (especially in amplifiers using beam power tubes or pen-
todes, since 5 percent total harmonic distortion from them appears to
be more objectionable than 5 percent from triodes). Present thinking
is that the total harmonic distortion (exclusive of the loudspeaker)
should not exceed 1 or 2 percent. From general experience it seems
reasonable to rate an amplifier having 10 percent intermodulation dis-
tortion with 2 percent harmonic distortion as fair quality, and one having
4 percent intermodulation with 1 percent harmonic distortion as good.
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With the addition of a good loudspeaker total harmonic distortion is
increased by only 1 or 2 percent, provided the speaker is not overdriven.
No general conclusions have yet been derived concerning intermodula-
tion distortion for loudspeakers, although it should be as low as possible.

Although no standards have as yet been determined, it is known that
a good system should have good transient as well as steady-state charac-
teristics, and should have no undamped vibrations when a square wave
is applied to the input of the system. In general the system should have
a smooth response with a minimum number of peaks and dips in the
response curve for good reproduction of transients. This factor is es-
pecially important in the electromechanical components of the system
(particularly in the loudspeaker).

Flutter and wow in the reproduction of disc and magnetic record-
ings can be serious and annoying; the ear is quite sensitive to this type
of distortion since it seldom occurs in nature. Under some conditions
the ear can detect the presence of as little as 0.001 percent flutter. The
best systems which are being used in broadcast and recording studios
at the present time maintain constant speed to about 0.1 percent or bet-
ter. About 1 percent flutter or wow is acceptable for a home repro-
ducing system.

RESPONSE OR TYPE OF LIMITS
DISTORTION SIGNAL
BEING WITH WHICH Good Acceptable
MEASURED MEASURED Reproduction| Reproduction
Frequency .
response Steady sine wave | 20-14,000 cps |40-10,000 cps
Noise level Zero —60 db below | —50 db below
full output full output
Har'mom.c Steady sine wave 2% tota.l 5% to.tal
distortion harmonics harmonics
Intermodulation | Sum of high-
distortion freq. and low 4o/ 109,
(amplifier freq. steady sine
alone) waves
‘Transient Square wave or No set standards
response tone burst
Wow and flutter | Steady sine wave 017 | 19,

Table 2.I. Summary list of the various electronic distortions and their limits for the
entire high-fidelity system.
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The above distortion information is summarized in Table 2.1, which
gives a list of the various electronic distortions and their acceptable
limits, and also the type of signal with which the amount of this dis-
tortion may be detected. When these factors are taken into account in
the design and setup of the reproducing system and the various dis-
tortion limits carefully considered, the best sound reproduction available
with modern techniques can be attained.

General Considerations

The reproduction of music and speech should be as nearly perlect
as possible with the present state of electronic engineering. The setup for
installation of a truly good reproducing system requires a basic under-
standing of the factors involved in the reproduction of sound, in the
basic requirements for good reproduction, in the capabilities and physical
limitations of sound reproducing systems and their components, and in
the practical applications of these various considerations to specific con-
ditions. The attainment of the best performance from the reproducing
system, with the most efficient use of equipment at the least expense,
also requires an understanding of the operation of the various com-
ponents and their interrelationships.

The basic considerations which are important in the reproduction
of sound have already been discussed. The factors which affect the
setup of the reproducing system, the manner in which they must be taken
into account, and their application to the actual design and construc-
tion of the various phases and components of the system will be de-
scribed in the next chapter. The overall setup and design of the com-
plete sound reproduction system according to the listener's specific re-
quirements are based upon the fundamental principles and requirements
of good reproduction.



Chapter 3

SOUND REPRODUCING SYSTEMS

General

Because conditions vary so widely in individual application, each
high-fidelity installation should be set up with individual requirements
in mind. Usually a single complete unit cannot be purchased which
will give results as satisfactory as can be obtained by a system set up from
an intelligent consideration of the various individual factors. The best
approach for the audio experimenter to follow is to study the conditions
which exist in his own case and compare them with the results he wants
to achieve as outlined in the earlier chapters of this book. (Of course,
economic as well as physical factors must be given important considera-
tion,) Next consider the various component parts of the system which
are capable of giving the desired results and performing the necessary
functions. Certain of these units may be constructed and others pur-
chased, according to the individual circumstances. The interrelations
between the various components must then be considered in combining
them to form the complete system.

Before even starting to set up the reproducing system first considera-
tion should be given to the acoustic conditions in the sound pickup
and listening rooms. The electronic and electromechanical components
of the system all may be physically perfect, yet bad room acoustics can
completely destroy the quality of the reproduced sound. The techniques
of controlling acoustic conditions in rooms are quite well known and are
widely used in the design of theaters and broadcast studios, but they
have not been very widely applied in the home even when great care
and considerable expense have been involved in setting up a high
quality sound reproduction system. The quality of reproduction will
be considerably improved if proper consideration is given to room
acoustics.

The important factors which affect the quality of sound in a room
are (I) the size, (2) the acoustical reflecting quality, and (3) the noise
level. Normally, the size and the noise level are factors which cannot
be controlled without considerable expense and must, therefore, be
compensated for. The sound reflecting characteristics, on the other
hand, can be controlled and cannot be compensated for if they are not

25
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good. Two important effects depend upon the sound reflection in a
room: one is the reverberation, the other is the spatial distribution of
sound in the room.

Reverberation and Diffusion of Sound

When any sound starts, its intensity does not immediately reach
maximum because it takes an appreciable time for some of the sound
to reach the walls and undergo one or more reflections before reaching
the listener. The intensity reaches its maximum when the steady-state
condition is attained — the listener then hearing both the direct and
the reflected sounds at the same time. After the sound source stops, it
also takes an appreciable time for the various reflections to be completely
absorbed so that they can no longer be heard. This persistence of sound
due to multiple reflections is caller reverberation. When sounds are
heard with too little reverberation they appear unnatural, while too
much reverberation causes them to lose in intelligibility due to over-
lapping of the various reflections.

The space characteristics of the sound reflections are also important
in determining the acoustic quality of a room. The behaviour of sound
presents a very complex problem, since 2 room is actually an acoustic
resonant cavity of fairly large dimensions with many resonant frequen-
cies. At the frequencies of resonance the sound is over-accentuated,
while at other frequencies the sound may be suppressed. With parallel
walls, transient vibrations known as “flutter echo” occur due to the
reflections between the walls. Concave surfaces tend to focus sounds to-
ward their center of curvature, giving a greater sound intensity at that
point than at other points in the room and creating the impression that
the sound originates at the concave surface. For a room to have good
acoustic properties, the spatial sound pattern should be as diffuse as
possible at all frequencies, with no standing-wave patterns and no points
of excessive sound concentration. If acoustic frequency response mea-
surements are taken in rooms with good and with poor sound diffusion
characteristics, it will generally be found that those rooms with diffuse
sound patterns show response curves which are fairly smooth with not
too many irregularities, while rooms with poor diffusion have a great
many irregularities in their response curves.

Sound diffusion and reverberation are best controlled by using the
proper quantity and quality of absorbing material, correctly placed so
as to eliminate sound concentrations and resonances. Diffusion without
absorption can be obtained by adding irregularities (such as convex
projections on a wall, and panels which are not parallel to opposite
walls) to give more diffuse rather than direct sound reflections. Use
of the proper proportion of absorbing material and diffusion techniques
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serves the dual purpose of diffusing the sound pattern and preventing
an excessive amount of room reverberation. One type of wall treatment
which gives good results where it can be employed, is to arrange some
decorative pattern of serrated or convexly curved reflective surfaces al-
ternated with absorbing areas. Another method is to have absorbing
surfaces, such as heavy draperies, rugs, or large openings, opposite the
large flat reflecting surfaces.
Typical Room Arrangements

These various techniques can also be combined in many ways, and
generally the actual room layout and design will be a combination of
the various sound diffusion techniques tailored to fit the particular
requirements, For example, a typical living room having good acoustic
properties might be one laid out as shown in Fig. 3-1. Note how the
facing walls are handled so as to prevent excessive reflections and the
setting up of standing-wave patterns within the room. The placement
of furniture is also arranged to produce good sound diffusion. The
larger wall adjacent to the loudspeaker is partially covered with heavy
draperies and curtains, and that portion of it which is bare is facing a
large archway that opens into an adjacent room. The smaller adjacent
wall is completely covered with draperies and curtains. Note the use
of upholstered chairs and a sofa in front of the bare walls in the listening
room. Thus, any tendency toward resonances between the walls is
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Fig. 3.1. Lloyout of a typical living room which hos been arranged to give good
acoustic properties for the acceptable reproduction of music and speech.
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Fig. 3-2. Llayout of a living room which displays satisfactory acoustic properties,
although not as good as that shown in Fig. 3-1.

considerably reduced. A rug on the floor reduces reflections between
the floor and ceiling.

