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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 individnals 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.




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 Mtg. Co., Karlson Associates, Inc., Klipsch and
Associates, Radio Corporation of America, Weston Electrical In-
strument Corp.




chapter

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 definition: vibration.  In the beginning sound is
created by cansing an object to vibrate. It may be a bowed or
plucked string, the human vocal cords, or ¢ven 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-
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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 ..ottt 4,708 *
brick ....... ... ... i 12,000 ~
glass ... ... ... 16,410 ~ "
steel . ... 16,500 "~

When sound waves traveling 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/ )]
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
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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

AlR

WALL

Fig. 101. Sound, striking a wall, is reflected
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,
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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 of production ol 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 childven, they vibrate
nore slowly and thus produce the lower tones characteristic of
men’s voices. The average male voice has a fundamental pitch
around 128 cycles per second. while that of the average female is
around twice that Irequency.

Since the huwman 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 difficult 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 enconntered 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
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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 | to a maximum at 2, followed by a decrease to normal at 3,

MOTION OF
LOUDSPEAKER
CONE

b4 N i
COMPRESSION P

ANID DTS T AT N G i ——

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

with a further decrease below normal to maximum at 4, and
finally a return to normal at 5. This entire series of changes
through 1 to 5 is called one cvele. It 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.ps.  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 hunin hearing system.
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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 kevy 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.p.s.). 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. FEach 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
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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.

Ll L

A
a
o

o o - ®O NO -NO®O O
mooonmooaonr 20n88888°,3285888
NoSoNnN*QON°'0°“°°nd“n"°_o
NG mAroSmanr S22 28 -2 Y0 00N o0
°’§°2Q;$328;°-""""'~°° O~ = o =
383ITS888R8 -~ cdaNNAMAA Y

of harmonics. The fundamental sine wave combines with the harmonics

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 harmnonics are the most important. This means that
an gudio system must be able to pass a wide range of frequencies.

-
)

Character;stics 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




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.

AATAVATA R

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 anipli-
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
fundamental 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 hmman ear is the
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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 ol the low Irequencies, 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. Our 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 of 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 ol the orchestra.
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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
and thus produce sound. If the string is twanged precisely in
the middle, it will vibrate as a whole and produce its fundamental
tone. But if the same string is plucked, struck or bowed near
one 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.
These conditions are shown in Fig. 106.

A - STRING YIBRATING AS A WHOLE

NODES
———— f‘---. ;',—-.~ P . I T _

L, S S TS ame N

]

B~ STRING VIBRATING IN SEGMENTS

-
- Sy T Ny

C - STRING VIBRATING AS A WHOLE L IN SEGMENTS

Fig. 106. This illustration shows the characteris-
tics of a vibrating string.

Pythagoras discovered that when two strings are under equal
tension, 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
stated: 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
strictly true, but we have found that any pair of tones whose
frequencies are proportional to any pair of the integers 1, 2, 3,
4, 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.
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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 ) 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

Fat
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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



A secondary set of scales, known as the minor scales, is con-
structed upon sunilar 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
than 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 prodnce 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 opening or closing holes in the side of the instrument.
instruinents of this group which have a definite pitch, although
it uses the string as the vibrating body. Other percussion in-
struments of definite pitch include the xylophone, bells and
chimnes. 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 drinus, tom-toms, triangle, temple blocks and
cymbals.
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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 dcfinition 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 sccond. 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 dync 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
of electric power, we often refer to the intensity of sound rather
than its pressure. The unit then employed is the watt per square
centimeler.

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 2? = 4,
and similarly 2 X 2 X 2 = 8 becomes 22 = 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 = 28 x 27 = 212 — 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 = 2!2 = 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 27. 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 2'? and ended up with
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4,096. Of course you could have multiplied 32 X 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: WH12 = W2 = 29 = 8,

Sinilarly, complex problems involving any combination of
these operations may be solved, provided all of the values could
be expressed in terms of the power ol 2 and our table was com-
plete enough to cover all the figures 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 ol the common powers
of 10 in the saine manner that we did lor the table of the number 2.
This table is shown as Fig. 202, and we can immediately see that
the resultant values arc much simpler. For example:

10° = 1 log 1 =20
10 = 10 log 10 = 1
102 = 100 log 100 = 2
10 = 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 10%
This munber really consists ol 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 10* = 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
nunbers (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 2 2% 2¢ 27 20 rad AL || 2 2n

EQUIVALENT ; NERE
P 2 |« | 8 |16 |32 |64 | 128 256 |52 [1024 | 2048|4096

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

he 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, | © ! 2 3 a 5 6 7 8 9 10 " 12
) o
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f 00 | 1or | 102 | 108 | 10e | 10% | 108 | jo7 | 108 [ 0® | 10' | s0' | 10%
&

Fig. 202. [logarithins are simply a short-cui method for doing arithmetic that
would othenwise he tedious and difficult.

Our particular problem is to issue 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 10 exist
and would be needless repetition.  For example, the muuber 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 bhetween 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

23



No. 0 1 2 3 4 5 6 7 8 9

10 0000 | 0043 | 0086 0128 | 0170 | 0212 | 0253 | 0294 | 0334 | 0374
1 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 | 12061 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 | 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
31 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 1 6542 | 6551 | 6561 | 6571 | 6580 | 6590 | 6599 | 6609 | 6618
46 6628 | 6637 | 6646 | 6656 | 6665 | 6675 | 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
49 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. 208. 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 (i.e., a decimal
fraction) is negative and is one more than the number of zeros
iinmediately to the right of the decimal point. For example,
logio .05 = —1.6990.

