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introduction

he art and science of audio engineering has come far since the

days of Edison’s tinfoil phonograph and Bell’s battery tele-
phone. Today the phonograph and telephone industries are just
two of dozens which employ sound equipment. Radio would not
exist and television would be mute without it. Motion pictures
would be in the silent days. Business dictation would be slowed
down to a walk. Speakers at a political rally wouldn’t be able to
project their voices beyond the first ten rows. None of these things
is true today, however, because the audio engineer has made the
aural communication of ideas and entertainment a commonplace
thing.

But, as so often happens in an industry which is quickly called
upon to fill so many basic needs, those who deal in sound have not
been able to keep pace with their own requirements for fully-
qualified personnel. As a result, it has been necessary to borrow
trained men from related fields and ‘“‘retread” them to fill a niche
in the audio business. Telegraph operators have become broadcast
engineers; radio service technicians have become public-address
operators; telephone engineers have become motion-picture sound
men; machinists have become phonograph record engineers; the
pattern is the same throughout every branch of the industry.

Such a roundabout approach as this is costly in time and money
for employers, and for the individuals involved as well. But it
does bring into sharp focus the very real need which exists right
now in every industry which uses sound, for good men who have a
solid theoretical background in audio. The dynamic growth of
television, the tremendous promise of tape recording, the awaken-
ing interest in high-fidelity reproduction: these are just a few of
the encouraging signposts which should guide the man of intelli-
gence and ambition. Nowhere is there a calling which offers
greater opportunities for professional growth than in the field of
audio.
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There is increasing evidence, furthermore, that many persons
who have no professional objectives in this lively art nevertheless
want to know something about it. Audio experimenters and music
lovers have long since learned that a high-quality audio system,
like a fine car or a precision watch, requires loving care. And such
care requires knowledge.

Whatever the reader’s personal aims may be I can think of no
better way to begin than by the careful study of Don Hoefler’s
BASIC AUDIO COURSE. This is a book which should have been
written a long time ago, and now that it is here I am happy to note
that it is both accurate and readable. Since this is a basic text, the
author has carefully avoided higher mathematics and abstract
theories, while at the same time presenting a thorough grounding
in each facet of the art. Some of the basic laws of sound are proven
by a simple mathematical development, but even this can be
skipped without undue harm to the reader who is more interested
in the “how” than the “why.”

I have been personally acquainted with the author for some
time, and regard him as exceptionally well qualified to present
this subject. He knows the field and he knows how to explain its
intricacies. I commend him and his BASIC AUDIO COURSE to
you wholeheartedly.

William H. Miltenburg
Manager of Recording
RCA Victor Record Division

The author and publishers acknowledge with thanks the co-
operation of the following companies during the preparation of
this book: Altec Lansing Corp., Cinema Engineering Co., Electro-
Voice, Inc., Jensen Mfg. Co., Karlson Associates, Inc., Klipsch and
Associates, Radio Corporation of America, Weston Electrical In-
strument Corp.
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the nature of sound

Audio, a term dating back to one of our earliest civilizations,
originally meant “I hear.” The human ear is still the con-
verging point of all of the efforts of the audio art, but the term
today implies a wealth of human experience undreamed of even
a century ago.

The serious audio student must now appreciate how and why
sounds are produced in the first place; how they are propagated;
how they may be collected, stored, amplified, transmitted and
reproduced and, finally, how they affect the ears and intellect of
the listener.

The psychologist defines sound simply as anything which is
heard, while the physicist says that it is the vibrational energy
which causes the sensation of hearing. But to the audio engineer,
both the cause and the effect are equally important.

Nevertheless, right up to the point where sound is perceived
by the brain—and perhaps even beyond—it may be assigned a
simple one-word defimition: wibration. In the beginning sound is
created by causing an object to vibrate. It may be a bowed or
plucked string, the human vocal cords, or even a window pane
struck by a baseball. Whatever their source, these vibrations are
immediately transferred to the surrounding medium, usually air.

The behavior of sound

While light cannot penetrate opaque objects, but is transmitted
through a vacuum, sound behaves in somewhat the opposite fash-

7
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ion. Vibrations set up within a perfect vacuum cannot be heard
at all, while steel is a much better transmitter of sound than is air.
Consider the velocity of sound in some of the more common
materials:

air (atsealevel) ................. 1,087 ft./sec.
WALET .o it i it e 4,708 7 7
brick ....... ... ... .. 12,000 » ”
glass ... ... ... 16,410 ” ”
steel ... 16,500 ” ”

When sound waves travéling in air encounter another medium,
such as the walls of a recording or broadcasting studio, part of
the sound is reflected into the air while the remainder is trans-
mitted and absorbed by the wall. Provided the wall surface is
at least several wavelengths as compared with the sound, the law
of light reflection will be effective, i.e., the angle of incidence is
equal to the angle of reflection. This is illustrated in Figure 101.

The velocity of sound is determined by the elasticity and
density of the medium, and has the following relationship:

¢C =V E/ (N
where C is velocity; E is elasticity and d is density.

This explains why the part of our sound wave which entered
the wall is at that point deflected somewhat off course. If the
velocity of sound in the wall is less than in the air, the front of
the wave slows up as it enters the wall, and an angle of refraction
results which is less than the original angle of incidence.

If the window in a room located on a busy street is opened
only slightly, the outside noises will immediately appear much
louder and fill all parts of the room. But if the shade is drawn
so that the sunlight is admitted through only the open part of
the window, the light will continue in the form of a beam to the
opposite wall and the rest of the room will remain in relative
darkness. This ability of sound waves to fan out and bend
around objects is known as diffraction. We ordinarily pay no
attention to the fact that we are constantly hearing sounds from
sources which we cannot see, but to the audio man this pheno-
menon means that he must consider every factor within the
acoustical environment surrounding his desired sound source.
On a movie set, for example, a group of stagehands might be
engaged in a poker game just out of range of the camera shoot-
ing an ardent love scene, and the picture would be in no way
affected. But if these same men begin to talk, the sound track

8
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will be ruined. Unfortunately we have not yet discovered any
way around the laws of physics which will enable us to frame
in our sound as we can a picture.

When two or more sound waves meet, the alternating pressures
of each will sometimes add and at other times subtract from one
another and cancel. This phenomenon is analogous to hetero-
dyning in radio-frequency circuits, and the resultant sound waves

ANGLE OF

ANGLE OF
INCIDENCE REFLECTION

INCIDENT WAVE REFLECTED WAVE

AR

WALL

ANGLE OF REFRACTION

Fig. 101. Sound, striking a wall, is reflected by
it. Some of the sound is absorbed by the wall
and a portion of the sound is transmitted by it.

will be reinforced at some points and partially destroyed at others.
These interference effects can be caused by waves arriving from
several sources or by the combination of direct and reflected
waves from a single source. The beats and dead spots produced
by interference can be largely overcome by proper acoustical de-
sign, coupled with judicious placement of the sound sources.
When the single tone of an audio oscillator is reproduced by
a loudspeaker, the moving cone of the speaker sets up variations
in the air pressure surrounding it. When the cone moves out,
the molecules of air are compressed and the pressure is increased
above normal. When the cone moves in, the molecules are
rarefied and the pressure reduced. If we could measure the
atmospheric pressure at many points along a line in the path
of the sound waves, a graphical representation of our readings
would provide a curve or waveform such as that in Fig. 102.

Forms of sound
It is seldom that a simple pure tone is encountered in practice,

9
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most sounds being waves of considerably more complexity. As
a rule sounds will readily fall into one of the three general
categories known as noise, speech and music. Sounds such as the
clap of thunder, the ringing of a doorbell or the tinkle of broken
glass are called noise, simply because it is impossible to assign
any of them a definite place in the musical scale. They are really
very complex waves consisting of a large number of pure tones
having no harmonic relationship and none of which is pre-
dominant enough to give the sound a definite pitch. Because
of their complexity, they are useful as a test of audio response.

Speech sounds are simply those which are formed by the human
speaking apparatus. The human voice-producing system con-
sists of the lungs, air passages, vocal cords, nasal and throat
cavities, tongue, teeth and lips. Linguists say that there are
six basic classes of speech sounds, depending upon the way in
which the various parts of the vocal system are used. These are:
(1) the pure vowels (long and short); (2) diphthongs; (3) tran-
sitionals; (4) semivowels; (5) fricative consonants (voiced and
unvoiced) and (6) stop consonants (voiced and unvoiced).

Whatever the method ol production of speech sounds—through
the vocal cords, the lips and teeth or a combination of both—the
sounds produced have a more or less definite pitch, being most
definite in the case of singing. Since the adult male vocal cords
are thicker than those in women and children, they vibrate
more slowly and thus produce the lower tones characteristic of
men’s voices. The average .nale voice has a fundamental pitch
around 128 cycles per second, while that of the average female is
around twice that frequency.

Since the human ear is more sensitive to the tones produced
by the male voice than those of the female, a woman'’s speech is
generally somewhat more dificult to understand than a man’s.
This fact imposes somewhat more stringent requirements upon
the fidelity of an audio system, but by far the most diflicult sounds
to handle are those encountered in music.

Characteristics of music

The sensitive listener would not regard.as musical any sounds
which lacked a definite structure and significance or which failed
to fall pleasantly on the ear. The audio engineer, however, not
being concerned primarily with esthetics, consequently accepts a
much broader definition. In the technical sense a musical sound

10
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is any which emanates from a source of regular vibration, that is,
one which has a definite pitch or frequency. This is measured
in terms of the number of cycles per second, often abbreviated as
C.p-s. or sometimes simply ‘“‘cycles.”

A cycle is one complete set of pressure changes through which
a sound wave repeatedly passes. Thus in Fig. 102 the cycle
comprises an increase in pressure from normal or rest position
at 1 to a maximum at 2, followed by a decrease to normal at 3,

MOTION OF
LOUDSPEAKER
CONE

\ . L
COMPRESSION \ P2

AND DISTANC E ——reep

Fig. 102. The motion of the cone of a loudspeaker produces changes in the pres-
sure of the air surrounding the cone.

with a further decrease below normal to maximum at 4, and
fmally a return to normal at 5. This entire series of changes
through 1 to 5 is called one cycle. If one second of time is
required for this excursion, the frequency of the wave is one
cycle per second. If a thousand of these cycles can be completed
in a second, the frequency is then 1,000 c.p.s. The fundamental
frequencies produced by all of the notes on a standard 88-note
piano keyboard are shown in Fig. 103. At first glance it would
seem that an audio system which could pass all of these frequen-
cies without alteration would be entirely adequate. But the
problem is not quite that simple, as we shall see.

Another important charactertistic of all sound is its loudness:
its relative intensity as perceived by the human hearing system.