The room shown in Fig. 3-2 is another layout which has demonstra-
ted satisfactory acoustic properties, although the layout is not quite as
good as that of Fig. 3-1. One wall is covered with curtains and draperies,
opposite this is a large archway leading into another smaller room, the
floor is covered with a fairly thick rug under which is a soft pad, while
the ceiling and two remaining walls are reflective. There would seem
to be some tendency toward resonance between the two opposite re-
flecting walls in this room, but the furniture layout seems to provide
sufficient absorption and diffusion to eliminate any marked resonances.
If any wall treatment had been found necessary, a panel with either an
absorbing or a diffusing effect in one of the walls would have been
enough to correct the difficulty.

Reverberation Times in Good Reproduction

Numerous listening tests have shown that there is an optimum
reverberation time for rooms of various sizes. It is not desirable to make
the walls of a room too absorbent, since when there is too little reverbera-

tion the sound has a dull, lifeless quality; however, too much rever-
2
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beration results in a loss of intelligibility. The most desirable re-
verberation times of various size rooms for a frequency of 1,000 cps have
been found to be those shown in Fig. 3-3. The reverberation times for
reproduced music should be less than for the same live music, since the
reproduction already contains the reverberation of the production studio.
The desirable amount of reverberation as a function of frequency, rela.
tive to the 1,000 cycle value, is shown as the “optimum time” curve in
Fig. 3-4. Note the optimum reverberation time at 100 cps is almost twice
the value required at 1,000 cps. At frequencies over about 5,000 cps, the
optimum reverberation time is slightly more than is required at 1,000 cps.

Some reverberation time measurements have been made in rooms
like those shown in Figs. 3-1 and 3-2, with results as shown in the
“measured time” curve of Fig. 34. The most important factor which
can be observed as a result of this measurement is the considerable lack
of low-frequency reverberation. The reason for this effect is that the
wall and room resonant frequencies occur in just this frequency range,
so that sound energy which should be reflected is, instead, dissipated in
friction due to the wall and room structure vibrations.
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The net result of this reverberation-frequency effect is to make re-
produced music in small rooms sound deficient in bass. However, this
deficiency cannot be completely compensated by simple bass boost, be-
cause reverberation adds color as well as volume to the sound. Listening
tests readily demonstrate these conclusions. Another effect which occurs
in small rooms arises from the fact that a small room has more reflection
than a large room or auditorium. The main impression of sound quality
is formed in the first 250 milliseconds of reflection; therefore, because of
the greater number of reflections during these first 250 milliseconds the
smaller room has a greater opportunity to impose its characteristics on
the reproduced sound. A listening comparison of the same material
reproduced in the small room whose measurement is given in Fig. 3-4
and in a motion picture theater showed it to sound definitely better in
the theater.

The lack of low-frequency reverberation in small rooms repre-
sents a serious problem in setting up a high quality sound reproducing
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system. Years of listening to sound reproduction have, to some extent,
made us accustomed to this factor in listening to sound reproduction
in the home; however, this is certainly no solution to the problem since
it merely means accepting inferior quality of reproduction. One com-
promise is to use a certain amount of bass boost to overcome the ap-
parent deficiency in bass. Although this does not give the complete
effect of the desired reverberation, with a good loudspeaker system fairly
good sound will be obtained. The best method of cumpensating for
the lack of low-frequency reverberation is by means of a frequency selec-
tive, synthetic reverberation system which can give complete compensa-
tion for the room defects.
Basic Components of Sound Reproduction Systems

Once the room acoustics are considered satisfactory, attention can
be given to the details of the electronic reproducing system. Any system
for reproducing sound consists essentially of: (1) a microphone for pick-
ing up the sound in the air and converting it into an electrical signal,
(2) a means of transferring this signal, either in time by recording, or
in space by transmission, and (3) a loudspeaker for converting this vi-
bration back into sound.

S0UND
4 FREQUENCY RECOROING OR | IRECORDING OR
— PREAMPLIFIER o RESPONSE Lo AMPLIFER TRANSMISSION bod TRANSMISSION
Q EQUALIZATION TRANSOUCER MEDIUM
MICROPHONE

Fig. 3-5. Block diogram showing the bosic system for the recording
or fr lsslon of d

At the present time sound reproduction systems operate almost ex-
clusively by means of electrical signals. The basic system for recording or
transmitting sound is essentially that shown in the block diagram of
Fig. 3-5. A micophone converts the sound vibrations in the air into
electrical signals which are then amplified by a sensitive preamplifier.
This signal may then have its frequency-amplitude characteristics
changed in any manner which may be desirable for the reproduction
process. Further amplification supplies the power to operate whatever
type of transducer or converter is required for the particular type of re-
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Fig. 34. Block diagram showing the components of the boslc system for
reproduction of sound from o recording or transmission.
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cording or transmission system being used. The final step in the system
is the recording or transmission itself.

The basic components of any system for reproducing sound are
shown in the block diagram of Fig. 3-6. The reproduction process starts
with the recording or transmission, which is converted into an audio-
frequency electrical signal by the appropriate type of transducer (such
as a phonograph pick-up or radio receiver). The electrical signal is
then amplified, and passed through an equalizer to give the required
frequency response. A power amplifier supplies the energy for the loud-
speaker to convert the electrical audio signal into sound again. (The
various units and components of these systems will be discussed in
greater detail in later chapters.)

The availability of simple and inexpensive disc recording equip-
ment and the development of magnetic recording have made the record-
ing process as simple as the reproduction process, therefore many serious
listeners and experimenters are now interested in recording as well as
reproduction. The program material may originate either in the ex-
perimenter’s home or studio or, more often, may be a broadcast from a
radio station. A versatile system which can be used for recording from
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Fig. 3-7. Block diagram showing the setup of o system for recording from
either a direct pickup or from a radio broadcast.

either an actual performance or from-a radio broadcast is shown in Fig.
3-7. The audio signal may originate either in a radio receiver or from
a microphone, with the specific signal to be recorded at any specific time
being selected by means of an appropriate switching or mixing unit. The
microphone output would be amplified sufficiently so that the two sig-
nals are switched at the same level, and the rest of the recording channel
can be the same as shown in Fig. 3-5.

If a completely new system is being set up, it is generally desirable to
consider both the recording and the reproducing channels at the same
time. In this way both economy of equipment and simplicity of opera-
tion are obtained, since the entire system is better integrated as a whole.
Usually the signals which are to be recorded will be either directly picked
up by a microphone or from some remote point of origin by a radio
receiver, whereas the program material which is listened to in repro-
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Fig. 3-8. Block diogram showing the setup of o system which can be used for
simutlaneous recording and reproduction from either reproduced
sound or direct pickup.

duction will be obtained from records or from radio broadcasts. How-
ever, there are occasions when duplicates are to be made from other
records, and where it is desirable to listen to certain original sounds in
order to hear how they sound when reproduced through a loudspeaker.
The complete system can be set up to permit simultaneous recording
and reproduction from any of the three types of sound signal sources
in the manner shown in Fig. 3-8. This particular setup is quite simple
and flexible, while at the same time combining all the essential functions
for both recording and reproduction. A photograph showing the com-
ponents in a complete system appears in Fig. 3-9.