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 log,, 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 themm (.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 antilogy, 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 ol 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 adopted as the standard 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
decibel 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 attenuators, filters and
equalizers.

The bel is definec 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 logm

: &)

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 (gaim) = 10 logy, 3—05 — 10 logy, 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:

E;?
2
R,
and :
db = 10 logy, % (5)

In the case of equal impedances at input and output, that is,
when R1 = R2, these equations reduce simply to
El Il
I, db = 20 loge 1
Here Rl 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 +50—20420+4+24 = 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

db = 20 logy,

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.

Fig. 204. The use of decibels +5008 —2008 +2008 +24D8
(db) makes it easier to deter- APL EQUALIZER AMPL AMPL
mine overall loss and gain.

L

—

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 1 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 =
V.00l 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. Di-
rectly below each unit in the channel is indicated the peak oper-
ating level at that point under novmal conditions. "'he levels rep-
resenting fixed gains or losses are connected by vertical lines, while
those which are variable due to a fader or volume control are
shown as sloping lines. The extent ol the slope does not neces-
sarily, however, indicate the extent ol 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 loss 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 beconie 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 to 20,000 c.ps. 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 VI meter.

In a broadcast or recording control room, the engineer may
adjust the balance ol 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 operate 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 ol
the studios still adhering to the old db reference of 6 milliwatts
measured by a meter 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 instru-
ment with a dynamic characteristic in which, upon the instanta-
neous application of a signal, the pointer will swing to 999, of
the exact value in 0.3 second *.03 second, and then will over-
swing by | 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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¥ig. 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 4+-6 VU, the multi-
plier will be set to +6 and thereby insert a loss in the meter
circuit of 6 db. Then the basic instrument will not indicate 0
level until peaks of +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
the basis of a peak-reading instrument. But, as used in home
equipment, with only one or two tubes, it has the disadvantage
that no one ever knows for certain whether the lamp is igniting at
about the desired peak or whether it is actually being caused to
fire by a considerable overvoltage.
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chapter

audio-frequency amplifiers

n 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.ps. 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 cxcellent 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 trom 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. 1f 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 amplifier. 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 imniediately 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 alrcady 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

GRID BIAS VOLTS: —20 -5

INPUT $IG VOLTAGE

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

Class-C operation uses tubes biased considerably beyond cutoff,
with the result that plate currer.t 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 its 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 would 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—amounting 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,
then, occurs when an operating point is selected which is approxi-
mately at the middle of the straight-line portion of the character-
istic curve. When an a.c. signal voltage is impressed upon the
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Fig. 302. The signal voltage (left) added to the d.c. bias
(center) gives us an ac. wave with a d.c. component,

(right).

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 -10 volts (see Fig. 302) and this in turn
causes the plate current to 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.

With a properly selected operating point and an input signal
which is not sufficient to drive the operation into the bent por-
tions of the curve, the output will be a perfectly enlarged replica
of the input. This means complete freedom from distortion,
which of course is the desired ideal.

The class-B amplifier
Class-B operation is consistently different from that of class A,
as seen from Fig. 303. In 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 eliminated. 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
2l

ty- Eg CHARACTERISTIC

0 1

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 | RESULTANT OUTPUT WAVE

A WAWAWA
, VARV,

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.

r

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

PLATE CURRENT-MA

existing between control grid and cathode
of the tube. As the bias is increased (is

made more negative) the operating point
NeGy phy &—;WM is moved down on the characteristic curve

> (toward the left). In this particular case

the bias is halfway between that required

for class A and class B — hence the name

< class AB. The operating point on the
SIGNAL YOLTS characteristic curve is immediately above

letter A shown in the drawing.

CLASS A 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
g M
2 3

1 , il

NEGATIVE «— 0 —> POSITIVE NEGATIVE =— 0 — POSITWE
GRIDYOLTS GRID YOLTS
|
INPUT SIGNAL YOLTS INPUT SIGNAL YOLTS
CLASS A:nnmou CLASS ABLOPERATM

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 A (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 ABa.

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,-b.-c. The circuits shown in a and b provide only a single
stage of amplification. In ¢ we 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 initial 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 final one are employed
as voltage amplifiers, as contrasted against high-power radio trans-
mitters which may have several power stages preceding the final
one. The basic differences in circuitry and operation between
voltage and power amplifiers are illustrated 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 degree of amplification without encountering considerable
phase distortion. This amplifier operates well all the way down
to 0 c.p.s. (direct current).