11
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The higher the pressures built up (i.e., the greater the height of
peaks 2 and 4 in Fig. 102), the greater will be the amount of
sound power produced. But the human ear is a peculiar device
which does not respond in direct proportion to changes in pres-
sure, which means that doubling the power will not double the
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Fig. 103. This illustration shows a standard 88-note piano keyboard. The figures
placed below each key indicate the frequemz in cycles per second of each cor-
responding note.Middle A on the piano has been fairly well standardized at 440
cycles per second (c.ps.). The piano, in common with all other musical instru.
ments, produces complex tones. These tones consist of sine waves plus a number

loudness. It is extremely important, then, that we examine these
subtle characteristics of hearing after we consider a final import-
ant characteristic of the sound itself.

We all know that the middle A (440 c.p.s.) sounded by a piano
is quite different from the same note when played by an oboe,
violin or any other instrument. Each member of the various
families of musical instruments has its own particular tone.quality
or timbre. The reason for this is that all instruments produce
what are known as complex tones. Up to now we have considered
only simple tones consisting of a single fundamental frequency but,
in fact, most sounds comprise a number of other frequency com-
ponents known as partials, overtones, harmonics, subharmonics
and sum and difference tones.

The most important of these are the harmonics, which are
integral (whole number) multiples of the fundamental. Thus
any musical instrument playing an A-440 will also produce
simultaneously other frequencies including 880, 1,760, 3,520 c.p.s.
and so on up to infinity. It is the relative intensities of these
various harmonics combining with the fundamental which de-
termine the particular timbre of a given tone. Typical wave-
shapes of some musical instruments are shown in Fig. 104.

Sometimes subharmonic frequencies are also present, such as
one-half, one-third and one-quarter of the fundamental. Some

12
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observers feel that many of these components beat against one
another to produce sum and difference combinations of them-
selves. It is therefore clearly obvious that the ideal audio system
must be capable of handling a wide band of frequencies of very
great complexity, subject only to the limitations of our ears.
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of harmonics. The fundamental sine wave combines with the hdrmonics to

produce complex waveforms. It is the presence of these harmonics which gives

the piano its particular tone. Frequencies other than harmonics are produced

when a key is struck, but the harmonics are the most important. This means that
an audio system must be able to pass a wide range of frequencies.

Characteristics of hearing

The ear is a quite remarkable device about which much is
yet to be learned. But while we do not know all the physiological
factors, we do have rather complete data on the results of its
performance.

We know for example that the ear is able to perceive sounds
within the range of around 20 to 20,000 c.p.s. Since each doubling
of the frequency is denoted as a musical octave, the ear has a total
response of about 10 octaves. And since the highest tone produced
by any present musical instrument is about 5,000 c.p.s., most ears
can hear at least the fourth harmonic (four times the funda-
mental) of any musical tone.

But the ear is not equally sensitive to all sound frequencies
throughout its range (see Fig. 105 on page 15) especially when
the sound intensity level is low. This is especially significant when
you reproduce sound at a level different than that at which it was
originally produced. Particularly important at low levels, when
low frequencies seem to disappear, this can be corrected by the use
of a loudness control. The converse of this is that when two sounds
of unlike frequencies are made to sound equally loud, the powers
generated by those sounds will be quite different. These facts are

13
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very important in the design of audio systems, for they show that
even the perfect speaker will require vastly greater amounts of
power from the amplifier in order to reproduce bass tones equal in
intensity to those in the middle range. They also explain why
music which is reproduced at a much lower level than it was
originally performed will appear to be very deficient in both
the high and low frequencies, with nothing remaining but the
middle tones.

PO Tl

PURE TONE-FUNDAMENTAL COMPLEX WAVEFORM
ONLY (SINE WAVE) OF PIANO TONE
FUNDAMENTAL PLUS SECOND COMPLEX WAVEFORM
HARMONIC OF CLARINET TONE
FUNDAMENTAL PLUS SECOND COMPLEX WAVEFORM
AND THIRD HARMONICS OF CELLO TONE

Fig. 104.  The three curves at the left show the formation of a complex waveform
through the combination of a pure tone and its harmonics. Representative wave-
forms of various instruments are shown at the right.

When the ear is subjected to sounds of rather large amplitude,
it will distort in much the same manner as an overloaded ampli-
fier. The result under these circumstances is the production of
spurious harmonics and sum and difference tones. Although
not present in the original sound, they are actually generated in
the hearing organs and are perceived by the brain. Known as
subjective tones, these sounds can actually appear as re-created
[undamental tones when a system of limited range cuts off those
fundamentals but still transmits their harmonics. This explains
the condition of “false bass,” wherein there are regenerated as
subjective tones the low frequencies which the equipment itself
is incapable of reproducing.

Masking
Another closely related characteristic of the human ear is the

14
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phenomenon known as masking, which appears as a deafening
to high frequencies when in the presence of very loud low-
pitched sounds. This is due to the fact that the ear subjectively
produces very strong harmonics of the low frequencies, which
then interfere with the perception of the higher-pitched sounds.
This is why one must shout when attempting to carry on a con-
versation in a noisy location. But it is always the low-frequency
components of the sound which cause the trouble, high-frequency
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Fig. 105. OQur ears do not respond equally well at all sound
intensity levels.

sounds apparently not masking the lower tones to any degree.
Since the subjective tones of the higher frequencies, if indeed
they are produced at all, are mostly outside the range of human
hearing, there is nothing with which they can interfere. And
since low-frequency sounds are relatively so much more power-
ful, any subjective difference tones would have very little effect.

The physics of music

The science of sound and the study ol music have been inti-
mately related for centuries. Many of our fundamental concepts
date back to work done about 550 B.C. by the well known Greek
philosopher and mathematician, Pythagoras. Some of his work
had to do with vibrating strings, the basic principle of an entire
family of instruments of the orchestra.

15
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It is well known that if a string is plucked, it will be set into
vibration and will in turn set the surrounding air into vibration
ind thus produce sound. If the string is twanged precisely in
he middle, it will vibrate as a whole and produce its fundamental
one. But if the same string is plucked, struck or bowed near
ne end, it may vibrate in several parts, with nodes (points of zero
vibration) between the segments. Furthermore it is possible
for the string to vibrate simultaneously as a whole and in segments.
T'hese conditions are shown in Fig. 106.
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O Cmmm Jom=mal mmmy L am— .
e S

B - STRING VIBRATING IN SEGMENTS
..................... -
-y, - - — -
S e e e i

-

o
kbl T T ppsapmppses 2 4 L
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Fig. 106. This illustration shows the characteris-
tics of a vibrating string.

Pythagoras discovered that when two strings are under equal
lension, but one is exactly half the length of the other, then the
shorter one will sound precisely an octave higher than the longer
one.  As the result of his studies he formulated a law which
tated:  The simpler the ratio of the two parts into which a
vibrating string is divided, the more perfect is the consonance
of the two sounds. In modern times this is not held to be
trictly true, but we have found that any pair of tones whose
frequencies are proportional to any pair of the integers 1, 2, 3,
1, 5 or 6 will produce a pleasing and harmonious effect on
the ear.  Thus the octave ratio (2 to 1) produces a pleasing effect.
Similarly, referring to Fig. 103, middle C (261.63) and middle E
(329.63) will simultaneously produce a harmonious sound, for
the ratio is five to four (329.63 : 261.63 = 5:4). If we add a
middle G to the C and E, we will then have a chord with a
6 : 5 : 4 relationship, one of the most common in all music. A
chord with this harmonic relationship is known as a major triad.

16
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A closer examination of Fig. 103 will indicate, however, that
this ratio is never precisely attained. It is always only a close
approximation. If we were to begin to construct a musical
scale beginning with the note of C, it would have ideally the
mathematical relationship shown in Fig. 107. But if we were
then to build another scale based upon the key of D and employing
the same set of ratios, we would discover some discrepancy in the
existing notes, especially in the frequencies of F and C. And we
find that what is needed here is a tone approximately midway
between F and G, and C and D. These new tones are designated
F# and C#. Continuing in a similar manner to build major

c D E F G A B ¢ LETTER NAME
DO RE MI FA SOL LA TI DO SYLLABLE NAME
| 9/8 5/4 4/3 3/2 5/3 15/8 2 FREQUENCY RATIO

Fig. 107. In this drawing we see the mathematical relationship between the notes of
the musical scale.

scales based upon each key, we find that it is necessary to add 5
new semitone intervals. This then will give us a chromatic scale
of 12 tones.

But we are still troubled by the fact that the mathematical re-
lationship between each of these intervals is only an approxi-
mation of the desired ratios and developed solely for the sake of
simplicity. If the complete set of scales were to be built employ-
ing the ideal relationships, the result would be a chromatic scale
consisting of about 70 notes per octave. Thus our 12-tone
chromatic scale is really a compromise which is known as a
modified or tempered scale. The precise mathematical relation-
ship between each interval is based upon the twelfth root of 2,
which is 1.05946. In the tempered scale the frequency rate of
any tone can be found by multiplying the frequency of the note
immediately below by this factor.

The starting point of all this is now almost universally accepted
as amiddle A of 440 c.p.s. This is largely an arbitrary designation,
of course, as any other pitch in the same region could be used as
well.  Many other standard pitches have been employed in the
history of music, in fact, but A-440 is now generally used as the
reference. There still remain a few nonconformists, however,
such as the Boston Symphony Orchestra, which generally tunes
to an A pitched at 444 c.p.s.

17
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A secondary set of scales, known as the minor scales, is con-
structed upon similar principles, the difference being that the
frequency ratios of the minor triads are 10 : 12 : 15. Com-
positions in minor keys have a somewhat more plaintive character
chan those based upon the major scales. Any musical instru-
ment playing chromatic scales based upon the twelfth-root-of-2
system can play all of the minor as well as the major scales.

The instruments of the orchestra

The families of musical instruments are usually designated in
terms of the methods employed to produce a tone. Stringed
instruments which are bowed include the violin, cello and con-
tra bass. Bowing is accomplished by drawing across the strings a
bow strung with rosined horschair. This sets up vibrations be-
cause the bow hairs repeatedly stick to the string and then release
it. Plucked instruments, such as the guitar, banjo and mandolin,
have their strings set into motion by snapping them with a
plectrum, which may be either a small pick or the thumb and
fingers of the player. Pitch is altered in stringed instruments by
pressing down on the strings at predetermined points and thus
shortening their length. In every case some form of sounding board
is employed which sets into motion a much larger mass of air.

The reed instruments employ one or two pieces of flat thin
cane reed, set into motion by blowing. Examples of this group
include the clarinet, saxophone, oboe and bassoon. Pitch is altered
by varying the length of the air column by opening or closing
holes in the side of the instrument.

In the brass instruments, such as the cornet, trumpet, trombone
and tuba, the vibrating lips of the player act as the reed. Length
of the air column in most of these instruments is varied by means
of valves, but in the trombone is changed by means of a sliding
tube which telescopes around a fixed tube.