Fig. 39. Comp ts in o pk recording and reproduction system.
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The precise form which the various components will take, and their
specific characteristics, will depend upon the particular conditions which
are to be met.

Setup of the System
The setup of the channel itself will be one of the four basic setups

shown in Figs. 3-5, 3-6, 83-7 and 3-8, depending upon the functions which
are to be performed. The basic characteristics of the various units will
always be more or less the same, but certain essential characteristics (such
as power output, voltage gain, sensitivity, etc.) must be chosen specifically
for the particular application. In setting up the system, considerable
care must be taken in matching the various units correctly. Among the
major points which must be considered are:

(1) Type of signal.

(2) Input and output impedances.

(3) Signal levels and d-c voltages.

(4) Power requirements.

(5) Physical placement of the components.
Good reproduction will be obtained only if all of these factors are
properly considered.

Type of Signal. The type of signal at any point in the system may
take any one of several different forms. The original signal, of course,
is the sound in the air which is a mechanical vibration. Signals on discs
are in the form of groove variations, and on magnetic tape or wire they
are in the form of variations in a magnetized medium. Radio signals
consist of an amplitude-modulated or frequency-modulated high-fre-
quency electromagnetic field. The correct type of unit must be used to
pick up each of these signals, as indicated in Fig. 3-8, and to convert them
to an audio-frequency electrical voltage or current. This audio-fre-
quency voltage or current is then the signal which is present throughout
the rest of the reproducing system until it is again converted into sound
by the loudspeaker.

Input and Output Impedances. Every electronic unit is designed
to operate best when the unit to which its output is connected has some
specific impedance. These input and output impedances will de-
pend entirely upon the design of the unit, and when a commercial unit
is purchased this information must be obtained from the manufacturer.
The impedances may be as low as 2 to 4 ohms for a loudspeaker, or as
high as 1 to 2 megohms for the input of a voltage amplifier. Mismatch-
ing the input and output impedances will usually introduce distortion
or result in a loss of signal level, and should, therefore, be avoided.

Signal Levels and. D-C Voltages. Careful consideration must also
be given to matching the input and output voltages of the various com-
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ponents of the system. If the output voltage of one unit is too high for
the input required of the unit to which it is applied, serious overloading
and distortion will result, and often the equipment itself may be dam-
aged. If too little signal voltage is supplied, a high noise-to-signal level
may result, and it may not be possible to obtain a sufficient sound out-
put from the system. Attention must also be paid to the d-c voltage
levels at various points in the system, since some units can be operated
with high voltages applied to their inputs, while others would be dam-
aged by such voltage.

An examination of the manufacturer’s literature furnished with
commercial units will indicate proper operating conditions.

COMPONENT 6:%4_?_"1 OUT%T GAN OR Di-
OR Type of Tmped~ Fignal Tevel {approx_ 1| Type of Tmped- al leve lﬁrnx.[ SERTION LOSS
FUNCTION ngnal ance Voits F{onu- signal ance 'V:’o;ﬁ‘ = —% B (la &b)
Microphone Sownd — — — Flectrica) High/how | v 8% —
Plckap lead Record R - Plectricat | Jligd &8 i1 -
Radio receiver Radio trans- 107 10
{Tuser} enission -— 0.0t _— Electrical m,‘.. !_0 o had
Preamplifier Electrical High/low | — —§~8 to Electrical Higv/low | ~— «30 10 <80
Switching and
mixing aetworks Electrical High/low | e 0 Electrical Righ/low | = 1210 Oto -12
Notse lilter
amplifier Electrical Hightlaw | w— 130 Electeical High/how | = [ 010 +1%
Equalizer or
toae control Electescal High/low | a— L [} Elecirical High/low | — -15 =15
Gain control Electrical High/low Any Electrical High/law Any 0 to = Upually
_ set at =33
30 or
Power ampltifier Electrical High/tow | o tigher Elecirica) Low 110 100w | .30 10 «508 Approx, <30
Recording Usaally 1o 3010 Mechanical
transducer Electrical low SOw 47 of magnelis — bd -_ —
110 3010
Loudspeaker Electzical Low 100w 30 Sound —_— _— _— -—
*Reference level: O dbm-0. 01 want
o ae . d
Table 3-1. Input and output characteristics of the various P ts in @

reproducing system.

More specific details and information about these various considera-
tions are summarized in Table 3-I. This table lists the various com-
ponents of the system, and gives typical values for input and output sig-
nal levels (in voltage or decibels), type of input and output signals,
input and output impedances, and signal amplification or attenuation
of each component. This data can serve as a guide in setting up a
complete system, and may be compared with the signal levels and gains
of the various units in the block diagram of Fig. 3-8 to show its applica-
tion in a specific system.

Power Requirements. The required power output of the amplifier
will depend primarily upon the size of the listening room. The ampli-
fier power requirements can be determined from the chart given in
Fig. 3-10, which shows the actual acoustic output power needed for
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Fig. 3-10. Approximate acovstic power requirements for rooms of various sizes.

various listening levels. The lines marked “60 db,” 70 db,” and *“80
db” are for medium (as a background) listening, loud (serious) listen-
ing, and very loud listening. These lines represent the acoustic power
required for reproduction of the average level of the sound. To pro-
vide a reserve of power that can accommodate the very high amplitude
transient peaks that occur in music reproduction, it is common to re-
quire an additional 20 db of listening level. Therefore, for loud and
very loud listening levels for these peaks, the 90-db and 100-db curves
are provided.

Note that these curves indicate the acoustic power needed and not
the amplifier electrical power. To determine the amplifier power it is
necessary to know the approximate efficiency of the loudspeaker used.
Loudspeakers, in common with musical instruments, have very low effi-
ciencies. Typical values are 2 to 3 percent, with very good quality
speakers having efficiencies of about 5 percent. When such speakers
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are mounted in properly designed enclosures, higher efficiencies of 10
percent to as much as 50 percent in certain special cases are possible.

Assume we are interested in knowing the amplifier electrical power
needed for possible very loud listening that will handle the transient
peaks adequately. The listening is to be done in a living room of
average size, say 2,000 cubic feet. Referring to the 100-db line in Fig.
3-10, it is found that an acoustic power of 0.3 watt is needed. Assuming
a loudspeaker efficiency of 5 percent, this means that an amplifier out-
put power of 6 watts is required. Consequently, in an average-sized
room in the home, an amplifier and loudspeaker capable of handling
8 to 10 watts of electrical power will have an adequate reserve power for
any purpose. For unusually large rooms in a home, somewhat more
power is required.

Physical Placement. The physical placement of the various units
of the system and the permissible distances between them depend almost
entirely upon the impedance of the particular circuits involved. In a
circuit whose impedance is on the order of 0.5 to 1 megohm, a lead with
a capacitance to ground of as little as 30 p.f will appreciably affect the
high-frequency response. In the output of a crystal phonograph pickup,
which appears as a capacitance, somewhat longer leads can be tolerated.
Thus, the leads from the radio receiver should be as short as possible if
the receiver has a high-impedance output; while the leads from a crystal
phonograph pickup can be as long as 10 to 15 feet, but should not be
any longer for good high-frequency response. Lines at low impedance
can be as long as desired for mounting certain units remotely. Low-
level lines should be shielded to avoid pickup of 60-cycle hum.

Once the complete system has been set up, an overall test should
be performed to determine whether there are any impedance mismatches
or overloading at any point in the system. The simplest and most
direct test of this type is to apply to the input an audio signal which
is known to have good quality, and to listen to its reproduction from
the loudspeaker. If the system has been properly set up, there will not
be any appreciable distortion introduced by the reproduction system,
and the reproduced sound will be the same as the original input signal.

Economic Factors Affecting Choice of System Components

The basic sound reproducing system will be one of the basic setups
described in the following sections, however the actual components and
the separate units which make up the system must be chosen to suit
individual requirements. The economic factors entering into this choice
will vary with each individual installation, therefore there are no set
rules for setting up systems without complete information concerning
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these factors. Some of this information may be obtained from the fol-
lowing considerations:

(1) How much money can reasonably be spent for the system,
and how much time can be spent in construction of equipment and
installation?