HIGH INTERMAL PLATE RESISTANCE LOW INTERNAL PLATE RESISTANCE
AN — AN

LOW GAIN TUBE

HIGH) PLATE CURRENT

2 A A

LOW BIAS VOLTAGE B8+ HIGH BIAS YOLTAGE
4

Fig. 308-a.-h. The circuit at the left is a woltage awmplifier; that at the
right is a power amplifier. The arcuits 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-
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Fig. 309. Circuit of a direct-coupled amplifier. The capacitor be-

tween the plate of the first tube and the control grid 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 e v2 OUTPUT

AAA -

TO AC LINE T 4

-

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 normatly 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,
Cl1 looks like a very small impedance compared to R1. Usually Cl
is a filter-type unit of some 40 uf or more. Its capacitive reactance
(in ohms) at the frequency of the audio signal, is quite small. Let
us assume that at this particular moment the audio signal has

v I le ©
< . Fig. 311. This is the same circuit
- b as that shown in Fig. 310. The
T < power supply has been omitted.

a frequency of 1,000 c.p.s. and that Cl has a value of 40 pf. Under
these operating conditions Cl 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 Rl. 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
Rl 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
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Fig. 312. Here we have a further sim- Fig. 313. An iron-core coil can be sub-

plification of the circuit of Fig. 310. stituted for resistor R1.
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 I 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
a sizable a.c. voltage drop across the load with 2 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
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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 2 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 comnpromise
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 transformetr 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
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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 wmdmg 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
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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 puti-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-

L o=
3
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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 uf. 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, Cl
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 systeins 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

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. Since 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 i 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 the d.c. component 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 inagnetic 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

'/"\eeurm
LY

Fig. 319-a-b.  Waveforms in the oulput 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 immpedance
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.
.\ 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 cannpt 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
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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.

.
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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
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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 Rl 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 4+ 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
part in affecting the phase relationships of the voltages across them
and the currents flowing through them. As a result of these
several forces working simultaneously, the actual phase relation-
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ship of the feedback voltage with respect to the input may be
something quite different from an exact 180°.

Now when the phase angle is anywhere from 90° around
through 180° and up to 270°, the input and the feedback will
combine more or less negatively and the net result will be de-
generation. But if the phase angle is upward of 270° around to
90°, the two signals will add and produce regeneration. The
only exceptions are at precisely 90° and 270°, where the feedback
will have no effect. We also know that the reactances of the
circuit capacitance and inductance will vary with frequency, the
inductive reactance increasing at the higher frequencies and the
capacitive reactance increasing at the lower end. Therefore the
phase angle of the feedback signal will swing closer to 90° or 270°
from the 180° condition, and less degeneration will result. Thus
the losses at the extreme ends of the range will be less than at the
middle, resulting in a stronger bass and high-frequency response. If
the phase angle swings too far, however, then real trouble will be
encountered in the form of regeneration. This may be an audible
squeal or it may be an oscillation outside the audio range which
will seriously overload the amplifier. In the design of an inverse
feedback system, you must be careful in your choice of values
for reactive components.

,’ “~ /‘\\&JTP‘J‘T WAVE WITHOUT FEEDBACK
-

Fig. 822. The effect of feedback is to reduce the gain and imn-
prove the waveform

Volume compression, limiting and expansion

Volume compression and limiting are necessary because of in-
herent shortcomings in even the finest available audio transmis-
sion equipment. The equipment, in short, is simply not capable
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of handling satisfactorily the entire useful dynamic range of the
human ear.

Since the full volume range of a symphony orchestra, for
example, may be as much as 80 db, while the peak signal-to-noise
ratio of even the best equipment may be no better than 60 or 70
db, it is obvious that sounds of least intensity will tend to dis-
appear below the innate noise level of the system. If they are
to be heard at all, therefore, they must be amplified to a greater
degree than the louder passages.

At the other end of the scale, every system has a maximum point
beyond which the signal level through it cannot be increased
without encountering excessive distortion or other undesirable
effects. A lateral disc recorder, for example, will undergo such
wide excursions that the adjacent grooves it cuts will run into
one another, so that the playback will simply be unable to track
and will jump and skate grooves. Overmodulation of radio trans-
mitters, both AM and FM, will result in severe distortion, inter-
ference to signals on adjacent channels and possible damage to
equipment. Magnetic and optical sound recorders will similarly
overload and distort, optical systems being particularly sensitive.

All of this means that it is necessary to compress the range of
incoming sound volume to an area where the softest passages are
kept up out of the noise region while the loudest peaks are pre-
vented from spilling over into the overload zone. Much of this
can be accomplished by a competent control engineer who at-
tempts to anticipate rapid level changes which will be beyond the
useful range of his system and who “rides gain” on the signal
by adjusting levels as he deems necessary. But unless he has had
a number of rehearsals it is highly unlikely that he will be able
to do a perfect job.

One of the handicaps to manual volume compression lies in
the fact that the American standard VU (volume unit) meter
does not indicate excessive peaks of very short duration, the in-
strument being an average-reading device. Furthermore, the
human reflexes are such that it is extremely difficult to detect
and prevent trouble before the damage has been done. For these
reasons, equipment has been developed which will automatically
control the gain of an amplifier by electronic means. Basically,
this is simply a refinement of the automatic volume control com-
monly employed in radio and TV receivers. Such equipment is
known as a compression or limiting amplifier, the two terms hav-
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ing the same general meaning with the difference between them
being largely one of degree.

The basic operation of a typical volume compressor can be
understood through reference to Fig. 323. This is simply a con-
ventional audio amplifier to which has been added a control tube
and circuit which works between the output and input. The
push-pull tetrodes are of the variable-p type, which means that
their mutual conductance and amplifier gain as determined by
the bias appearing on their grids are variable over a much wider
range than usual. The bias voltage is obtained, in this case,
across a resistor—capacitor combination (R-C) between the control
grids and ground, but the grids and this R-C circuit also connect
to the plates of a dual-diode control rectifier. The cathodes of
this rectifier are biased positively by an amount determined by
the bias control. They also receive a sample of the audio pass-
ing through the system as delivered by the control amplifier
bridged across the output. The magnitude of the audio signal
applied to the diode is determined by the setting of the gain
control.