Percussion instruments are those in which a sound is produced
by an object being struck. Even the piano falls among the instru-
ments of this group which have a definite pitch, although it uses
the string as the vibrating body. Other percussion instruments of
definite pitch include the xylophone, bells and chimes. Pitch is
determined by the fixed size of the bar or tube being struck, and
very little variation in tonal quality is possible. Instruments of
this family include the balance of the drummer’s gear, such as the
drums, tom-toms, triangle, temple blocks and cymbals.

18
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chapter

the measurement of sound

S ound, as we know, results only after a physical object has been
set into motion. This immediately gives us the idea of work
or energy and, going back a step further, for energy to have been
expended, force must have been applied. The fundamental unit
of force employed by physicists and engineers is the dyne.

The classical definition of the dyne, derived from Newton'’s
second law of motion, is the force which, acting upon a mass of
one gram for a period of one second, produces a change in the
velocity of the mass of one centimeter per second. In practical
terms the dyne is so small that it is about the equivalent of the
force exerted by a postage stamp lying on one’s hand.

Inaudio work weare more concerned with sound pressure, which
physicists tell us consists of force within a given area. In keeping
with the centimeter-gram-second system (c.g.s.), we have adopted
as the basic unit of sound pressure the dyne per square centimeter.
At the threshold of hearing (refer again to Fig. 105 in Chapter 1)
the sound pressure is about .000204 dyne per square centimeter,
while the boom near the muzzle of a 5-inch cannon is around
100,000,000 dynes per square centimeter.

To correlate the values of sound in air with sound in the form
ol electric power, we often refer to the intensity of sound rather
than its pressure. The unit then employed is the watt per square
cenlumeter.

Amplifiers and loudspeakers are often rated in terms of their
power-handling capabilities, for we are primarily interested in
the work they can do in setting into motion large quantities of
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air, thus reproducing sound. For this purpose we employ the
familiar unit of electrical power, the watt.

When measuring the performance of an amplifier under steady-
state conditions, we commonly employ a voltmeter and express the
results in terms of volts or millivolts. This is largely a matter of
convenience, since the voltmeter is one of the likeliest instruments
to be found in the radioman’s kit. Furthermore, the better volt-
meters, especially those of the vacuum-tube variety, are quite ac-
curate at audio frequencies.

Logarithmic units of measurement

Up to this point we have been discussing absolute units of
sound measurement under certain fixed conditions. But we know
that sound waves have a high degree of complexity and that the
human ear has its own peculiarities in the perception of sound.
Since the ear is the ultimate target of all of our audio efforts, it
is necessary for us to consider methods of sound measurement
which take into account the nonlinear characteristics of the ear.

Suppose we were to listen to a constant tone at a comfortable
level on a pair of headphones and then were to turn up the
volume until the change in intensity became just barely apparent.
With a typical pair of ears it might be necessary to double the
power before the change in volume would become noticeable.
It would also be necessary to double the power once again to
cause another perceptible change and a like amount for each
additional change. From this we can infer that the smallest pos-
sible change in the amplitude of a sound which the ear can
detect is approximately a constant proportion of the previous
intensity. And this is the basis of the very important concept that
the loudness of sound as perceived by the human ear is propor-
tional to the logarithm of the sound intensity.

To understand the basic units of sound measurement employed
every day by the practicing audio engineer, it is therefore essential
that we have an understanding of the concept of logarithms. The
principles are really quite simple, and in practice they are in-
dispensible to the proficient audioman.

Principles of logarithms

The idea of logarithms is simply a special application of the
exponent, which in turn is a simple bit of mathematical shorthand
indicating how many times a number is to be multiplied by
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itself. For example, 2 X 2 = 4 can be shortened to 22 = 4,
and similarly 2 X 2 X 2 = 8 becomes 2 = 8. We could then
draw a table of the powers of 2, as shown in Fig. 201. From this
table we see that 2 to the 7th power equals 128 (27 = 128), or that
212 — 4,096.

Now let us consider briefly the surprising ways that this table
can be used to solve readily some fairly difficult problems:

1. Problem: Multiply 32 by 128.

Solution: 32 X 128 = 25 X 27 = 22 = 4,096

2. Problem: Divide 1,024 by 128.

Solution: 1,024 + 128 = 210 + 27 = 23 =8

Persons unaccustomed to working with exponents and having
had some unfortunate classroom experiences with mathematics
might very well try to avoid working with numbers that exist in
this fashion. And yet exponents are to large numbers what power
tools are to hand tools. You can build a house with a handsaw.
A power saw is much easier, better, faster. You can multiply,
divide or perform any arithmetical operation you want on very
large numbers, using many large sheets of paper to do so or you
can convert them to exponent form, make the work much easier,
and also reduce the chance for error. Just regard exponents as
another way of writing the numbers with which you are already
familiar. For example, the number 16 can be written as: 16;
2 X 8,4 X 4; 2°. Quite obviously, there isn’t much point to
breaking the number 16 down into its factors, nor is there much
sense to using exponents as a substitute for such a small number.
Exponents are of greatest value when working with large numbers.
Even if you do not become familiar enough with exponents to
handle them with ease, the word itself crops up so often in audio
literature that for this reason alone you should try to make ex-
ponents more than just another mathematical term.

There are a few simple rules involving exponents, just as we
have rules for all mathematical operations. Thus, when multiply-
ing numbers you add exponents. This sounds like an odd rule,
but it works and works well. Consider the first problem in an
earlier paragraph: 32 X 128 = 2% X 27 = 212 = 4,096. Let’s
take this step by step. First we converted 32 and 128 to their
exponent form by looking in Fig. 201. When we did this, we
had 2% X 2%. The next thing we did was to add the exponents.
This resulted in 2'2. Note that we did not multiply the base
number 2 but just carried it along. Finally, we looked in Fig.
201 to find the number corresponding to 22 and ended up with
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4,096. Of course you could have multiplied 32 % 128 much
faster without exponents, but small numbers were deliberately
selected to make the explanation easier.

By now you probably have the general idea for the solution of
the second problem—the division of 1,024 by 128. When dividing
numbers subtract the exponents. Now we can go a little faster. Find
the exponents corresponding to these numbers in Fig. 201, sub-
tract the exponents, look up the resulting exponent in Fig. 201
and you have your answer.

The root of an exponent is the exponent divided by the root.
Thus, if you wanted to find the third root of 2%, just divide the
exponent by 3.

For example: W512 = wom — 91 _ g

Similarly, complex problems involving any combination of
these operations may be solved, provided all of the values could
be expressed in terms of the power of 2 and our table was com-
plete enough to cover all the higures involved. However, since
10 is the magic number occurring throughout our decimal system
of computation, it would seem to be more convenient to express
our numbers in terms of the powers of 10 and then to solve in
the manner just shown. The section labeled “Exponents” in
Fig. 201 shows the number 2 raised to various powers, while di-
rectly below are listed the equivalent values. A set of tables based
upon the powers of 10 is known as common logarithms or loga-
rithms to the base 10, since they are based upon the common
number 10. Thus we can construct a table of the common powers
of 10 in the same manner that we dijd for the table of the number 2.
This table is shown as Fig. 202, and we can immediately see that
the resultant values are much simpler. For example:

100 = | |og 1 =0
100 = 10 log 10 = 1
102 = 100 log 100 = 2
102 = 1,000 log 1,000 = 3

Since we have jumped rather rapidly from exponents to loga-
rithms (abbreviated as log) a word or two of explanation is in
order. Just as a simple example, consider a number such as 103,
This number really consists of two parts — the number 10 and the
number 3. As individuals in their own right, they are entitled to
names so that we can identify them. The number 10 is called
the base and the superscript number sitting up in the air is called
the exponent. Now by looking at Fig. 202 we can easily see
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that 103 = 1,000 so we do have two different ways for writing
this number.

It is often necessary for us to jump back and forth between
numbers (such as 1,000) and their exponent form (such as 10%).
When working with numbers you must always be ready with two
items: you must first of all have the number, and then you must

EXPONENTS 2! 22 23 24 283 28 27 29 29 20 21 2

EQUIVALENT 128 | 1024 (2048 4096
VALUE 2 4 8 16 32 64 2 256 | 512

Fig. 201. In this illustration we have the number 2 using various exponents.
Exponents are particularly valuable when dealing with very large numbers.

be prepared to issue instructions. By itself the number 1,000
means nothing. If you hand out that number, you must be ready
to say what you want done with it. Should you multiply it by
some other number? Extract the square root? Divide it, sub-
tract it—whatever the operation, you must be specific.

LOG, | O 1 2 3 4 5 6 7 8 9 10 " 12
(e |

ol & sl ¢ &

> 10 |00 o| & s § c('? s g d’; ; ¢
Q

& I S U A O R A A
$ S & |8 & e [ & |F |I¢
&
‘i 100 10! 102 103 104 108 108 107 108 | 10? 10 | 10" | 10%
F
&

Fig. 202. Logarithms are simply a short-cuv method for doing arithmetic that
would otherwise be tedions and difficult.

Our particular problem is to issne instructions for the con-
version of the number 1,000 to its exponential form. The way
in which we do this is to put the word logarithm (or log) in
front of the number. Thus,

log 1,000 = 3
Note that we have omitted the base number 10 and have just
written the exponent. The base number is understood to exist
and would be needless repetition. For example, the number 6
is actually 6 X 1, but all of us take the number 1 fairly much
for granted, omit it whenever possible and just write the
number 6.