(2) Will the system be used intensively enough to warrant
a substantial investment of time and money, or will it be used mostly
to provide pleasant background music?

(3) In what type of room will the reproduced sound be heard?
The size of the room, its reverberation and sound absorption char-
acteristics will have an important effect on the system requirements.

(49) What type of music will generally be reproduced, and
what will be the loudness level at which the reproduced sound is
listened to?

The answers to these questions are extremely important in determining
the exact components and the specific setup of the reproducing system
to meet individual requirements,

Other important factors which determine the specific nature of the
installation are concerned with the esthetics of furniture design and with
the convenience of installation and placement of the various components
of the system. Because the answers to the different questions which de-
termine the system can vary so widely in different individual cases, very
little can be said about the resulting reproducing system without know-
ing some of them.

However, certain very general estimates can be made of the possible
cost of the system. The minimum cost for an acceptable reproduction
system composed of commercially available units, to be used in an
average-size living room and built into existing furniture, would be of
the order of about $200. The maximum cost for a reproducing system
composed of the highest quality commercial units currently available,
mounted in good quality furniture units, might be as high as $1,500 or
$2,000. The cost of systems designed to meet specific individual re-
quirements might be anywhere within this price range. Of course, if
any of the units are built instead of purchased, the costs will be reduced
accordingly, and better reproduction will be obtained at lower cost than
if only commercial units are used.

In most systems the record-player is a commercially purchased one,
although an experimenter with adequate shop facilities can build or
assemble his own turntable. In most cases the commercial unit is pre-
ferable, and may be either a record-changer or a single-play turntable,
according to the user’s choice of better reproduction or ease and con-
venience of operation. Many engineers prefer to experiment with the
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construction of the pickup cartridge, but the availability of many fine
commercial cartridges makes it unnecessary for the average experimenter
to use any but a standard purchased unit. The electronic units in the
the system may be purchased commercially or constructed, the choice
depending only upon the preference and ability of the experimenter.
Electronic circuits can frequently be assembled and wired just as well
by the qualified amateur as by the commercial manufacturer, and the
greatest saving in money can be effected by home construction of these
units. Home construction has the further advantage that the circuits
can be designed specifically to meet the exact system requirements,
whereas commercial units must be integrated into the system. The loud-
speaker is almost always a purchased unit, although occasionally the
cone or the suspension may be modified. The choice of the loudspeaker
enclosure is almost entirely a matter of the installer’s ingenuity and good
taste. It may be either a cabinet especially designed to house the loud-
speaker, or the loudspeaker may be mounted in a convenient door, par-
tition or wall leading to another room, or a large closet. Excellent re-
sults can be obtained with any correctly designed type of loudspeaker
enclosure.

Iintegration of Commercial Units into the System

When the units of a sound reproduction system are specifically de-
signed and constructed for a particular installation, it can meet all the
individual requirements. On the other hand, if the system is composed
mainly of commercial units, they must be properly integrated into a sys-
tem which meets the requirements of high-fidelity production of sound,
ease and convenience of operation and adjustment, and the space and
mounting requirements of the room arrangement. One typical well-
planned, high-quality home sound reproduction system appears in Fig.
3-11.

The actual integration of the system depends primarily upon the
specific units which are to be used, but a number of statements may be
made which are true of sound reproduction systems in general. The
major difficulty in integrating a number of commercial units into a
complete reproduction system is the physical location of the different
units in regard to their electrical interconnection and the location of
control panels. For example, when the f-m tuner, the a-m tuner and
the amplifier are three separate units, then there will be three separate
control panels which may each contain volume and tone controls, and
two of which contain tuning controls. Furthermore, because of the
physical size of the units, the various sets of controls cannot be grouped
close to one another on a single panel, but are mounted some distance
from one another. Some users may not mind this multiplicity of con-
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Fig. 3-11. One typical well planned, high-quality home sound reproduction system.

trol knobs and the minor inconvenience of their location. Those who
do object to this inconvenience should either build or purchase a control
panel which contains all controls except the two tuning adjustments, or
else use an a-m/f-m tuner which contains a complete set of controls. All
controls on other units in the system may then be left at some con-
venient setting, and all control functions accomplished from the front
panel of the tuner or the control panel. Many such combination tuners
also contain preamplifiers so that the utmost in control convenience is
possible,

Another problem in the integration of a sound reproduction system
using commercial units is the electrical interconnection of the various
units. The input and output impedances must be properly matched,
and the signal levels should be correct at each point in the system. The
input and output impedances and signal levels of the various components
given in Table 3-I can be used as a guide to their electrical integration
into a complete system which meets the requirements of the installation.
If the record-player is to be mounted at a considerable distance from
the amplifier, a low-impedance line must be used from the output of the
record-player to the input of the amplifier. This means that if a crystal
pickup is used, some type of impedance-transforming circuit must be
located close to the record-player. Such a circuit may be a cathode-
follower, or a low-level amplifier having a transformer-coupled output
to a low-impedance line. The need for such an impedance-transforming
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circuit is avoided by the use of a low-impedance magnetic pickup. How-
ever, a magnetic pickup has a lower output level than a crystal; the
amplifier must therefore have an additional preamplifier section to
bring the phonograph output up to the level of the radio tuner output.

Very often it may be desirable to locate the control panel at some
distance from the other units in the system. In such installations, it is
preferable to have all audio interconnections at as low an impedance
as possible. In radio broadcast practice, 600 ohms and 150 ohms have
generally been chosen as the standard audio line impedances — 600 ohms
being the older standard, and 150 ohms being a more recent standard
in many new studio constructions. This impedance can be obtained by
either a transformer or a cathode-follower.

When the various components are to be located close to each other,
the integration of the complete sound reproduction system is not too
difficult and does not require the construction or purchase of special
units, The use of a commercial a-m/f-m tuner which can be used as
the main control panel will generally accomplish the major system in-
tegration function. If separate a-m and f-m tuners are used and a
separate control panel is desired, one of the several commercially avail-
able units may be used.

Since the integration of the complete sound reproduction system
is an important problem for both laymen and technicians alike, the con-
struction of special units for accomplishing this function will be described
in detail in later chapters. This information will simplify the setup
of a variety of very flexible sound reproduction systems from commercial
units with the purchase or construction of one or two simple inter-
ronnecting circuits.



Chapter 4

INPUT AND PICKUP UNITS

General

All systems for the recording or reproduction of sound must start
with some device for picking up the signal which represents the sound
to be reproduced. The basic input signal in any reproduction of sound
is, of course, the original sound in air which must be picked up and con-
verted into an electrical signal by a microphone. In home reproduction
systems the input signal is most commonly either (1) a recording on a
disc or a magnetic medium, which must be converted into an electrical
signal by a phonograph or tape pickup, or (2) a high-frequency electro-
magnetic signal representing a radio broadcast of a sound signal, which
must be picked up by a radio tuner or receiver. A proper understanding
of the functioning of the sound reproducing system must begin with
these various pickup devices.

No sound reproducing system of any sort would be possible without
the use of microphones, since all sound reproduction starts with the
sound pressure vibrations in the air. Since the energy that is available
to the microphone is extremely small, its electrical output is almost
always the lowest level in the entire audio system. The energy which
can be supplied from a record groove without damage to the groove or
loss of reproduction quality is much higher, therefore the output of the
phonograph pickup is generally 10 db to 20 db greater than that of the
microphone.

Microphones and phonographs may best be considered in two
groups, since the principles of their operation, their construction, and
their connection into the audio system are related to the output im-
pedance: (1) low-impedance microphones and pickups, and (2) high-
impedance microphones and pickups. This grouping determines the
type of preamplifier and circuit techniques which must be used with
them, The low-impedance devices include the various types of carbon,
velocity (or ribbon), dynamic microphones, and the various types of
magnetic and strain guage phonograph pickups. The high impedance
units are the crystal and condenser microphones and pickups.