When a signal passes through the amplifier, a portion of it
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Fig. 328. [In this circuil we have a volume compressor added to a typical push-pull
nuit.

will appear across the transformer at the cathodes of the rectifier.
At medium signal levels there will be no effect on the diode, but
when heavy peaks occur, the signal delivered to the cathodes will
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exceed the control tube bias, one of the cathodes will become
negative with respect to ground, current will flow through the
diode and a negative voltage will appear at the grid end of the
R-C filter circuit. This will act to bias the tubes in the variable-u
stage more negatively, with a consequent reduction in overall
gain. We now have an amplifier whose input-output characteris-
tic appears as in Fig. 324. The system behaves quite convention-
ally up to the point (known as the breakaway point) where the
diode bias is exceeded and compression begins. Beyond this
point the characteristic breaks away from the 45° slope (1/1 ratio),
with a given increase in input level being altered to a smaller
increase in output level. The reciprocals of the slope lines of
these various curves are known as compresston ratio, and two of
the commonest of these ratios are shown in the dlagram For the
gradual compression characteristic, .the expression “2/1 ratio”
means that beyond the breakaway pomt there.must be 2-db in-
crease in input for every 1-db increase. in; output The llmltmg
slope is much more severe, requiring 4-db.incréase at the input
for each 1 db more at the output.

The important characteristics of a compression amplifier are:
attack time; release time: breakaway point; compression ratio.

Consider what happens when an excessive peak is applied sud-
denly to the input of the amplifier. The system will be operating
under its normal gain condition along the line AB of Fig. 324.
When the peak hits, a measurable period of time will pass before
the diode operates and the grid capacitor (C in Fig. 323) of the
controlled stage becomes charged. This period, known as the
operate or attack time, is a function of the value of capacitance
in the R-C filter. It is desirable to have as short an attack time
as possible; in commercial equipment attack times vary down-
ward from 10 milliseconds, with values well under 1 millisecond
most common.

While a fast reaction time is most desirable in a compressor,
it must not act so quickly that it is able to follow every single
alternation of the lower audio frequencies. One obvious method
of avoiding this is simply to eliminate the most susceptible fre-
quencies and this is actually sometimes done by means of a high-
pass filter with a cutoff of 45 c.p.s. or so. Also the release time is
increased to something between 25 milliseconds and several
seconds, thus avoiding audio-frequency fluctuation of the grid
control bias.

A compressor may be responsible for a modification in the
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balance between frequencies, a condition known as spectral energy
distortion. This is most noticeable to the ear at the upper middle
frequencies, where the hearing is most sensitive, because the rela-
tively low powers at these frequencies are incapable of actuating
the compressor as readily as are the more powerful low frequen-
cies. This condition is corrected by the insertion in the control
circuit of an equalizer which boosts these upper-middle fre-
quencies and make them more effective in operating the com-
pressor. This usually takes the form of a 3-8-db accentuation at
6,000 c.ps. Since the compressor without equalization causes
dialogue to be excessively sibilant, this circuit is often referred
to as a de-esser. The design of a compressor is predicated on a
reasonably well-balanced signal at its input and for this reason
it is not advisable to alter this characteristic by equalization or
filtering until after the signal has undergone compression.

A variable attenuator or ceiling control is connected at the
compressor output to control the compression ratio. Increasing
the loss in this ceiling control will require an increased signal at
the input to the compressor for the same peak output level. This
therefore effectively increases the overall amount of compression
applied to the signal as it passes through the system. For maxi-
mum flexibility and ease of operation, the ceiling control should
be within easy reach of the control engineer at the mixing console.

NUAL POSITION (1/1 RATIO)

0D GRADUAL
—— COMPRESSION (2/1 RATIO)

LIMITING (4/1 RATIO)

INPUT D8
Fig. 324. Characteristics of an amplifier using volume com-
pression.

The other two controls of Fig. 323 affect the compression ratio
and the breakaway point. The gain control, which determines
the amount of signal applied to the cathodes of the control tube,
will affect the breakaway point only. If the setting of this at-
tenuator is reduced by 6 db, for example, then a control signal
6 db higher will be applied to the rectifier and the breakaway

59



point will occur 6 db sooner. That is, compression will begin
at a peak signal level 6 db lower than the previous breakaway
point.

Adjusting the bias control for a higher fixed voltage on the
rectifier cathodes, on the other hand, will result in both a higher
compression ratio and a higher breakaway point. Thus when
adjusting a compressor to a desired characteristic, it is necessary to
make several successive adjustments, alternating between the gain
control and the bias control.

It is obvious now that the actual operating characteristic of a
compressor or limiter is a function of both the compression ratio
and the breakaway point. At least a couple of methods are em-
ployed for describing the shape of this characteristic. Referring
again to Fig. 324, a compression ratio of 2 to 1 tells us that beyond
the breakaway point, a 2-db increase in input level is necessary
to cause a l-db increase at the output. Then suppose that the
overload level line intersects the manual position line at a point
G; 8 db above breakaway point C. Then the gradual compression
line will intersect the overload line at an input level 16 db higher,
due to the 2 to | ratio. Then it is said that for this given overload
level and this compressor adjustment, the upper 16 db have been
compressed into 8 db. If the overload level in this case were 412
dbm, we would then describe our characteristic by stating that “'16
db are compressed into 8 db at an output level of 12 dbm.”
The compression characteristic is then simply stated in terms
of the difference in db between the overload level without com-
pression and the output level with compression for the same value
of input signal.