Going further, we can deduce that a number lying between
100 and 1,000 would have a logarithm (log) somewhere between
2 and 3; that is, the log of a number hetween 100 and 1,000 would
have a fractional exponent of something greater than 2, but less
than 3. The log of 700, for example, is 2.8451, and we can go
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10 0000 | 0043 | 0086 0125 | 0170 [ 0212 | 0253 | 0294 | 0334 | 0374
11 0414 | 0453 | 0492 0531 | 0569 | 0607 | 0645 | 0682 | 0719 | 0755
12 0792 | 0828 | 0864| 0899 | 0934 | 0969 { 1004 | 1038 | 1072 | 1106
13 1139 1 1173 1 1206 1239 | 1271 | 1303 | 1335 | 1367 | 1399 | 1430
14 1461 | 1492 | 1523 | 1553 | 1584 | 1614 | 1644 | 1673 | 1703 | 1732

15 1761 | 1790 | 1818 1847 | 1875 | 1903 | 1931 | 1959 | 1987 | 2014
16 2041 | 2068 | 2095| 2122 | 2148 | 2175 | 2201 | 2227 | 2253 | 2279
17 2304 {2330 | 2355| 2380 | 2405 | 2430 | 2455 | 2480 | 2504 | 2529
18 2553 | 2577 | 2601 | 2625 | 2648 | 2672 | 2695 | 2718 | 2742 | 2765
19 2788 | 2810 | 2833| 2856 ( 2878 | 2900 | 2923 | 2945 | 2967 | 2989

20 3010 | 3032 | 3054 | 3075 | 3096 | 3118 | 3139 | 3160 | 3181 | 3201
21 3222 | 3243 | 3263 | 3284 | 3304 | 3324 | 3345 | 3365 | 3385 | 3404
22 3424 | 3444 | 3464 | 3483 | 3502 | 3522 | 3541 | 3560 | 3579 | 3598
23 3617 | 3636 | 3655| 3674 | 3692 | 3711 | 3729 | 3747 | 3766 | 3784
24 3802 | 3820 | 3838 3856 | 3874 | 3892 | 3909 | 3927 | 3945 [ 3962

25 3979 1 3997 | 4014] 4031 | 4048 | 4065 | 4082 | 4099 | 4116 | 4133
26 4150 | 4166 { 4183 | 4200 | 4216 | 4232 | 4249 | 4265 | 4281 | 4298
27 4314 | 4330 | 4346| 4362 | 4378 | 4393 | 4409 | 4425 | 4440 | 4456
28 4472 | 4487 | 4502| 4518 | 4533 | 4548 | 4564 | 4579 | 4594 | 4609
29 4624 | 4639 | 4654| 4669 | 4683 | 4698 | 4713 | 4728 | 4742 | 4757

30 4771 | 4786 | 4800 | 4814 | 4829 | 4843 | 4857 | 4871 | 4886 | 4900
3 4914 | 4928 | 4942 4955 | 4969 | 4983 | 4997 | 5011 | 5024 | 5083
32 5051 | 5065 | 5079 | 5092 | 5105 | 5119 | 5132 | 5145 | 5159 | 5172
33 5185 | 5198 | 5211 | 5224 | 5237 | 5250 | 5263 | 5276 | 5289 | 5302
34 5315 | 5328 | 5340 5353 | 5366 | 5378 | 5391 | 5403 | 5416 | 5428

35 5441 | 5453 | 5465 | 5478 | 5490 | 5502 | 5514 | 5527 | 5539 | 5551
36 5563 | 5575 | 5587 | 5599 | 5611 | 5623 | 5635 | 5647 | 5658 | 5670
37 5682 | 5694 | 5705 | 5717 | 5729 | 5740 | 5752 | 5763 | 5775 | 5786
38 5798 | 5809 | 5821 ] 5832 | 5843 | 5855 | 5866 | 5877 | 5888 | 5899
39 5911 | 5922 | 5933 | 5944 | 5955 [ 5966 | 5977 | 5988 | 5999 | 6010

40 6021 | 6031 | 6042 | 6053 | 6064 | 6075 | 6085 | 6096 | 6107 | 6117
41 6128 | 6138 | 6149 | 6160 | 6170 | 6180 | 6191 | 6201 | 6212 | 6222
42 6232 | 6243 | 6253 | 6263 | 6274 | 6284 | 6294 | 6304 | 6314 | 6325
43 6335 | 6345 | 6355 | 6365 | 6375 | 6385| 6395 | 6405 | 6415 | 6425
44 6435 | 6444 | 6454 | 6464 | 6474 | 6484 | 6493 | 6503 | 6513 | 6522

45 6532 | 6542 | 6551 | 6561 | 6571 | 6580 | 6590 | 6599 | 6609 | 6618
46 6628 | 6637 | 6646 | 6656 | 6665 | 6675 1 6684 | 6693 | 6702 | 6712
47 6721 | 6730 | 6739 | 6749 | 6758 | 6767 | 6776 | 6785 | 6794 | 6803
48 6812 | 6821 | 6830 6839 | 6848 | 6857 | 6866 | 6875 | 6884 { 6893
19 6902 | 6911 | 6920 | 6928 | 6937 | 6946 | 6955 | 6964 | 6972 | 6981

50 6990 | 6998 | 7007 | 7016 | 7024 | 7033 | 7042 | 7050 | 7059 | 7067
51 7076 | 7084 | 7093 [ 7101 | 7110 | 7118 | 7126 | 7135 | 7143 | 7152
52 7160 | 7168 | 7177 | 7185 | 7193 | 7202 | 7210 | 7218 | 7226 | 7235
53 7243 | 7251 | 7259 | 7267 | 7275 | 7284 | 7292 | 7300 | 7308 | 7316
54 7324 | 7332 | 7340 | 7348 | 7356 | 7364 | 7372 | 7380 | 7388 | 7396

Fig. 203. This is a typical table of mantissa. A mantissa is the decimal portion of a
common logarithm.

even a step further and prove that the log of 70 is 1.8451 and
log 7 = 0.8451. The part of the logarithm following the decimal
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point is identical in each case, because the numbers differ only
in the amount of zeros following the significant figures.

It is convenient, therefore, to divide a logarithm into two
parts, the part following the decimal point (8451 in each of
the illustrations given) being called the mantissa and the part of
the logarithm preceding the decimal point (0, 1 and 2 in the
examples given) being known as the characteristic. The latter
is the part which will tell us the number of decimal places in
the answer. Thus in the examples it was the mantissa 8451 which
indicated that the corresponding number, called the antiloga-
rithm, was 7 with an unspecified number of zeros either preceding
or following. Then, when the characteristic was added, it indi-
cated whether the number was 7.0, 70.0 or 700.0.

The characteristic of any logarithm can be conveniently deter-
mined by the application of one of the following rules:

1. The characteristic of the logarithm of a number greater than
1 is positive, and is one less than the number of places to the
left of the decimal point.

2. The characteristic of a number less than 1 (.., a decimal
fraction) is negative and is one more than the number of zeros
immediately to the right of the decimal point. For example,
logy .05 = — 2.6990.

The values of mantissas can be found through rather complex
mathematical operations, but since they are constants this work
has already been done and presented in tabular form as shown
in Fig. 203. Using this table, let us determine the logarithm of
the number 483. In the left-hand column of the tables, designated
“No.”, will be found the first two digits of the number. The
third digit is located in the appropriate column to the right. To
find log,, 483, then, we first find 48 in the left column of the
table and then move across to intersect the column headed 3. At
this point we find that the mantissa of the logarithm is 6839.
However, since 483 has three places to the left of the decimal
point, we determine from rule 1 that the characteristic is 2, with
the result that logyo 483 = 2.6839.

To find the logarithm of a number less than 1, such as .000286,
we quickly find from the table that the mantissa is 4564, and
rule 2 informs us that the characteristic is ~4. Hence the loga-
rithm of .000286 is —4.4564.

Since the tables of Fig. 203 have been carried only to three
significant figures, the greater accuracy needed in the case of
larger numbers can be obtained through the use of more complete
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tables. If no such tables are readily available, however, it is
possible to calculate the logarithms of larger numbers through
a process known as interpolation.

Suppose that we wish to find the log of 4943. Obviously, since
this number lies between 4940 and 4950, its mantissa likewise
must lie between the mantissas of those two numbers. From the
table we find that these mantissas are .6937 and .6946, respectively,
with the difference between thein (.6946 — .6937) being .0009.
This figure is known as the tabular difference. We can also see
that 4943 is 3/10 of the distance between 4940 and 4950, and
we infer from this that the desired mantissa is 3/10 of the tabular
distance. The mantissa we want is therefore .6937 plus 3/10 of
.0009, or .69397. The characteristic is 3, with the resultant log,.
4943 = 3.69397. This same process of interpolation can be em-
ployed with any number of integral places greater than three.

It is equally important to be able to find the antilogarithm,
employing a method which is the inverse of that just described.
Suppose it is necessary to find the number denoted by the loga-
rithm 4.5729. Consulting the log table we find the mantissa
5729 corresponds to the digits 374, and from the characteristic
we know that the number has five integral places. Hence the
number whose antilog (to the base 10) is 4.5729 = 37,400.

Interpolation must be used in determining antilogarithms when-
ever the mantissa of the log does not appear in the tables. For
example, find the antilog;o of .0905. The table shows no such
mantissa, the closest being 0899 and 0934, with the corresponding
numbers being 123 and 124. The difference between 0934 and
0899 is 0035, and the difference between 0905 and 0899 is 0006.
Hence the number corresponding to 0905 is found by adding
6/35 or .17 to the number, giving 123.17. But since the char-
acteristic is 0, the required number is 1.2317.

The decibel

Now we come to the practical audio application of logarithins
to the measurement of sound. We have already seen the neces-
sity for this as being dictated by the approximate logarithmic
characteristic of the human ear. In recognition of this fact a
logarithmic unit known as the bel (named in honor of Alexander
Graham Bell) was adopied as the siandard unit of measurement
of sound levels, superseding the earlier “‘transmission unit.”
This unit, universally adopted by international agreement in
1928, is still the fundamental means of sound measurement. It
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was soon found, however, to be rather unwieldy, since the ear
readily detects differences in volume level of 0.1 to 0.3 bel. Thus,
to avoid the use of cumbersome fractions whenever making sound
level calculations, the audio engineer customarily employs the
dectbel or one-tenth of a bel.

The decibel is not an expression of a fixed amount of volume
level (except under certain special conditions which will be
described later) but is normally an indication of the ratios be-
tween the powers, voltages or currents at two given points in an
audio transmission system. It is extremely useful in expressing
the gain of an amplifier or the losses in attennators, filters and
equalizers.

The bel is defined simply as the common logarithm of the
ratios of the powers at two given points:

bel = log,, —}—)‘— 2
P,

However, since there are 10 decibels in each bel, the basic decibel

equation becomes

db = 10 log,, —=*~ 3)
P,

In each case it is good practice to regard P, as the larger
power, not necessarily the input power. In the case of a loss
device such as an attenuator, P,, the larger power, is actually at
the input, the output power P, being less by the amount of
circuit loss. But in an amplifier if P, is the input power, then
P, will be greater by the amount of amplifier gain. Then the
quantity (P, /P.) woud be a number less than one, and its
logarithm would have a negative characteristic. All of this dif-
ficulty can be avoided by making certain that the numerator of
the fraction is always the larger number, for the facts of the
problem itself will always indicate whether the calculated decibels
represent a gain or a loss.

As a practical example of decibel calculation, suppose that a
power amplifier has a rated output of 40 watts when 0.5 watt
is fed into it. What is the gain of the amplifier in db? Sub-
stituting values in formula (3) we get:

db (gain) = 10 logy —gLs = 10 log;, 80

= 10 X 1.9031 = 19.03
When we wish to determine decibels in terms of voltage or
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current ratios, we substitute the standard power equations for
P, and P,. Then we have:

Ep
db = 10 logy I;L;z (4)'L
and R,
I,2R
. 1 1 1
db = 10 0810 —122R2 (5)

In the case of equal impedances at input and output, that is,
when R1 = R2, these equations reduce simply to

db = 20 logy, -2 db = 20 logg, -
E2 I2
Here RI1 and R2 have cancelled and the exponents affecting
the voltage.and current values have been removed by the simple
operation of doubling the factor of the logarithm.