41
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The important characteristics of the various types of microphones
— frequency range, output voltage, output impedance, directional char-
acteristics, and other important features — are summarized in Table 4-1
for convenient reference. The output characteristics of the various types
of phonograph pickups — those which are in widespread use, plus a
number of different types of pickups which are not widely used but
which also have features which are of merit — are summarized in Table
4-I1. Frequency range of these pickups varies widely depending on the
construction used, the stylus and arm employed, and the load into which
the pickup works. When properly equalized, some of these units pro-
vide flat frequency response from 20-50 cps to 10,000-15,000 cps.

Radio tuners for the reception of a-m and f-m broadcasts are elec-
tronic units which all have essentially the same principles of operation
except, of course, for the difference in principle between the a-m and
the f-m systems.

Their characteristics do not differ in many important respects, and
the differences between the various units in respect to sensitivity, stability,
output voltage, and output impedance are due to differences in circuit
details rather than to fundamental circuit differences.

Low-Impedance Microphones

Carbon Microphone. The carbon microphone (see Fig. 4-1) de-
pends for its operation upon the resistance of the contacts between car-
bon granules. It consists essentially of a carbon button, which is a cyl-
indrical cavity filled with carbon granules, and a diaphragm coupled to
this carbon button in such a manner that pressure variations in the air
cause proportional variations in pressure between the carbon granules.
This pressure variation causes a change in the resistance between the
plates which are in contact with opposite sides of the carbon button. An
audio-frequency electrical signal is obtained by using the microphone
resistance as one arm of a series voltage divider and measuring either
the voltage variation across the microphone due to its resistance varia-
tion, or the current variation in the circuit by means of a transformer.
The resistance of this type of microphone is generally of the order of
about 100 ohms. It has high electrical output and good enough fre-
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DIRECTIONAL
TYPE OF CHARACTER- OUTPUT OUTPUT FREQUENCY MAJOR
MICROPHONE ISTICS IMPEDANCE LEVEL RANGE APPLICATIONS
Veloaty (ribbon) | Bidirectional 50/250 ohms —55 dbm 0-15,000 cps Hi-qual. pickup
Dynamic Nondirectional |50/250 ohms —55 dbm 40-10,000 cps Studio and remote
(moving coil)

Crystal Nondirectional |1 megohm (ap- |[—51 dbm 1#0-10,000 cps Home and p. a.
prox.) at best

Condenser Nondirectional [About 10 meg- |Approx. —55 to 50-15,000 cps Hi-qual. pickup
ohms (requires{ —50 dbm after| or better and measure-
special preamp) preamp ment standard

Carbon Nondirectional 100 ohms Approx. —45 dbm|100-4.000 cps Voice reproduction

Table 4-1. Performance characteristics of the various types of microphones.

TYPE OF PICKUP

OUTPUT LOAD IMPEDANCE

OUTPUT LEVEL

Crystal

Approx. 1 megohm

Approx. 1 volt

Variable Reluctance (G. E.)

Approx. 6,800 ohms*

.01 volt

(Pickering)

Approx. 3,000 ohms*

055 voles

Dynamic (moving coil)

50-100 ohms

Approx. .01 volt

Strain gauge

100 ohms to 14 meg.

Approx. .005 volt

Eddy current (Zeneth Cobra)

Uses special preamp

Approx. 1 volt after preamp

Frequency modulation

About 10 megohms,
requires special preamp

Approx. 1 volt after preamp

*AES curve

Table 4-1). Performance charocteristics of the various types of commercial phonograph pickups.



44 GUIDE TO AUDIO REPRODUCTION

quency response and distortion characteristics for voice reproduction, but
is not suitable for high-quality reproduction of music.

Velocity Microphone. In the velocity (or ribbon) microphone, (see
Fig. 4-2), a thin, corrugated aluminum ribbon is suspended in the air
gap between the pole pieces of two parallel sections of a permanent
magnet. The difference in air pressure between the front and back of
the ribbon, due to the soundwaves in the air, causes it to move in the
magnetic field and generate a voltage proportional to the air-particle
velocity in the sound wave. The ribbon, which is a thin strip, can move
forward and backward but not sideways or up and down; therefore, it
is most sensitive to sounds which approach it perpendicularly, and has
no response to sound waves which move in a direction parallel to its

COVER SCREEN /

DIRECTION___
F =

0
SOUND

ALUMINUM
RIBBON

(A)

Fig. 42. (A) Internal construction of a typical ribbon velocity microphone.
(B) Typical figure-aight directional response of a velocity microphane.

plane. Its directional response is, therefore, that of the figure-eight
shown in Fig. 4-2 (B). The ribbon is extremely light and is loosely
stretched between its supports so that its natural resonant frequency of
vibration is below the audible range, therefore its response is uniform
over the entire audio-frequency range. Good velocity microphones are
capable of high electrical output level and uniform frequency response
from 40 to over 10,000 cps; they are probably the most widely used
studio microphones in high-quality commercial radio broadcasting and
sound reproduction.

Dynamic Microphone. The dynamic (or moving-coil) microphone
consists of a coil which is placed in a magnetic field and coupled to the
air by means of a diaphragm. The sound pressure vibrations in the air
cause the coil to move in the magnetic field and cut the magnetic lines
of force, thus generating a voltage in the coil. The details of construc-
tion, given in Fig. 4-3, show how the circular coil is mounted in the
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Fig. 43. (A) Internal construction of a typical dynamic or moving coll microphone.
(8) Typical nondirectional resp of a dynamic microphone.

movable diaphragm so that it is suspended in the radial field between
the two poles of a cylindrical magnet, and can move into and out of the
field according to the sound pressure variations in the air. The basic
construction is extremely simple, and the principle of operation is es-
sentially that of a loudspeaker in reverse. (This is why loudspeakers
also can be used as microphones in low-cost intercommunication sys-
tems.) In microphones for high quality sound reproduction, acoustic
and mechanical compensating networks are added to the basic micro-
phone design to improve the frequency response and directional char-
acteristics. Moving-coil microphones with such compensating systems
are capable of giving a frequency response which is flat from about 40
to 10,000 cps with a non-directional spatial response. Because of its
construction, the moving-coil microphone is more rugged than the velo-
city microphone, is less easily damaged by rough handling, less sensitive

to overloading, and not adversely affected by wind; therefore, it is well
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suited to public-address work and broadcasting of outdoor events as
well as for studio and indoor sound pickup,

A cardioid (heart-shaped) type of uni-directional response illustra-
ted in Fig. 44 is obtained by combining the bi-directional velocity re-
sponse of Fig. 4-2 (B) with the non-directional pressure response of Fig.
4-3 (B). In one microphone of this type, shown in Fig. 4-5, the figure-
eight response of a ribbon velocity section is added to the pressure re-
sponse of a moving-coil section. When the sound originates behind
the microphone the velocity section is moving out-of-phase with the
pressure section, therefore the additicn and cancellation of the signals
from the two sections results in the cardioid directional pattern.

RIBBON -

POLE PLATE
AND —+1
BAFFLE

\
ACOUSTIC

OYNAMIC RESISTANCE

HOUSING s

MAGNET

DIAPHRAGM il

RIBBON

MAGNET TRANSFORMER|

con L WPV\
[J : ’I

TERMINAL
PLUG

AND
MOUNTING ( A )

Part (B) Courtesy: Altec Lansing Corp.
Fig. 4-5. The Western Electric-Altec Lansing type 639 microphone. Cross-sectional drawing
shows how ribbon element (above) and dynamic element (below) are bled in one pact
unit to operate as a nondirectional, bidirectional, or cardioid directional microphone. Any of
these three effects may be selected by changing the setting of the flush-type switch (lower right).

High-Impedance Microphones

Crystal Microphone. Crystal microphones depend for their opera-
tion upon the fact that a piezoelectric crystal generates an electrical volt-
age when it is distorted by a mechanical force. Thereflore, if a crystal
is arranged so that the sound pressure variations in the air cause it to
be mechanically distorted, it can be used as a microphone to give an
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electrical voltage proportional to the sound pressure. There are two
different types of mechanical arrangements which are used for crystal
microphones: the diaphragm-actuated crystal, and the sound cell.