Volume limiting is somewhat different from compression and
it employs a much more severe compression ratio, as seen in Fig.
324. It is intended primarily to set a maximum on the output
level, above which it is almost impossible to go. Thus it simply
clips off the signal peaks which exceed a predetermined value,
thereby preventing overmodulation of recorders and transmitters.

The ratio of 4 to 1 is quite common although ratios as high
as 10 to 1 have been used. Thus the breakaway point can be set
at about the overload level, resulting in a limiter working range
which is much narrower than that of the compressor. While the
compressor might be said to be working almost constantly, the
limiter is actuated only by overload peaks. Distortion and loss
of speech intelligibility result when limiters have as fast release
times as are commonly used with compressors.

60




Most units of this type can be used as either limiters or com-
pressors. Throwing a single switch will ordinarily change the
compression ratio and the release and attack times as well. Com-
pression amplifiers are usually designed as no-gain devices, con-
taining only sufficient booster amplification to overcome the
circuit losses. This arrangement makes it possible to switch the
device in and out of an audio channel at will without seriously
upsetting level adjustments.

Volume expansion performs precisely the opposite function of
compression and limiting. The incoming signal, instead of tend-
ing to cause a reduction in its own level through the control
circuits, now produces a change in output proportionately greater
than the change in input which caused it. Under ideal conditions
the expander characteristic should be the exact complement of the
compression, in which case the original dynamic balance would
be fully restored. But as a purely practical matter, it is hardly
ever possible to know what characteristics were employed at the
transmission end and thereby to establish the correct comple-
mentary characteristic required for reproduction. Under these
circumstances the results are often poorer than without expansion.
For these reasons volume expansion is seldom useful in reproduc-
tion and has little popularity.

Generator concept of a vacuum-tube amplifier
A vacuum-tube amplifier in operation is in many ways analogous
to an a.c. generator and its associated load circuit, and a study of
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Fig. 325. The wvacuum-tube amplifier can be simplified to an
equivalent circuit.

it from this viewpoint provides much useful background in-
formation when you attempt the design of your own amplifier
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circuits. This concept, sometimes referred to as the pE; approach
to amplifier operation, is based on the notion that the tube itself
is an a.c. generator developing a voltage equal to the product of
the input signal E, times the voltage amplification factor . The
generator has an internal resistance equal to the plate resistance
R, of the tube and works into a load represented by the load
impedance R,. Fig. 325 is a schematic illustration of this basic idea.

Now as a practical example of the usefulness of this concept,
let us consider a commercially available tube, such as the 6C5,
and examine its operation. From a tube manual we learn that a
typical recommended condition would yield the following con-
stants: R, = 10,000 ohms, E. = 8 volts bias, u = 20.

With a negative 8-volt bias, we can assume that no serious
overloading will occur with a signal (E;) of 5 volts, so we'll arbi-
trarily establish that value as one of our operating conditions.
Finally we’ll start with an assumed value for R, equal to R,, or
10,000 ohms.

As a first step in our analysis we must establish the value of the
voltage which our hypothetical generator is developing:

We'd like to know just how much of this internally developed
voltage is actually useful to us at the load. To learn this we begin

by calculating the amount of current flowing in the circuit:

nkE; _ 100
R, + R, — 10,000 4 10,000

Now we can determine the value of the output voltage Eo across
the load:

I, =

p

= .005 ampere

E, =1, X R, = .005 X 10,000 = 50 volts

Here it is evident that when the load impedance equals the
plate resistance, exactly half of the generator voltage is delivered
to the output, the other half being lost within the generator itself.
It is evident that increasing the load will increase the voltage across
it, but it will at the same time reduce the current which produces
that voltage drop. Calculating E, for a number of values ot Ry and
plotting the results will produce a curve having the identical shape
of that of Fig. 315, thus confirming our earlier statement that the
load must be large with respect to the plate resistance to realize
much of the theoretical amplification factor but that in practice it
is not worth the trouble and expense to attempt to get more than
about 759, of this figure.

Now let’s see what happens to the power developed in the
output circuit.

62




Eo? 2,500
Po = R, = W = 0.25 watt

It is obvious that if E, were to remain constant and Ry de-
creased, then the power output P, would increase. But there is an
interdependence between I, E, and Ry, as I, decreases and L,
increases with an increase in Ry If a number of other values were
assumed for Ry and the preceding series of calculations worked
out successively for a set of values for P,, the result would be a
decrease in power output for P, for all conditions other than Ry, =
R,. From this we can infer the rule that for any given input signal
voltage the power output will be maximum when the load im-
pedance Ry equals the internal plate resistance R,.