Since the decibel is logarithmic in character, a series of gains
and losses in transmission are totaled simply by algebraic addi-
tion. For example, consider Fig. 204, showing a cascade of an
amplifier of 50-db gain, followed by an equalizer with an inser-
tion loss of 20 db, followed by an amplifier having 20-db gain
and finally another amplifier with a gain of 24 db. The total
gain of the entire system is then 450—20420424 = 74 db.
In this case the second amplifier is probably a booster, specifically
designed to overcome the insertion loss of the equalizer, and in-
cluded as an integral part of the equalizer unit.

Another unit of sound intensity, now rather rare, is the neper.
This is based upon the earlier system of logarithms introduced
in the seventeenth century by John Napier which does not use
the common log base of 10. The neper formula, based upon
Napierian logarithms, is

N = Llog, % (6)

Since nepers may be encountered in old texts or in a few for-
eign circuit diagrams, it is convenient to know that they may be
converted to decibels simply by multiplying them by the factor
8.686. Db may be converted to nepers by multiplying by 0.1151.

Reference levels
In many cases it is desirable to employ the decibel system to
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indicate an absolute level of sound power rather than a ratio.
This can easily be done if we adopt a standard reference level as
a basis of comparison. Thus if it is agreed that 0 db shall repre-
sent a power of .006 watt in a circuit resistance of 500 ohms, then
this figure can be substituted for P, in our standard decibel
equation and P; can then be expressed in terms of absolute deci-
bels rather than watts.

This reference level of 6 milliwatts across 500 ohms was actually
employed for many years, especially in the telephone industry, for
it represented the amount of power required for the satisfactory
operation of the equipment then in use. It is still being used
widely in the motion picture industry, but elsewhere it has been
largely superseded.

Flg 204. The use of decibels _J +5008 —2008 +2008 +24D8
(db) makes it easier to deter- 7| awL EBQUALIZER ANPL AMPL [
mine overall loss and gain.

RCA introduced a 12.5-milliwatt reference, which was used for
a time by broadcasters and recording companies, but the refer-
ence most commonly employed today is | milliwatt of power in
a 600-ohm circuit. This value is designated as zero level. Thus
the statement that the signal level out of an amplifier is 412 dbm
means that the output is 12 db above the power of 1 milliwatt in
600 ohms. The use of the 1-milliwatt reference has the advantage
that mathematical calculations involving it are exceedingly sim-
ple since it is a unit quantity. Furthermore, it is so small that the
majority of devices will have a positive sign with respect to it.
Thus most pieces of equipment have outputs which are said to
be a number of db above zero level. But if a device has an output
which is less than the 1-milliwatt reference, then this is said to be
a number of db below zero level. It should be understood that
this does not imply a negative quantity nor does it necessarily indi-
cate a loss in a given device. It simply means that the level of
audio power at a given point in a circuit is less than that of the
zero-level reference point of 1 milliwatt in 600 ohms.

To round out the absolute values of 0 dbm, it is helpful to

know the voltage across a circuit at this level as well as the cur-
rent flow. Since in an a.c. circuit E = \/PZ, then in this case E =
V001 X 600 = /0.6 = 0.775 volt. Similarly, solving for I =

VP/Z, the rate of current flow is .00129 ampere or 1.29 milli-
amperes.
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Level diagrams

A complete picture of an audio system and the way in which a
signal passes through it may be seen through the combination of a
block schematic with a level diagram, as shown in Fig. 205. Dj-
rectly below each unit in the channel is indicated the peak oper-
ating level at that point under normal conditions. The levels rep-

shown as sloping lines. The extent of the slope does not neces.
sarily, however, indicate the extent of the possible loss in the
device. Thus in Fig. 205 the gain control is shown as having a loss
of 20 db, which is the amount of Joss under peak signal conditions,
But if this control were to be closed so that no signal were per-
mitted to pass through, then the loss would become infinite.

Measuring instruments

The measurement of sound levels in an amplifier can be accom-
plished with a simple rectifier type a.c. voltmeter, provided that
only a steady tone of constant level is under consideration. How-
ever, the nature of a sound program is very much more complex,
having frequency components from 20 o 20,000 C.p.s. or more
under highly transient conditions. In applications where it is
required to know at all times the level of these constantly chang-
ing sounds, it is necessary to employ a special type of meter com-
monly called a volume indicator or V] meter.

In a broadcast or recording control room, the engineer may
adjust the balance of his various sound sources by ear, but he
must also maintain an adequate program level to keep well above
the innate noise of his audio system while at the same time keep-
ing just below the overmodulation point. He accomplishes this
by properly adjusting the gain controls while making constant
reference to the VI meter.

This meter must have a very quick response to enable it to
respond to all of the rapid variations in program level, but at the
same time it must not oOperate so rapidly that the eye is unable to
follow it. A standard meter having these desirable characteristics
has been devised and is now in general use throughout the broad-
cast, recording and telephone industries. In the motion picture
field, however, conformity has been somewhat slower, many of
he studios still adhering to the old db reference of 6 milliwatts
measured by a nieter of much more vapid ballistics,
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The new standard meter, introduced in 1940 and known as the
VU - (volume unit) meter, is a copper-oxide rectifier type iastru-
ment with a dynamic characteristic in which, upon the instanta-
neous application of a signal, the pointer will swing to 99%, of
the exact value in 0.3 second *.03 second, and then will over-
swing by 1 to 1.59,. It must also have a frequency response flat
within 0.5 db from 25 to 16,000 c.p.s.
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Fig. 205.  Block diagram of an audio-amplifier system. The graph indicates the
loss or gain of the various units in the system.

A typical VU meter scale is shown in Fig. 206, which indicates
sound level both in terms of volume units and percentage of mod-
ulation. While a difference in volume units is equivalent to the
same difference in decibels, the new designation should properly
be used only in connection with the VU meter. Since the power
in complex program material is constantly changing in an unpre-
dictable and nonrecurring fashion, it is only when a steady signal
is applied to the meter that the indication in VU can be taken as
numerically equal to dbm.

Under such a steady state condition the meter indicates 0 VU
when reading a signal which dissipates 1 milliwatt in a 600-ohm
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circuit. Usually the meter also contains a multiplier circuit
which will insert losses in successive steps of 2 db. Thus, if it is
desired to maintain a peak program level of +6 VU, the multi-
plier will be set to 46 and thereby insert a loss in the meter
circuit of 6 db. Then the basic instrument will not indicate 0
level until peaks of 4+6 VU are reached.

Miscellaneous volume indicators

The cathode-ray oscilloscope makes an excellent volume indi-
cator, being capable of showing instantaneous peaks at all audio
frequencies. It is practically inertialess, and its usefulness is lim-
ited only by the ability of the eyes of the operator to perceive and
retain the rapidly changing information presented on the screen.

Fig. 206.  Volume-unit meter. The upper scale indicates
VU and the lower scale shows percentage of modulation.

Another device (commonly found in amateur recording equip-
ment) employs the neon tube, which fires whenever a predeter-
mined voltage is impressed across it. Since this tube strikes at peak
potential, it has the important advantage that it can be used as
he basis of a peak-reading instrument. But, as used in home
quipment, with only one or two tubes, it has the disadvantage
hat no one ever knows for certain whether the lamp is igniting at
ibout the desired peak or whether it is actually being caused to
ire by a considerable overvoltage.
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chapter

audio-frequency amplifiers

An audio amplifier is one which is designed to amplify sound
frequencies in the form of feeble voltages up to the point
where they can be reconverted into usable amounts of acoustical
power. The important requirements for this class of service are:

1. The system must be capable of passing the full range of
audible frequencies without discrimination or alteration. A fre-
quency response of from 30 to 15,000 c.p.s. or better is highly
desirable.

2. The equipment must operate with equal ease throughout a
wide range of amplitudes. Since a full symphony orchestra may
generate peak powers on the order of 70 watts while a solo instru-
ment playing pianissimo may develop only a few milliwatts, it
follows that the system must operate within a dynamic range of
50 db or better.

3. The output waveform must be as nearly as possible an
undistorted reproduction of the original. At the present state
of the art, total distortion in an excellent amplifier is 19, or less.

4. The amplifier gain must conform to a given set of condi-
tions in terms of the desired amount of output power to be
delivered from the available input voltage.

5. Noise and hum must be absolutely minimum, preferably 65
to 70 db below peak signal level.

6. Input and output impedances must be designed to match
those of the devices immediately preceding and following the
amplifier equipment.
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Classes of audio amplifiers

Any vacuum-tube amplifier may be thought of as a power
inverter in that it receives a steady supply of d.c. power from its
own power supply system and then converts this to a.c. power in
accordance with an a.c. signal at its input. This a.c. output may
be used, depending upon the purpose of the tube, to deliver a
larger voltage across an impedance or to supply power to a load
(such as a speaker). If the tube is used simply to develop a
voltage which will be impressed across the input of a succeeding
amplification stage, it is then known as a voltage amplifier. 1If it
is required to deliver rather large amounts of power to an electro-
mechanical device such as a speaker or disc-recording cutter, it
is called a power am plifier. In either case, each stage of amplifica-
tion must have an input coupling device, an output coupling
device and a suitable source of power for operating the tube.

The distinction between voltage and power amplifiers is not
always clear cut. Generally, the tube immediately preceding the
speaker and feeding power to it is called the power amplifier, all
other tubes in the system being known as voltage amplifiers.
However, all power amplifiers also give some voltage amplifica-
tion, and in some instances a voltage amplifier may also be called
upon to deliver a modest amount of power. Often erroneously
referred to as a power tube, the rectifier has nothing to do with
either voltage or power amplification. Its job is to rectify, to
change a.c. to d.c. and that is all.

The Institute of Radio Engineers (IRE) has adopted designa-
tions for four basic classes of amplifier service. These are known
as classes A, AB, B and C. Class-A operation is often defined as that
in which the grid bias and a.c. signal voltages are such that plate
current flows continuously, with or without signal input. Much
more important is the fact that the tube is operating over the linear
(straight line) portion of its dynamic characteristic curve. Under
these conditions the output waveform should be a precise fac-
simile of that at the input. Thus, class A will deliver the most
faithful reproduction of all classes of amplifiers.

In class-AB operation the grid is made considerably more
negative (stronger negative bias) than in class A and a fairly
large signal is fed to the input, sufficient to drive the grid positive
at the peak of the positive half of the wave. Plate current flows
for less than the full 360° of the input cycle, resulting in wave-
form distortion. This class of operation is unsatisfactory for
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audio use, except when two tubes are connected in what is known
as a push-pull circuit.