The diaphragm-actuated crystal is set up as shown in Fig. 4-6, The
diaphragm moves back and forth according to the sound pressure in the
air, and is attached to one or two corners of a bender or a twister bi-
morph Rochelle salt crystal. The crystal is thus distorted according to
the pressure of the sound waves, and produces an audio-frequency voltage
of the same wave pattern as the incident sound wave.

BIMORPH
CRYSTAL

2]
.ﬂ

Fig. 47. Baslc construction of a crystal
sound cell.

ENCLOSED
AIR SPACE
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The sound cell consists of two bimorph crystals assembled as shown
in Fig. 47, with a completely enclosed cavity between them. If the
instaneous external air pressure is greater than the pressure in the en-
closed space, the crystals will tend to be bent inwards, whereas a lower
external-than-internal air pressure will cause the crystals to bend out-
wards. In one case a positive voltage will be generated, in the other a

Fig. 49. A four-element sound cell con-
slsting of four single units In parallel.
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negative. If sound pressure variations occur in the air outside the sound
cell, a proportional audio-frequency voltage will, therefore, be produced
by the cell. No diaphragm is required since sound pressure acts on the
crystal elements directly. The output impedance of a single sound cell
is quite high, therefore a lower output impedance is often obtained by
the use of multiple sound cells stacked in parallel as shown in Fig. 4-8.

Crystal microphones give fairly good frequency response to over
10,000 cps and are suited to high quality sound reproduction. They
must operate into a high-impedance load, but with special coupling
transformers can be operated into low impedance lines, Sound cells
discriminate against mechanical shock and vibration, since the cell
responds only to changes in air pressure and generates no voltage when
it moves as a unit.

Condenser Microphone. The condenser microphone is one whose
operation depends upon variations in electrical capacitance between
two electrodes. The basic construction and principle of operation of
the condenser microphone is shown in the diagram in Fig. 4-9. It con-

Y,

| INSULATOR
g:gg:’g Fig. 4-9. (A) Basic construction

of the cond microph
DIAPHRAGM ~—.} (A (B) Typical high-quality conden-
) ser microphone.

CAPACITOR ®)
PLATE INSULATOR ! Part (B) Cour?:ry'; Altec Llansing

sists essentially of a thin stretched diaphragm which is separated by a
small distance from a parallel rigid plate. Variations in the pressure
of the air on the diaphragm cause it to move toward or away from the
plate, changing the electrical capacitance between them. Thus an
electrical capacitance variation is produced which is proportional to
the sound pressure variations in the air.

Good condenser microphones have uniform frequency response over
an extremely wide frequency range (from 0 cps to well over 10,000 cps)
with very stable characteristics, and at the same time are small and com-
pact physically. For this reason they are often used as a standard in
acoustic measurements. However, they do not give very large capaci-
tance variations for variations in air pressure, resulting in a very low
output signal. When used in a conventional series dropping resistor
circuit they give a very low output voltage at high impedance, but can
be used in frequency-modulated oscillator circuits to overcome this
limitation. Because of the inconvenience involved in their use, condenser
microphones have not been widely used in sound reproduction and
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broadcasting work in this country. However, recently small, compact
units have appeared which are quite popular.

The Phonograph Record

Since it is not always desirable or practical to listen to music or
other sound programs at the time they are being produced, one of the
most common input signal sources for sound reproduction systems is
the recording upon which program material has been stored for con-
venient reproduction at some other time or location. There are many
ways of accomplishing this recording process, but at the present time the
most widely used method is the recording on the phonograph disc.

The phonograph record is a thin disc less than 14 inch in thick-
ness and up to 10 or 12 inches in diameter, made either of a vinylite
or shellac composition. Upon the surface of this disc is impressed a
long spiral groove which is modulated to contain the sound pressure
variations. These records are produced in commercial quantity by an
injection molding process which stamps them at high temperature, with
the grooves pressed into the surfaces by a stamper made from the ori-
ginal studio master recording.

When the master recording is made, a disc of soft acetate composi-
tion coated upon an aluminum base is mounted upon a rotating turn-
table (see Fig. 4-10). A sharp stylus presses into the soft surface layer
so that it cuts a groove when the disc turns. The cutter is mounted
upon a lead screw which moves it toward the center as the record turns,
so that the groove forms a spiral. (The groove may spiral either from
the outside in, or from the inside out, but in present commercial records
the standard is a groove spiralling inward.) The stylus is caused to
move in a direction perpendicular to the direction of the spiral, by an
amount equal to the instantaneous sound pressure being recorded, so

oisc LEAD SCREW
WEIGHTED
TURNTABLE

Fig. 4-10. Construction of a
typical disc recording turntable. FLYAV:‘HEEL

0
COUPLING
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that the groove is modulated by this sound pressure. The modulation
may be either vertical or lateral, but lateral modulation is in almost ex-
clusive use at the present time. The stylus can be made to move by either
of two methods: it may be mounted upon a coil in a magnetic field so
that current in the coil causes it to move by an amount proportional to
the current, or it may be mounted upon piezoelectric crystal so that volt-
age applied across the crystal causes it to deform and move the stylus pro-
portionally to the voltage. From this master recording is made the
stamper which presses these grooves into the commercial record.

MODULATED SPIRAL
GROOVE

GROOVES

7°10"OR 12" DIAMETER

CENTER
HOLE

EMLARGED CROSS-SECTIONAL VIEW
(A) THE STANDARD PHONOGRAPH RECORD (8) SHOWING STYLUS IN GROOVE

Fig. 4-11. (A) The standard phonograph record. (8) Enlarged
cross-sectional view showing stylus in groove.

To reproduce the sound the record is played back by rotating it on a
turntable at the same speed at which the sound was recorded, with the
reproducing stylus placed in the groove so that the modulation can
cause it to move laterally according to the instantaneous sound pressure
represented by the displacement of the groove (see Fig. 4-11). The
reproducing stylus is part of a transducer which produces an output
voltage proportional to the position of the stylus. Thus the voltage
from the phonograph pickup is proportional to the instantaneous sound
pressure in the original program material being reproduced.

If a graph of the instantancous sound pressure is drawn as shown
in Fig 4-12 (A), a laterally modulated groove representing this same
sound will appear as shown in Fig. 4-12 (B), where the lateral displace-
ment relative to the position of the unmodulated groove has approxi-
mately the same curve as the graph of instantaneous sound pressure.
(Since the record rotates in a clockwise direction, those sections of the
groove at the left reach the stylus at a later time than those at the right,
therefore the groove will actually be a left-right inverted representation
of the sound pressure graph in which later times are shown at the right.)
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(EXAGGERATED)

Fig. 412. (B8) Modulation of groove corresponding to sound pressure shown in (A).

Record Standards. The present standard speeds of rotation of the
record are 78.26 rpm, 334 rpm, and 45 rpm. The 78.rpm rotation
is the older standard which has been in use for many years, but is
gradually being replaced by the newer 33}-rpm and 45-rpm standards
for commercial pressings. Since the velocity of the groove past the
stylus is much lower in the slower rotations, a smaller stylus and nar-
rower groove must be used to give the same high-frequency response.
Since they are narrower, the grooves can also be spaced closer together
without interference between adjacent grooves. In 78-rpm recordings,
a 2.5 or 3 mil (0.0025" or 0.003") stylus is used with approximately 100
grooves to the inch, while in 33}-rpm and 45-rpm commercial records
a 1 mil (0.001”) stylus is used with approximately 200 or more grooves
to the inch. (The shape and dimensions of the grooves are chosen
specifically for these stylus diameters, therefore use of different styli
will give less satisfactory quality of reproduction.)

Stylus Wear. Because of the small amount of contacting surface
the pressure between the stylus and the walls of the groove is very great,
and the resulting friction causes the stylus to wear down after a rela-
tively few playings. Since this can cause distortion and damage to rec-
ords the stylus must be made of a very hard material if it is to be used
for any appreciable number of records. The most common long-life styli
are tipped with osmium, sapphire, or diamond.