This would then seem to be the ideal condition, except for
the fact that we have already learned that such a low load im-
pedance bends the tube characteristic curves into an S-shape, with
high distortion resulting from nonlinearity. The operating condi-
tion for the maximum power output consistent with minimum
distortion has been determined experimentally and provides us
with the rule: for any given input signal voltage the undistorted
power output will be maximum when the load impedance R,
equals twice the internal plate resistance R,. Under these specific
conditions the power output can be calculated from the formula:
u2E,_ 2

o )
wherein E,, is the peak value of the signal input, equal to E; X \/2.

As an example of the application of this equation, let us see how
much power we must sacrifice in this case when operating under
the maximum undistorted conditions:

202 X (b X 14142 __ 400 x 49.98
° 9 % 10,000 - 90,000

As compared with the maximum value of 0.25, it is clear that
the maximum undistorted value of 0.2221 represents a decrease of
only about 119, (a power ratio of 1.124), a drop in amplitude of
0.5 db. The power loss is insignificant, being unnoticeable to the
ear, but the improvement in fidelity is considerable. Even at this
point, however, the distortion is around 59, although further
improvement through increasing the load will not be very satis-
factory. For this reason it is best to attack whatever remaining
distortion it is desired to eliminate by the use of push-pull stages
and inverse feedback.

P, =

P = 0.2221 watt
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Principles of audio-amplifier design

Before you can begin to design an audio amplifier for any
specific purpose, you must consider the requirements of the given
application in terms of the job which must be done and the
standards which must be maintained. At the beginning of this
chapter we enumerated the fundamental design considerations
faced by the amplifier engineer. Let us now see how these factors
apply to a practical design problem.

Suppose we require a portable remote broadcast amplifier with
a single channel working from a crystal microphone into a 600-
ohm telephone line requiring a program level of 46 VU. We'll be-
gin by deciding that, since this equipment must be able to operate
wherever there is a telephone line available but where there may
not be any handy a.c. outlets around, the power shall be furnished
by batteries.

We learn from the specifications of the particular microphone
we intend using that its output is about 5 millivolts across 500,-
000 ohms. This is a level of —73 dbm. Since the level at the out-
put must be +6 VU, our overall gain requirement is 79 db. The
impedance of this device is such that it operates very well when
connected directly into the input circuit of a tube having a grid-
leak resistance of about 500,000 ohms and a glance at a tube
manual shows us that this is not an unusual value. We therefore
anticipate no trouble with impedance matching at this end. The
load impedance of 600 ohms, however, is too low for efficient
operation of the output tube, and we realize that a matching
device, probably a transformer, will be needed between the plate
circuit and the line.

We also find that it would be rather difficult to obtain all of
the gain we require within a single stage. Bearing in mind that
high gain along with even a modicum of power is also difficult in
the same stage, we decide tentatively to design a two-stage ampli-
fier, with the first stage providing most of the necessary gain, while
the second shall complete the gain requirement with sufficient
power to maintain the correct line level.

Since a plate-to-line transformer must be used at the output,
this dictates the use of a triode in the second stage. The plate
resistance of a pentode is too high to permit a transformer to load
it properly. But then in order to insure adequate gain, we decide
that a pentode should be used in the input stage. For purposes
of simplicity and economy, we would like both tubes to have the
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same filament voltage, so we will confine our scarch for appro-
priate tubes to the 6.3-volt group. Finally, since we know resis-
tance coupling to be simple, inexpensive and capable of excellent
quality, we decide to employ this method between stages. This
amplifier will be employed primarily for speech amplification, so
we will forego such refinements as push-pull and inverse feedback.

We begin our selection of the tube type best suited to our nceds
lor the input stage by consulting manufacturer’s literature, such
as the RCA Receiving Tube Manual, RCH7. We start by check
ing the “Receiving Tube Classification Chart,” and by a process
of elimination find the box on the chart which applies to our
particular problem. The process would go something like this:
“Pentodes—sharp cutoff—single unit—6.3 volts.” In this box we
find about a dozen types listed, and to eliminate further we next
consult the ““Resistance-Coupled Amplifiers” section with its “Key
to Charts.” Then we compare our types in the classification chart
against this second list and find that many from the first box are
not listed here and can therefore be disregarded. Now we look
at the main body of the manual and read the descriptions of each
of the several types we are still considering. Only one of these, the
6]7, is described as being used in high-gain audio amplifiers, and
we therefore settle on that type.

Since there is a certain amount of interdependence between the
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Fig. 326. Resistance-coupled audio amplifier. The design of
this circuil is described in the text.
values of the various components and operating voltages, our
design calculations would be quite tedious but for the fact that
much of the work has been done for us and presented in tabular
form in the resistance-coupled amplifier charts previously men-
tioned. Referring to the chart which shows the circuit constants
for our 6]7 tube, we find that we have one more fact which must
first be established—the plate voltage. We would like to keep our
battery pack as light and portable as possible, of course, so we de-
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cide to try a supply voltage of 180 volts, a value which will provide
a signal voltage gain of 140.

With these factors established, we now find that our first stage
is already designed for us, up to and including the grid leak of the
second stage. Our circuit up to this point, then, using the values
supplied in the tube manual, will look like that in Fig. 326.

Before proceeding with the design, let us determine what is
happening to the signal and if the voltages developed will be
within the operating tolerance of the tube. With a microphone
peak signal of .005 volt and a gain of 140, the voltage developed
across the output will be approximately 0.7 volt peak (.005X 140).

Since the tube manual tells us that the maximum distortion-
free voltage allowable under these conditions is 60, we are working
very well within the rated tolerance. Being satisfied as to these
conditions, we can now proceed to the design of the final stage.