A class-B amplifier has its grid biased to cutoff; that is, the grid
voltage is so negative that no plate current will flow under no-
signal conditions. Since additional negative voltage will have
no effect on a plate current which is already zero, only the positive
alternation of the input cycle will cause a current flow in the
output. Thus the class-B amplifier might be thought of as a
half-wave rectifier. This system is also totally unsatisfactory
for audio except in a push-pull circuit.

2)
( lp-E g CHARACTERISTIC
18 -

7 OUTPUT PLATE CURRENT

|
|
PLATE CURRENT-MA | OPERATING PONT —6V |
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INPUT SIG VOLTAGE

Fig. 301. The class-A amplifier produces an undistorted output
waveform but is characterszed by very low efficiency.

Class-C operation uses tubes biased considerably beyond cutoff,
with the result that plate current flows for less than half of the
input cycle. Even when used in push-pull, class-C operation
requires such special circuitry at the output for a barely acceptable
waveform that it is hardly ever used for audio work. Class-C
amplifiers are most often used in the r.f. amplifier stages of trans-
mitters.

The class-A amplifier
The operation of the class-A amplifier can be better under-
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stood by reference to jis characteristic curves, an example of
which is shown in Fig. 301. This shows how the plate current
varies with grid voltage, the plate voltage remaining constant at
a given value. This particular curve woulg be one of an entire
family for a given tube wherein each curve would be predicated
upon a different value of Plate voltage.

With the fixed negative potential on the grid—known as the
grid bias-amouming to —8 volts, the plate current will remain
steady at 12 ma. The Point at which these two values intersect
on the curve is known as the operating point. Class-A operation,

istic curve.  When ap a.c. signal voltage is impressed upon the

+
+
+2
0% 0
- 0
=6
-8 -
=10

— |

Fig. 302. The signal voltage (left) added to the 4. bias
(center) gives us an qc. wave with a d.c, component,

grid, it alternately adds to and subtracts from the 8-volt bias
point of Fig. 301. A signal of 2 volts Peak would cause the grid
to swing between —6 and —]¢ volts (see Fig. 302) and this in turn
Causes the plate current o swing between 6 and 18 ma. The
class-A amplifier tube always has a negative bias stronger than
the maximum positive peak value of the signal. At no time is
the signal able to make the control grid positive.

The class-B amplifier

Class-B operation is consistently different from that of class A,
as seen from Fig. 303. 1In this case the same tube is more heavily
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biased (very nearly to cutoff) so that the negative pulse of the plate
current flow is practically climinated. Obviously the output
wave is far from an exact replica of the input, which means that
severe distortion is present. Much of this distortion can be
eliminated, however, by the use of the push-pull circuit. This
uses two tubes so connected that each of them handles only half
of the signal, one tube amplifying only the positive halves of the
wave while the other one amplifies the negative halves. The
outputs of the two tubes are combined in a common output

circuit, where a voltage is developed which has reasonably low
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Fig. 303. Class-B operation uses more of the tube’s
characteristic curve, is more efficient , but produces
more distortion than class A.

distortion. This effect is illustrated in Fig. 304. The advantage
of the class-B system is its greater efficiency compared to class A.
Thus for a given amount of power output, less stages of amplifica-
tion are necessary, resulting in a simpler and cheaper system.
Although its fidelity is not perfect, the class-B audio amplifier
is quite acceptable for less critical requirements such as public-
address amplifiers or as modulators of amateur radio transmitters.

The class-AB amplifier

The fundamental difference between a class-A and a class-B
amplifier is in the amount of negative bias with which we start.
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As the bias is increased, the operating point on the characteristic
curve is moved downward toward the cutoff point. If we assume
that class-A operation places the operating point at the exact
center of the characteristic curve and that class-B puts that point
down at the bottom of the curve, we then have what might be

PLATE CURRENT - TUBE 1 RESULTANT QUTPUT WAVE

AWAWAWAWA
\

PLATE CURRENT -TUBE 2

Fig. 304. The distortion of class-B operation can be largely overcome through the
use of a push-pull circuit.

considered as two limits of operation. As you might readily expect,

we can compel an amplifier tube to work somewhere in between

these extremes. Such an amplifier tube would have some of the

characteristics of both class A and class B, and quite logically is

referred to as class AB.

Fig. 305. In the illustration at the left we
have a graph indicating class AB opera-
tion. The class of operation of a tube is
determined by the amount of d.. bias

existing belween control grid and cathode
of the tube. As the bias is increased (zs
made more negative z the operating point
"EG‘TM“‘)"’W'VE is moved down on the tharattenstzt curve
SaipouTS (toward the left). In this particular case
> the bias is halfway between that required
far class A and class B — hence the name
< t‘ass AB. The operating point on the
characteristic curve is immniediately above

INEVT SIGNAL YOLTS letter A shown in the drawn%,g

PLATE CURRENT-MA

CLASS AB OPERATION

The relationship between the input signal and the output volt-
age of a class AB amplifier is shown in Fig. 305. Note the limita-
tion we have imposed on ourselves. We have deliberately re-
stricted our use of the linear portion of the characteristic curve.
We still have the advantage of that part of the curve that is
above the operating point, but the effect of moving the operating
point down on the curve means that we are now using the non-
linear section of the characteristic. The result is readily seen
in the illustration. The top half of the output signal is linear
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(not distorted) but the lower half does not resemble the input
signal waveform. As in the case of class-B operation, this defect
is readily overcome through the use of push-pull tubes.

Since vacuum tubes working in class A have the decided advan-
tage of distortion-free operation, you may very well wonder why
we bother with other classes (such as AB, or B) when such classes
are known to produce distortion, plus the requirement for an
additional tube for push-pull operation. The answer lies quite
simply in power output. Fig. 306 gives comparison graphs be-
tween class A and class AB amplifiers. In Fig. 306-a we see that
the amount of signal swing (signal amplitude) is strictly limited

3 3
5
4 -3
g g
s 2

A A

NEGATIVE <~ 0 — POSITIVE L NEGATIVE <— O —» POSITIVE
GRID VOLTS GRID VOLTS
< INPUT SIGNAL VOLTS INI"(UT SIGNAL YOLTS
D‘ CLASS A gPERATlON CLASS ABhOPE RATION

Fig. 306-a,-b. The drawing for class AB operation illustrated in Fig. 305 is
repeated here so that you may compare it with class 4 (shown at the left). The
letter A is directly below the operating point.

by the length of the linear part of the characteristic curve. If the
signal strength is deliberately increased, as in Fig. 306-b, the bot-
tom (and sometimes the top) of the output waveform is clipped.
With a class-AB amplifier you can have a much greater signal
swing before you reach the bent top portion of the characteristic
curve. We don’t worry about the lower part of the waveform since
two tubes in push-pull will take care of that problem.

Class-AB amplifiers can be subdivided into class-AB; and class-
AB,. These amplifiers (AB, and AB,) operate somewhere be-
tween class A and class B. The distinction between class AB, and
class AB, is a matter of grid bias and signal swing. If the amount
of negative bias is always greater than the maximum positive
voltage of the signal, the control grid will always remain negative.
This is class AB,. If, however, the positive peak of the signal is
larger than the negative bias, the control grid will be made posi-
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tive. This means that the control grid of the tube will draw cur-

rent for a small portion of the time. Such operation is called
class AB,.

The direct-coupled amplifier

The simplest type of audio amplifier is one which has only a
single tube, the source signal being applied across its Input and
the load such as a loudspeaker being connected to its output.
However, there has not as yet been invented any single tube with

Fig. 307-a.h-c. The circuits shown in a and b provide only a single

stage of amplification. In ¢ e have a cascade arrangement of two
stages of amplification,

sufficient amplification combined with the necessary large power-
handling capabilities to permit suitable operation of one-tube
amplifiers. Therefore, it is customary to connect one or more
tubes following the initjal tube to provide additional amplifica-
tion and power. Each single tube or combination of tubes which
provide a single stepup in the signal constitutes a stage of amplifi-
cation. Thus. if two or more tubes are so connected that they
work together to provide a given amount of amplification from a
common input to a common output, they provide only a single
stage of amplification. See Fig. 307-a,-b. When a number of
stages of amplification are connected together in sequence, they
are said to be connected in cascade (Fig. 307-c) and the particular
method of connection between stages is known as the coupling.
In audio work, usually all stages but the fina] one are employed
as voltage amplifiers, as contrasted against high-power radio trans.
nmitters which may have several POWer stages preceding the final
one. The basic differences in circuitry and operation between

o IdRadioHistory . .
voltage and power amplifiers are Vi'l’lusatrate in Fig. 308-a,-b.
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The simplest method of interstage coupling occurs when the
plate output circuit of a stage is connected directly to the grid
input of the succeeding stage as shown in Fig. 309. The particu-
lar advantage of this circuit is its very excellent frequency response
and low distortion. This is especially true at the lower frequen-
cies, where it is very difficult to obtain by other coupling methods
a high degrec of amplification without encountering considerable
phase distortion. This amplifier operates well all the way down
to 0 c.p.s. (direct current).

HIGH INTERNAL PLATE RESISTANCE LOW INTERNAL PLATE RESISTANCE
N —

HIGH GAIN TUBE

LOW GAIN TUBE

LOW| PLATE CURRENT HIGH| PLATE CURRENT

LOW BIAS VOLTAGE 8+ HIGH BIAS VOLTAGE

a 5

Fig. 308-a,-b.  The circuit at the left is a voltage amplifier; that at the
right is a power amplifier. The circuits are drawn the same way, but com-
ponent values and type of operation differ.

One of the greatest disadvantages of this system is its require-
ment of exceedingly high voltages. Since the grid of each succeed-
ing stage is at the same positive potential as the plate of the pre-

$ o
D —
|
INPUT l
- [ +
———|1fs |- - -t~ - tp—r

8 SUPPLY
Fig. 309.  Circuit of a divect-coupled amplifier. The capacitor be-
tween the plate of the first tube and the control arid of the follow-
ing tube is eliminated.

ceding stage, its cathode must be even more positive with respect
to the grid, and of course the plate also must become much more
positive. In the case of several stages of this continual stepping
up of the voltage requirements, a very large supply is necessary,
providing dangerously high potentials. Another serious dis-
advantage of this system for audio use is its lack of stability. Per-
formance varies rather widely with fairly small variations in
supply voltages, aging of tubes or tube replacements. For these
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reasons it is seldom used in audio, although it is quite useful in
such d.c. applications as photocell devices and control circuits.
For audio, a similar system known as the resistance-coupled ampli-
fier is the most commonly used.

Resistance coupling

This method is more properly known as resistance—capacitance
coupling for the capacitor, inserted between the plate load circuit
of one stage and the grid input of the next stage is a very essential
part of the system. Its purpose is to allow all audio frequencies
to pass between stages without impairment, while at the same
time providing complete d.c. isolation between output and input
circuits of the coupled stages.

vi OUTPUT

INPUT

TO AC LINE - L C|

T i~

Fig. 310. Elementary audio-amplifier system. Triodes are used
here for the sake of simplicity.