The useful life of a record stylus depends on the type of equipment
with which the pickup is used (equipment which reproduces the high
frequencies fully will require a more nearly perfect stylus), the degree
to which the listener is critical, the material from which the record is
made, and the weight of the pickup. An ordinary listener with ordinary
equipment will probably be able to use a sapphire stylus (3 mils) for
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about 1,000 12-inch, 78-rpm sides. A 1-mil sapphire stylus should be
satisfactory for about 100 to 300 12-inch 33}.rpm sides. A more
critical listener with wider range equipment will begin to notice distor-
tion due to stylus wear with as few as one-quarter these numbers of
playings. The life of an osmium is usually given as about one-ixth to
two-fifths that of the sapphire, while the diamond stylus should last for
about 10 to 20 times longer. Another authority has given the following
figures for stylus life for the critical listener with wide-range equipment:
an osmium-tip stylus can generally be used for about 35 playings of 12-
inch, 33} recordings, and about 100 playings of standard 12-inch
78-rpm recordings; a sapphire stylus is good for about 75 playings of
334-rpm recordings, and about 250 playings of standard 78-rpm re-
cordings; while a diamond stylus is good for over 1,000 334-rpm play-
ings, and over 2,000 standard-groove records.

Playing Time. A standard 78-rpm recording is capable of reproduc-
ing up to 434 minutes of program material on one side of a 12-inch disc.
The slower speed of rotation and the closer groove spacing make it pos-
sible to record for a much longer time on 33}-rpm and 45-rpm discs
of the same size. A commercial 33}-rpm recording is capable of repro-
ducing from 20 to 25 minutes of program material on one side of a 12-
inch disc. Because of the narrower groove and the longer playing time,
the commercial 33}-rpm records are generally known as Microgroove
or LP (Long-Playing) Records. The maximum playing time for the
regular 45-rpm record is 5% minutes, while the extended-play 45-rpm
record will provide almost 8 minutes of program material. All the
various types of pickups may be used for both long-playing and standard
78-rpm record reproduction. The difference in pickups for these two
types of recording are in the size of the stylus, the downward pressure
of the stylus, the fact that long-playing record grooves have half the
modulation, and slight differences in frequency equalization char-
acteristic.

The limitations imposed by the dimensions of the groove and the
physical characteristics of the recording and reproducing transducers
make it necessary to use frequency response equalization in cutting and
reproducing disc recordings. If a flat amplitude-frequency characteristic
were used in the recording, the maximum groove displacement would
be available at any frequency, but with present cutters this maximum
amplitude cannot be attained at high frequencies and cannot be repro-
duced by the pickup without considerable distortion. To avoid this
difficulty, a flat amplitude-frequency characteristic is used at the low
frequencies below a crossover frequency, which is generally somewhere
in the range between 300 cps and 800 cps. The characteristic curve
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drops off at a rate of 6 db for each octave above this crossover frequency.
This type of high-frequency attenuation is one in which the peak velo-
city of the stylus is constant regardless of frequency, thus the recording
characteristic is constant amplitude below the crossover frequency and
constant velocity above this crossover frequency.

Frequency response curves of this recording characteristic are shown
in Fig. 4-13. If the response is drawn on an amplitude basis it will ap-
pear as shown in (A) with constant amplitude at the low frequencies
and dropping off at the high frequencies; if the record is played back
by a pickup having an amplitude characteristic (crystal type), it will
have this type of frequency response. If the response is drawn on a
velocity basis it will appear as shown in (B), with constant velocity at
the high frequencies and dropping off at the low frequencies; if the rec-
ord is played back by a pickup having a velocity (magnetic type) char-
acteristic, it will have this type of frequency response. When the record
is played back, the output signal from the pickup must be properly
corrected to give the original flat frequency characteristic which existed
before the sound was recorded. This correction must be made for both
the type of pickup and the exact crossover frequency, in order not to
overemphasize either the low or the high frequencies.
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Fig. 4-13. Comparison of amplitude and velocity response to a standard 500 cps
crossover recording characteristic (with no high-frequency pre-omphaiis).

In practice, the standard recording frequency characteristic as shown
in Fig. 4-13 is not used in exactly the form which has been described.
To reduce the effects of record scratch and noise, a certain amount of
pre-emphasis is used at the high frequencies. Under these conditions,
a certain amount of high-frequency de-emphasis is required during play-
back. The use of high-frequency pre-emphasis to reduce reproduction
noise will be discussed in detail in a later chapter.

Phonograph Reproducers

The program material on the phonograph record is reproduced by
rotating the disc at the proper speed on a turntable, with the reproduc-
ing stylus in the groove so that the modulation causes a proportional
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output signal from the pickup. Therefore a phonograph reproducer
for disc recordings consists essentially of (1) a turntable caused to rotate
at the proper speed by a motor, (2) a pickup on which is mounted the
stylus that rides in the groove to produce an audio output voltage from
the pickup, and (3) an arm (the “tone arm”) on which the pickup is
mounted so that it can follow the spiral of the groove from the outside
to the center of the disc.

The basic arrangement of these essential components into a phono-
graph record player is shown in Fig. 4-14. The record rests on the turn-
table, centered by a pin through its center. This turntable is driven by
a small motor, either from the center or through a rubber wheel friction-

CENTERING RECORD
POST

TURNTABLE Fig. 4-14. Basic slements of the
0 phonograph record player.

drive at the rim. The pickup is mounted on the tone arm, which is sup-
ported beyond the edge of the record on a pivot, so that the stylus can
follow the slow lateral spiral of the groove toward the center without
any motion along the length of the groove (since such a lengthwise
movement would result in frequency modulation of the audio signal).
The motor should be an induction or a synchronous motor sufficiently
strong to drive the turntable at the correct speed even if there are varia-
tions in line voltage, and the turntable should be well balanced and.
sufficiently heavy to give a flywheel action so that any variations in the
drive motor are not reflected in the record reproduction. The coupling
system between the motor and the turntable should not cause any ir-
regularities in the motion of the turntable (as, for example, caused by
a flat spot on the rim of a rubber drive wheel), since such irregularities
would cause unpleasant flutter, wows and low-frequency rumble to ap-
pear in the reproduced sound. The turntable speed should be very close
to the correct speed, since otherwise the pitch of the reproduced sound
would be undesirably different from that of the original. The tone
arm should be rigid and have no resonances in the audible frequency
range.

There can be a number of different types of phonograph record
reproducers built according to these basic principles. The expensive
broadcast-quality units are made with very large motors and very heavy
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turntables; considerable effort is spent to attain much closer speed regu-
lation and much more accurate speed control than is practical for home
reproduction. Good phonograph playback machines for home repro-
duction may be made for operation at a single speed or selection of dif-
ferent speeds, and may play a single record or be record-changers which
will play a number of records automatically.

Single-Record Turntables. A high-quality, dual-speed turntable for
the playing of single records up to 12 inches in diameter is shown in Fig.
4-15. It consists of a heavy cast-aluminum turntable, rim-driven by a
hysteresis synchronous motor for extremely good speed regulation and
stability. The turntable is machined and well balanced to eliminate,
as far as possible, any variations in loading on the drive system with turn-
table rotation. As shown in part (B) of the figure, the turntable is
driven from inside the rim by a neoprene idler wheel which is friction-
driven by the motor. Either one of two idlers may be selected by a
knob to give a choice of speed without stopping the turntable or remov-
ing the record. The two idlers may be selected to give any two of the
three common playback speeds, and also may be replaced by an adapter

Courtesy: Rek-O-Kut Co.
Fig. 4-15. Commercial high-quality, dual-speed phonograph turntable.

to give a third speed whenever desired. When the table is not turning,
both idlers can be disengaged from contact with either the motor shaft
or the turntable, so that no flat spots on the neoprene can result from
pressure during periods of idleness. The entire unit is mounted on a
rigid cast-aluminum mounting plate, and the motor is shock-mounted
to prevent any motor vibration from being transmitted to either the
turntable or the tone arm. The turntable is mounted by this aluminum
plate in the record-player cabinet, and the pickup tone arm is mounted
at the appropriate position relative to the center of the turntable. A
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large number of high-quality tone arms are commercially available for
use with this type of turntable.