The first step must be the selection of a tube, and we once
again begin by consulting the tube classification chart under the
subject headings ‘‘Triodes~medium-mu—single unit—6.3 volts.”
Then the resistance-coupled chart key and the technical data pages
are used again to narrow the choice down to a single type, in this
case obviously the 6C5.

Now, however, we run into a little difficulty, for our resistance-
coupled data cannot be employed with a stage using transformer
output. So we consult the technical data page for the 6C5 and find
the following typical operation: plate volts, 250; grid volts, —8
(grid-circuit resistance should not exceed 1.0 megohm); amplifica-
tion factor, 20; plate resistance, 10,000 ohms; transconductance,
2,000 micromhos; plate current, 8 ma.

We still aren’t quite ready to proceed, however, for we note
that this typical condition is predicated upon a plate voltage of
250, while we had previously decided that our power supply
would be only 180 volts. In order to design a stage under these
conditions, we must go elsewhere in the manual to the set of
conversion curves, which are used for calculating approximate
operating conditions for a plate voltage which is not included in
the published data. These curves are reproduced in Fig. 327.

The first step in converting the given figures is computing the
ratio of the new plate voltage to the published data, in this case
180/250 = 0.72. We assume negligible d.c. drop across the trans-
former winding, with the full supply voltage consequently being
applied to the plate. This figure of 0.72 is known as the voltage
conversion factor (F.), which is multiplied by the given value of
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grid bias to ascertain the new voltage, in this way: 8 X 0.72 = 5.76
volts. We can then obtain the balance of the new conditions
simply by multiplying the published values by the factors given
on the graph for the voltage conversion factor of 0.72. The key to
the various curves is as follows:

1. F, applies to plate and screen currents

2. F, applies to power output

3. F, applies to plate and load resistances

4. Fyn applies to transconductance

From these we can calculate that the new plate current will
equal 0.6 X 8.0 = 4.8 ma, and the new plate resistance will be
1.3 X 10,000 ohms. We can now determine the value of cathode
bias resistance by the formula:

Rk = Ec/ lp (8)
Ry = 5.76/.0048 = 1,200 ohms
It is standard practice to limit the peak signal voltage to within
959, of the grid bias, and since in this case the signal delivered
from the first stage is only 0.7 volt, the tube is operating well
within tolerance.

For the choice of the cathode bypass capacitor the general
rule is that the reactance of this unit at the lowest frequency it
is desired to amplify should be held to within 109, of the value
of the resistance which it is shunting. Since in this case the resis-
tance is rather small, the capacitance will have to be quite large
to provide adequate bass response. When the reactance exceeds
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Fig. 327. Conversion curves are used when designing for particular
operating conditions.
the 109, figure, degeneration begins and bass response falls off
rapidly. In this case we select a capacitor of 15 pf, affording good
bass response down to around 60 c.p.s., quite adequate for speech.
About all that remains now is the design of the output trans-
former, which good audio practice dictates should have a primary
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impedance equal to twice the plate resistance. In this case, then,
the transformer should have a primary of 26,000 ohms with a
secondary of 600 ohms. To determine just how much signal our
amplifier will deliver to the line through this transformer, we
must first determine the cffective voltage in this stage:
R
VG = ks 9
K. ¥R, ©
20 26,000
= o = 1333
39,000
Then the a.c. voltage appearing across the primary of the output

transformer would be:

E, = LK X VG (10)
= 0.7 X 13.33 = 4.33 volts
eJ7
3
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Fig. 328. The hnal design of the ampliper
Now to deterniine the voltage|across the.secondary and fed to
the line, it is first necessary to calculate the turns ratio:
Nl‘
N,

(1)

Then the secondary voltage becomes:

1
. g ——— = 1.42 volts
E, = 933X (l '(3.58)

This value will provide an output just barely short of our
+6 VU requirements, but it will be adequate lor most telephone
loops. If it is determined that it is not, then it will be necessary to
use higher plate voltages and rework the entire design, choose
higher gain tubes or even an additional stage.

A volume control is desirable, especially if fade-ins and fade-
outs are necessary, and this can be simply accomplished by making
the grid leak resistor in the 6C5 stage variable. Since only two
stages are being used, there are no decoupling filters. Our design
is therefore now complete and is shown schematically in Fig. 328.
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chapter

electronic power supplies

11 radio receivers (with the exception of the simple crystal

and transistor types), all transmitters and all audio amplifiers
employ vacuum tubes. Fach ol these tubes requires some sort ol
voltage at most of its elements.

Of itself, no tube is capable of generating power, but simply
acts to control and modify those voltages which are supplied to it.
The process begins with the tliermionic emission of electrons,
whereby a specially constructed cathode acts as the source of cur-
rent flow when its temperature is raised. Any source of heat could
theoretically excite this cathode to the point of emission, but the
method actually employed uses a filament ol high-resistance wire
which becomes very hot when clectric current passes through it.
Hence a source of voltage is required lor heating the filament and
causing the cathode to begin emitting ¢lectrons.

These electrons will low through the vacuum in the tube and
into an anode or plate, provided this plate is positively charged.
Another source of voltage, positive at all times with respect to the
cathode, is therefore necessary to permit the tube to conduct
current.