The theory of operation of this circuit may be understood by
reference to Fig. 310. The signal to be amplified is applied across
the grid input circuit of the first tube, V1, resulting in a variation
in the amount of current normally flowing through the plate load
resistor, R1. The audio currents flowing through this resistor
cause an audio voltage to be set up across it, this voltage being
an amplified replica of the input voltage.

The voltage applied to the plate of the tube, therefore, varies
in exact accordance with the audio voltage, for the plate voltage
at any instant will differ from the supply voltage by the amount
of the drop across the plate load. This audio-frequency voltage
will then tend to charge the plates of the coupling capacitor, C2
with the result that the voltage on the grid of the next tube will
vary similarly. A grid leak resistor (R2) is included in the circuit
to prevent grid blocking by providing the customary return from
grid to cathode.
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The resistance value of the plate load resistor should
theoretically be as high as possible for the gain per stage is deter-
mined in part by the ratio of the plate load to the internal plate
resistance of the tube. But as the load resistance is increased the
supply voltage must be similarly increased. In practice the plate
load is usually around three times the internal plate resistance, a
value which allows the tube to deliver about 759, of its theoreti-
cal voltage amplification.

"The plate current of V1 (in Fig. 310) varied by the input signal
also flows through R1. It is this variation in voltage across R1
that is our audio signal and it is this signal that is impressed on
the control grid of the following tube. Actually, the coupling
capacitor C2, and the grid leak resistor, R2, form an a.c. voltage
divider network as shown in Fig. 311. Note that in this illustra-
tion we have the load resistor, R1, in series with the filter capaci-
tor, Cl, of the power supply. As far as the signal is concerned,
Cl looks like a very small impedance compared to R1. Usually Cl
is a filter-type unit of some 40 pf or more. Its capacitive reactance
(in ohmis) at the frequency of the audio signal, is quite small. Let
us assume that at this particular moment the audio signal has

vl

Fig. 311. This is the same circuit
as that shown in Fig. 310. The
power supply has been omitted.

.
a frequency of 1,000 c.p.s. and that C1 has a value of 40 uf. Under
these operating conditions C1 has a reactance of about 4 ohms. If
R1 is 470,000 ohms (a common value) then almost the entire
audio signal will appear across R1. The value of Cl (in ohms) is

so very small that the bottom end of R1 thinks it is tied right
to ground.

Now let us take a look at C2 and R2. If you will compare Fig.
311 with Fig. 310 you will see quite readily that all we have done
is turned C2 around a bit but that the circuit has not been altered
otherwise. C2 and R2 are in series. This series combination is
shunted right across R1 just as shown in Fig. 312. We have omitted
Cl in this illustration since its reactance value in ohms was small
enough to be disregarded. Any audio voltage appearing across
R1 will now also be impressed across C2 and R2. The question
now arises as to how much of this audio voltage will be dropped
by C2 and how much will appear across R2.
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There is no question but that if the capacitive reactance of C2
(in ohms) should happen to be exactly equal to the value of R2
(also in ohms) the signal voltage will divide equally between these
two components. Thus, if the audio voltage across R1 were 10 volts,
then under these conditions we would have 5 volts of signal across
C2 and 5 volts across R2. By looking at Fig. 312 we can easily see
that the only signal voltage that can do us any good is that appear-
ing across R2. This is the component that is connected between
control grid and cathode of the following tube; hence it is R2 that
is responsible for delivery of the signal. The ideal situation is to
make the capacitance of C2 as large as possible. The larger the
capacitance, the smaller the reactance, and the less signal we lose
across C2. Similarly, we want to try to make R2 just as large as
possible (high value of resistance) so that we get the maximum
signal across it.

The correct values of coupling capacitor and grid leak resistor
are very important to the frequency response and stability of the
amplifier. The capacitor must be quite large to permit the pass-
age of the lowest audio frequencies, and the grid leak must be
large enough to provide a sizable voltage across the input of its

=2 =
RI 4 “ p
>
Fig. 312. Here we have a further sim-  Fig. 3$13. An iron-core coil can be sub-
plification of the circuit of Fig. 310. stituted for resistor RI.

stage. But as this combination becomes substantial its time con-
stant is a serious factor in causing blocking of the grid because
of the inability of grid-leak return circuit to discharge rapidly
enough to follow the signal at high frequencies with high levels.
In practice, this time constant is limited to a maximum of .05
second. The coupling capacitor is kept as small as possible con-
sistent with the requirement for good low-frequency response. A
fairly common set of values employs a coupling capacitor of .01
uf (microfarad) with a grid leak of 470,000 ohms.

The impedance-coupled amplifier

Impedance coupling is very similar to resistance coupling, the
essential difference being that an inductor (or coil) is employed
as the plate load in place of the resistor. See Fig. 313. This
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impedance device consists of a core of laminated silicon steel
around which is wound a large number of turns of fine wire. The
coupling capacitor and grid leak resistor are the same as in a
resistance-coupled stage.

The basic principle of operation is also similar, except that the
audio voltage developed across the load is equal to 1 X Z (current
times impedance), instead of I X R (current times resistance).
Now if the impedance is so designed that it has a high a.c. imped-
ance but a low d.c. resistance, then it should be possible to develop
asizable a.c. voltage drop across the load with a minimum d.c. loss.
This will enable the use of a lower plate supply voltage for the
same amount of potential actually appearing on the plate and the
same amount of signal developed at the output.

The very fact that this impedance is an a.c. device means that
it is reactive, with its opposition to current flow being directly
proportional to the frequency of that current. Hence the voltage

Fig. 314. Transformer-coupled audio amplifier.

developed across the load will depend largely upon its frequency,
a condition quite the opposite from the ideal. For this reason,
along with the relatively high cost of the inductor as compared
with a resistor, the impedance-coupled amplifier is hardly ever
used for quality audio work.

The transformer-coupled amplifier

A method of interstage coupling which has some advantages
involves the use of audio transformers between plate and grid cir-
cuits. The schematic of such a method is shown in Fig. 314. The
transformer usually has a step-up ratio, due to a larger number of
turns on the secondary than on the primary, with a consequent
voltage gain in addition to that provided by the tube. The trans-
former thus acts as an impedance-matching device between the
plate and grid circuits, and it may also provide the d.c. path for
the plate current.

Any tube will operate efficiently as an amplifier when the load
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connected across its output is high compared to the internal plate
resistance of that tube. In fact, the maximum theoretical gain
from the tube is possible only when the plate load is infinite. How-
ever, under these conditions the tube would become inoperative,
and it is therefore necessary for us to find the best compromise
point short of this. An idea of how this works in practice can be
gathered by reference to Fig. 315, which shows how the gain of
a typical triode, having an internal load impedance of 10,000
ohms and an amplification factor of 10, will vary with a changing
load or impedance. We can see that for low values of load
impedance only a small fraction of this amplification factor can be
realized, but at values of three to five times the plate impedance
over 759, of the theoretical gain is possible. Beyond this the law
of diminishing returns sets in, and there is little practical value
in attempting to raise the gain further.

Getting back to our transformer-coupled amplifier, we now en-
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Fig. 315. The gain of an audio circuit increases as
the resistance or impedance of the load is raised.

counter the practical problem of building a transformer whose
primary has sufficient self-impedance to load the tube properly.
A very high inductance involving a tremendous number of turns
of wire is necessary, and then several times that number
will be necessary on the secondary if a voltage stepup is to be
provided. For this reason transformer coupling is most practical
when used with triode tubes, the pentode simply having too much
internal impedance to be properly loaded by a practical trans-
former.

Another difficulty with transformet coupling is identical with
that encountered in the impedance-coupled method. The trans-
former is a reactive device whose impedance increases with fre-
quency, which makes for considerable difficulty in loading the
tube correctly at the bass frequencies. At the other end of the

46

WorldRadioHistory



spectrum the distributed capacitance between the turns of the
windings may begin to act as a shunt path for the high fre-
quencies. The result of all this is that it is extremely difficult
to achieve a wide-range frequency response with the transformer-
coupled method.

The current flowing through the primary winding of the
transformer actually consists of two components, a.c. and d.c.,
with the alternating current component superimposed upon the
d.c. This d.c. component is of no use whatever in inducing a
voltage over into the secondary, but it does have the undesirable
effect of magnetically saturating the core. This results in an at-
tenuation of the positive peaks of the signal with consequent
waveform distortion. It also reduces the inductance and re-
actance of the primary winding, resulting in even poorer low-
frequency response.

The problem of saturation is attacked in two ways. First the
transformer is built with a large amount of steel in the core,
which raises the saturation point but also increases the size, weight
and cost. The amount of saturation can be further reduced by

—

B8+

Fig. 316. The capacitor connected between the plate of

the first tube and the primary of the transformer permits

passage of the signal, but blocks d.c. from the audio trans-
former.

keeping the d.c. component completely out of the winding. This
is accomplished by providing a different path for the plate supply
in a method known as shunt feed, illustrated in Fig. 316. A
capacitor is inserted in series with the primary to block the d.c.
from flowing through the winding, but the capacitor is large
enough to pass all audio frequencies. The d.c. meanwhile flows
through the dropping resistor to the power supply. Since a part
of the a.c. component will also appear across the dropping resistor,
this system provides somewhat lower gain but it does at least
eliminate d.c. saturation of the transformer core.

Motorboating
Whenever two circuits operating at the same frequency have an
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impedance which is common to both, there is coupling between
them. In audio amplifiers having a common power supply for
all stages, coupling will exist through the high internal resistance
of the power supply itself. Then, depending upon the phase
relationships of the voltages present, there may be either regenera-
tion or degeneration. In the former case instability may result.
The amplifier becomes a form of relaxation oscillator at a low
frequency, emitting a sort of putt-putt sound often called motor-
boating.

Since there is ordinarily a phase reversal of 180° in each stage,
the coupling between adjacent stages through the common power
supply is degenerative and of little consequence. But when
more than two stages are employed, alternate stages will have
in-phase signals and regenerative coupling may then result.

The commonest method of avoiding motorboating involves the
use of a decoupling filter consisting of a resistance and a capaci-
tance. Such a circuit is shown in Fig. 317. This is shown as part
of a resistance-coupled amplifier, but the method is applicable
to any type of coupling. Circuit constants are so chosen that the
reactance of the bypass capacitor to all audio frequencies is con-

——
3
[ Fig. 317. A decoupling filter
WPUT consists of a resistor and a ca-
1':—1 =u m%oﬁmummcnma pacitor.
<
" E3 e

siderably less than the resistance of the decoupling resistor plus
the internal resistance of the plate supply. In practice a de-
coupling resistor around one-fifth the size of the load resistor is
used in conjunction with a fairly large capacitor, perhaps on the
order of 8 pf. This circuit also has a second desirable effect in
that it aids considerably in hum reduction.