This particular turntable is a unit which may be used in the highest
quality home sound reproduction systems. Although it is not appropri-
ate for radio broadcast applications, where a 16-inch turntable is gen-
erally required, it has been designed and constructed according to the
same standards.

This turntable is also available with a less expensive four-pole in-
duction motor which, while not capable of the same performance as the
synchronous motor, will still give very good results.

Fig. 4-16. Threespeed phono-
groph turntable.

Courtesy: Gorrord Sales Corp.

Other single-record turntables are available in threespeed (see Fig.
4-16) and continuously variable speed models. The choice of the partic-
ular unit depends primarily upon the requirements of the specific in-
stallation,

Record Changers. Record changers are playback machines which
are capable of playing a number of records in succession automatically.
Generally the records to be played are supported above the turntable,
and when one record has been finished the lowest record of the stack
drops on top of the one which has been played, and is reproduced in this
position. The records are usually not turned over, therefore only the
“upper” sides can be played in succession and program material must
be recorded in the proper sequence for continuity,

Photographs of typical record changers for home reproduction are
shown in Fig. 4-17. These units can be used for the reproduction of
33§-rpm, 45-rpm, and 78-rpm records, the desired speed being selected
by a knob. The turntable is weighted to give flywheel action, and is
driven by a four-pole motor which maintains constant speed throughout
a wide variation in line voltage, does not change speed appreciably re-
gardless of the number of records on the turntable, and induces a mini-
mum of hum pickup into low-level pickup output leads. The turntable
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Covrtesy: (A) Webster-Chicago Corp. and (B) Gorrard Sales Corp.
Fig. 4-17. Typical record changers for home reproduction.

is friction-driven by a rubber idler wheel which is pulled away when the
turntable is not running, to avoid flat spots in the rubber which would
otherwise be caused by the pressure against the rubber during periods of
idleness.

The changer mechanism operates by supporting the stack of records
on a platform at the edge, and by a spindle through the center. When
the record on the turntable has been finished, an eccentric groove close
to the center of the record initiates the record-changing cycle. The plat-
form pushes on the edge of the bottom record of the supported stack, to
push it off the supporting ledges of the platform and the center spindle,
then the record drops on top of whatever records may already be on
the turntable. A muting switch disconnects the pickup from the audio
input line while the changer is operating on the run-in or run-off grooves,
so that there is no noise while records are being changed. The proper
stylus is chosen either by means of a small knob in the pickup head
(which either turns over the cartridge so that the proper stylus is ex-
posed or places the proper stylus into playing position), by means of
turning over the entire head (with its two styli), or by plugging another
head with the proper stylus into the arm.

High-Impedance Phonograph Pickups

Crystal Pickup. The high-impedance crystal pickup is, at the pres-
ent time, the most widely used of any type of pickup for the reproduction
of phonograph records. The basic construction of a low-noise pickup is
shown in the diagram of Fig. 4-18 (A). It consists of a torsional Rochelle
salt crystal element which is caused to twist by the modulation of the
groove in the record, and thus produces an electrical signal whose am-
plitude and frequency are proportional to the groove modulation. The
crystal is supported in the tone arm so that one end is held securely in
place, while the other end is coupled to the needle and is supported
flexibly so that it can be twisted by the modulation of the groove.
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Fig. 4-18. Internal construction of (A) a
typical low-noise crystal pickup, and (B)
a typical removable-needle crystal pickup.
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Another type of construction of crystal pickup is that shown in part
(B) of the figure, in this type the needle is mounted in a chuck from
which it is removable. The needle chuck may be connected to the
crystal either by a rigid, direct mechanical coupling, or through a rubber
coupling which acts as a mechanical transformer.

The response of a crystal pickup is proportional to the amplitude
of the groove modulation, therefore its response to a 500 cps crossover
frequency characteristic would be somewhat as shown by the typical
curve at 4 of Fig. 4-19. When high-frequency pre-emphasis is used
for noise reduction, the high frequencies must be attenuated in
playback, therefore the constant-amplitude characteristic of the crystal
can be used to give this required attenuation. The resulting response of
curve A to the standard NAB pre-emphasized recording frequency re-
sponse characteristic is given in curve B of the figure.
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“dedet a low-noise crystal pickup.
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In some of these pickups the active element is barium titanate in

the form of a ceramic. Such a pickup is practically unaffected by ex-
tremes of temperature or humidity which may affect ordinary unpro-
tected Rochelle salt.

Condenser Pickup. Another high-impedance pickup is the con-
denser pickup, whose operation is similar in principle to that of the
condenser microphone. One capacitor plate is fixed on the tone arm,
while the other capacitor plate is movable and coupled to the stylus in
the groove, The modulation of the groove therefore causes a variation
in capacitance by variation of the spacing between the two plates. Good
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condenser pickups are capable of very good reproduction from records,
but at the present time they are not widely used because of the circuit
complications which are involved in their use.
Low-impedance Phonograph Pickups

Most of the low-impedance pickups which are in current use are
magnetic pickups, in which variations in the magnetic field, or in the
magnetic induction, generate an electrical signal proportional in mag-
nitude to the amount of motion of the needle in the groove. The two
most important types of magnetic pickups at the present time are the
variable-reluctance pickup (see Fig. 4-20) and the moving-coil pickup.

Fig. 4-20. One type of variable-

reluctance phonograph pickup. The

knob shown Is wused to position

either one of two styli tips for the

reproduction of standard or long-
playing records.

Courtesy: General Electric Co.

Variable-Reluctance Pickup. The basic principle of operation of the
variable-reluctance pickup can be understood by reference to Fig. 4-21.
The magnetic lines of force are concentrated in the iron and in the air
gap as shown in the diagram. For the magnetic field, this may be thought
of as a “magnetic circuit” analogous to an electrical circuit in which the
iron or steel is a conductor and the air gap a resistance. If the length
of the air gap changes, the reluctance of the magnetic circuit changes,
resulting in an increase or a decrease in the number of magnetic lines
of force. If a coil is wound around the iron in the magnetic circuit, a
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MAGNETIC WIRE
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IROR=" MAGNETIC FLUX—"—"

Fig. 421. (A) Simple magnatic circuit. (B) Analogous electrical circuit for
this simple magnetic circuit.
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Fig. 4-22. Simplitied diagram

showing basic internal construction

of a variable-reluctance magnetic
pickup.
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voltage is generated in the coil due to the change in the number of mag-
netic lines of force through the coil.

The construction of a variable-reluctance pickup is shown in detail
in Fig. 4-22. The stylus is mounted on an armature of magnetic material
which is fixed at one end and can be moved at the stylus end toward
either of two coils by the modulation of the record groove. The fixed
end of the armature is close to a small bar magnet, while a Mumetal pole
piece through the two coils is solid at the top and split at the lower end
near the stylus armature. Thus the magnetic circuit is from the bar
magnet through the air into the coil yoke at the top, through the two
sections of the yoke and into the armature equally from each pole piece
when the stylus is in the undeflected position, then back through the
armature to the bar magnet. When the armature is deflected by the
stylus toward either one of the sections of the yoke, the magnetic field
through that coil is increased and the field through the other coil de-
creased. The windings are in series, so that a push-pull action results.
Since vertical motion of the armature does not cause the magnetic field
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Fig. 4-23. Simplified diagram showing the
Internal construction of a typical moving-
coil dynamic plckup.

N
N
N
N
N
N
N
N
N
N
N
N
N

Lz gz

7

T



INPUT AND PICKUP UNITS 61

in one coil to be greater than in the other, no voltage is generated due
to vertical components of the motion, and the output voltage due to
record scratch is, therefore, reduced. The armature is the only moving
component in this pickup, and since this mass is extremely small the high
frequency response is excellent.

Dynamic Pickup. In the dynamic pickup, the voltage is generated
by the motion of a coil in a constant magnetic field. (The principle of
operation of this type of pickup is the same as that of the dynamic
microphone, although the physical construction is, of 