Like almost everything else in electronics, if you want a de-
sirable effect you must pay for it. The decoupling network, CI
and R1 in Fig. 317, will minimize or eliminate motorboating,
reduce hum, improve filtering—but at a price. A part of the B
plus voltage will drop across R1. This means that the available
B plus supply voltage is reduced by just that amount. As an
example, if the supply voltage is 300 and you get a 50-volt drop
across R1, then your supply voltage is actually only 250 volts.
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This disadvantage, however, is minor compared to the benefits,
and most audio systems therefore use some decoupling.

Push-pull amplification

‘The simplest type of push-pull amplifier employs transformer
coupling, as shown in Fig. 318, in which two tubes act to provide
a single stage of amplification. When an input signal appears
across the primary of the transformer, there is first a voltage stepup
by induction from primary to secondary and then the signal ap-
pears at the grids of the two push-pull tubes. Since there is a
difference of potential between the ends of the transformer second-
ary, the voltages on the grids must be 180° out of phase with each
other. Thus when a signal is applied, one grid will become more
negative at the same time that the other one becomes less negative,
and vice versa.

Similarly, in the plate circuits of each tube, as the plate current
in one tube becomes greater due to a less negative voltage on its
control grid, the plate current in the other tube at the same instant
will be decreasing by a like amount due to a more negative voltage

E OUTPUT

Fig. 318. Fundamental diagram of a push-pull circuit.
Center-tapped transformers are used.

on its grid. These actions result in voltages which are out of phase
with each other at opposite ends of the output transformer. This
is precisely the desired condition. The voltages will then combine
additively in the output transformer and the resultant will be
exactly twice what it would have been with a single tube operating
under identical voltage and signal conditions. Sirce it doesn’t
appear that we have something for nothing in the combination
of two tubes in push-pull compared with two single-ended stages
in cascade, we must look elsewhere for the advantages of this
circuit.

Referring again to Fig. 303, we observed the condition in which
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the negative pulse of the signal was nearly eliminated due to an
excessive amount of grid bias on the tube. And even if the bias
had not been so very great, the negative pulse would have been
deformed as long as the operating point was allowed to remain
in the vicinity of the lower bend of the curve. Similarly, if the
bias were very small (less negative) then the operating point would
be along the upper bend of the characteristic curve, resulting in
waveform distortion of the positive half of the cycle. In the third
instance, even if the operating point were correctly set at the
middle of the straight-line portion of the characteristic curve, a
very heavy signal would swing the grid so far that the tube would
operate into both bent portions of the curve and cause both nega-
tive and positive peaks to be flattened. Finally if the load imped-
ance connected to the tube is rather low, about equal to the plate
resistance instead of the customary two to five times that amount,
the dynamic characteristic curve of the tube much more resembles
the letter S, with almost no linear portion at all. In each of these
four cases, then, waveform distortion occurs within the tube itself:
(1) excessive grid bias; (2) insufficient bias; (3) excessive signal
and (4) low load impedance.

In all these instances the waveform can be analyzed to show
that the output signal has had added to it a number of harmonics
which were not present in the original, resulting in harmonic
distortion. Furthermore, the sort of distortion condition shown
in Fig. 303 is largely the result of the addition of the second har-
monic to the signal fundamental, as we see in Fig. 319-a, -b.

A further study of Fig. 319 shows that the fundamentals
and resultants are 180° out of phase, as they should be for addi-
tive combination at the output of a push-pull circuit. But when
this is true we also note that the spurious second harmonic
components are still exactly in phase. It would then seem to be
a safe assumption that if out-of-phase voltages can combine
additively in a push-pull circuit, equal in-phase voltages will can-
cel each other. This is exactly the case, and we can now extend it
further to state that all even-order harmonic distortion generated
within a push-pull circuit will be cancelled and eliminated at the
output. This is unfortunately not true of odd harmonics nor is it
true of distortion present at the input signal and fed into the
system in correct phase.

From Fig. 318 we can see that the plate voltage is applied to
the two tubes by means of a center tap at the primary of the output
transformer. Therefore \Aygﬂ&agdgémgomponent as well as any ex-
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traneous voltages which accompany it will arrive at both plates
simultaneously, which is to say they will be in phase. This fact
provides us with several additional advantages in the push-pull
system. Since the two d.c. plate currents in each half of the wind-
ing flow in opposite directions, the magnetization of the core is
very slight, which means almost no danger of magnetic saturation.
Thus, the turns of wire on the transformer are able to provide
more effective inductance, with the result that our transformer
needs proportionately less iron and less copper than for the
equivalent performance in a single-ended stage.

Also as a result of this center-tap feed, any hum voltage applied
to the plates from the power supply will be cancelled. Similarly
any other fluctuations in the plate voltage, such as those due to
interstage coupling within the power supply, will also be elim-
inated. Thus the possibility of instability or motorboating due
to coupling is practically nonexistent in the push-pull amplifier.

Phase inversion or splitting

From our discussion of the push-pull system it is obvious that
some method of phase splitting is necessary to provide two volt-
ages which are 180° out of phase before they are applied to the
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Fig. 319-a-b. Waveforms in the output of a push-pull circuit.

two control grids. The most obvious method of accomplishing
this is by the use of the center-tapped input transformer already
discussed. Other methods involve a modification of impedance
coupling in which a center-tapped choke coil is connected to the
input or a pair of equal resistors in series may be connected across
an ordinary transformer with a connection to the center of them
providing the ground return for the cathodes.

The commonest method of phase inversion, however, employs
a modification of resistance coupling.: This eliminates the ex-
pensive transformer and provides better fidelity at the same time.
A typical resistance-coupled phase inverter is shown in Fig. 320.
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To understand its principle of operation consider an instant when
the alternating input signal is becoming positive, thereby decreas-
ing the negative voltage on the grid of the phase inverter. At
this point the plate current will increase, causing a larger voltage
drop across resistors R1, R2 and R3. Then the voltage appearing
at point A will have decreased (will have become more negative)
while the voltage at point B will have increased (will have be-
come more positive). Thus these two voltages are out of phase
and will be suitable for exciting a push-pull amplifier, provided
they are of equal value. Since the same current flows through R2
and R3, this condition is met by making these resistors equal.
This particular phase inverter circuit has a few minor disad-
vantages, one of them being that it cannot be used with a device
having an unbalanced output. If a pickup, for example, having
one side grounded, were to be connected across this phase inverter,
it would short R2 to ground and thus kill one side of the split
circuit. Also it does very little amplifying, as degeneration is
characteristic of its operation. In practice the gain is about 0.9
for each side of the split, or a total of 1.8 times from grid to grid
of the push-pull output tubes. Therefore the phase inverter is

OUTPUT

o (C

B+

PWR SUPPLY

Fig. 320. A single tube can be used to supply out-of-phase signals for driving
tubes in push-pull.
best regarded simply as a substitute for the center-tapped input
transformer. This is not nearly as extravagant as it may seem:
the transformer will usually cost considerably more than the tube
and its associated circuits and still the results would not be as
satisfactory. Furthermore, the degeneration is actually rather
desirable, for it possesses all of the usual features of negative feed-
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back (inverse feedback). These advantages include the reduction
of harmonic distortion and an improved frequency response.

Inverse feedback

Whenever a part of the signal appearing at the output of a
circuit is returned to its input, we have a condition of feedback.
If the feedback signal is in phase with the incoming voltage and
thus adds to it, the feedback is said to be regenerative or positive.
If the feedback is out of phase with the incoming signal, it is called
degenerative, inverse or negative. Either of these effects may occur
accidentally within an amplifier due to faulty design, but they
may also be deliberately introduced to serve some useful purpose.

Regeneration is common in radio transmitters, communication
receivers and audio oscillators while both positive and negative
feedback are sometimes employed in quality amplifiers. Most
amplifiers use some form of negative feedback. The system of
negative feedback essentially involves an arrangement whereby
energy from the plate output circuit is fed back to the grid input
with such a phase relationship as to have the feedback voltage
opposing the input signal. This circuit is shown in Fig. 321.

B+

Fig. 321. Typical negative-feedback arrangement. Fre-
quency response improves at expense of gain.

While this circuit is relatively simple, the amount of feedback
and its phase with respect to the signal must be carefully engi-
neered. Otherwise, serious instability and distortion may occur due
to uncontrolled regeneration within the audio spectrum or even
somewhere outside it. The arrangement of Fig. 321, in which
the feedback occurs all in one stage, is the least complicated, but
often in high-quality applications the feedback signal may be
returned to a circuit several stages preceding the point of feed-
back pickup.

Referring to Fig. 321, the feedback circuit consists of the
voltage divider R1 and R2, plus the blocking capacitor C, which

53

WorldRadioHistory



prevents the d.c. plate supply from being applied to the control
grid of the tube. But the a.c. component in the plate circuit readily
passes through the capacitor and appears across the combination
of R1 and R2. By varying the values of these resistors we can feed
back any desired percentage of the output signal. The actual
amount of voltage fed back will be proportional to the ratio
R1/(R1 4+ R2). For example, if the total audio voltage across
the output without feedback is 100, R1 = 10,000 ohms and
R2 = 190,000 ohms, then the feedback factor will equal
10,000/ (10,000 + 190,000) = 0.05. This is a voltage ratio of
20 to 1, or about 26 db, a fairly common value. In practice the
amount of feedback is usually somewhere between 16 and 40 db.

We have already indicated that inverse feedback causes a re-
duction in harmonic distortion. The manner in which this is
achieved is illustrated in Fig. 322. The waveform of the output
without feedback is considerably distorted due to the addition of
spurious harmonics. When feedback voltage is applied to the
input, it will be similarly distorted and this distortion will oppose
that generated in the amplifier, resulting in some cancellation of
the distortion at the output. Of course the output is reduced
in the process, but the important thing is that the distortion is
reduced by exactly the same proportion. ‘That is, if the signal is
reduced by just 6 db (voltage ratio of 2 to 1), the distortion will
also be cut in half. It is then a simple matter to provide sufficient
gain to overcome the loss in the feedback circuit, and the final
signal will still have considerably less distortion than it would
have had without feedback. In similar fashion all other spurious
components generated within the amplifier, such as noise or hum,
will be reduced in like amounts.

We have also said that inverse feedback improves the fre-
quency response of an amplifier. The reason for this will become
clear when we refine our previous statements concerning the phase
relationships between the input and output voltages. The tube
itself is said to be phase-reversing because its plate current varies
in a manner exactly the opposite to the voltage on the grid. But
there are also other factors at work here in the shape of capacitors
and inductances in the circuit as well as stray values of both in-
ductance and capacitance, even including the internal structure
of the tube itself. These reactive components will take an active
pa