The flow of current through the tube is controlled and modi-
fied mainly by a third electrode within the tube, known as the
control grid. The action of the grid in controlling the flow from
cathode to plate is determined by the incoming signal voltage.
The control grid will do its jobh much better if a bias voltage is
applied 1o it which will cause it to be at a negative potential at
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all times with respect to the cathode. Thus the control grid also
must have a source of steady voltage.

If the tubes in an audio amplifier have more than the minimum
triode elements, as is most often the case, the additional electrodes
must be maintained at given potentials also. The screen grid is
normally maintained positive, although usually less so than the
plate. The suppressor grid (or beam electrodes in a beam-power
tube) has no requirement of an external voltage. This electrode
is maintained at cathode potential, usually through an internal
connection between the elements in the tube.

All of these voltages may be supplied by cells and batteries. A
basic audio amplifier operating in this fashion is shown in Fig.
401. Such a system has a number of disadvantages, however,
especially when several tubes are required in the circuit. Methods

Fig. 401. There are three volt-
age supplies in this circuit. The
A battery furnishes filament volt-
age, the B battery is for plate
voltage while the C battery
hiases the control grid.

A BATT (FIL)

have therefore been developed which permit the use of ordinary
house current, which is usually supplied at 117 volts at 60 c.p.s.

Design features of power supplies

It would seem that the filament of a vacuum tube should heat
just as readily with a.c. as with d.c., and that we could eliminate
the A-battery simply by reducing the 110 volts to whatever is re-
quired by the filament, using either a dropping resistor or a trans-
former. But in tubes designed for battery operation, the filament
itself acts as the emitter. The filaments of such tubes cool and
heat much too quickly for a.c. operation, their temperature and
emission varying in step with the a.c. cycle causing hum.

The solution to this problem was twofold and resulted in some
redesign of the cathodes of tubes intended for a.c. operation. Since
greater voltages could now be used than the 1.5 to 2 volts supplied
by most A-batteries, it was possible to increase the size and capacity
of the filament, so that it would have considerable thermal lag
and respond much less readily to the variations in current flowing
through it. Secondly the heater and cathode functions of the old
filament were separated, the emitter being indirectly heated and
therefore not subject to the rapid filament current variations. The
use of an a.c. heater voltage is therefore now perfectly feasible,
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and one of the functions of our power supply system is to provide
a means of reducing the incoming voltage to values which permit
the correct operation of the various filaments. This is performed
by the power transformer, which may have several low-voltage
secondary windings of various values as required.

Negative grid voltage in audio amplifiers is generally provided
by an R-C circuit connected in the cathode lead and for this reason
the system is named cathode bias. The plate current, in returning
to the cathode, causes a voltage drop across the resistor and the
required potential difference between grid and cathode. A capaci-
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Fig. 402. Block diagram of a power suyply. Almost all supplies follow this same
general pattern.

tor across the resistor acts to smooth out the audio fluctuations in

the plate current at this point so that the grid will not be modu-

lated. Design considerations of the cathode-bias system were dis-

cussed in Chapter 3.

With the A- and C-batteries gone, we are now faced with the
problem of eliminating the battery which supplies the plate and
screen voltages and which in the early days was known as the

B-eliminator.” Referring to Fig. 402, we see that such a system
includes these four basic units: (1) power transformer, (2) recti-
fier, (3) filter and (4) voltage divider. Now let us see the func-
tions performed by each of these elements and learn something
about their design.

Since we require operating voltages greater than 110, we take
advantage of the fact that our supply is a.c. at this point and very
simply step it up by means of a transformer. At the same time
of course, as we have already said, we also step down the incoming
voltage to the low values required by the various tube filaments.
Since the plate voltages required for proper operation of the tubes
in an audio amplifier run upward to 300, one of the functions of
the power transformer is to change the line voltage to this value,
allowing sufficient leeway for succeeding circuit losses.

The power transformer will therefore often have several wind-
ings. The primary, of course, will be designed to operate at the
value of the incoming voltage, usually 110. The main secondary
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will be a high-voltage plate winding to provide what will ulti-
mately become several hundred volts of pure d.c. for the tube
plates and screen grids. One or more additional secondary wind-
ings will provide the required filament voltages. These voltages
are not converted to d.c. but are applied to the filaments just as
they are. More than one winding for this purpose may be nec-
essary either because differing values of filament voltage are re-
quired or because so many tubes are involved that a single winding

% NV PLATE WINOING (400~ 800V/40- 120MA )

—~> LV L WINDING CRECT )~ MAY BE CENTER-TAPPED FOR HUM BALANCE (SV/ )

E{LVF['IM(M)-' . . T T (v 2-W)

Fig. 408, Typical power transformer circuit. The size of the
transformer will be determined by the amount of pawer lo be
delivered by it.
will not have sufficient current-carrying capacity. A typical power
transformer as used in audio amplifiers is shown in Fig. 403.

Rectification

The high voltage from the secondary plate winding is converted
to c.c. by means of a rectifier, which in most cases is a thermionic
vacnum tube. Siuce the tube as a conductor is a strictly one-way
device, it can be used quite readily lor this application. As a
quick review of this important concept, let us reler to Fig. 404,
which shows the simplest type of battery-operated diode, but with
a switch in the plate circuit which can reverse the polarity ol the
B-battery.

When the double-pole double-throw switch is in the No. 1 posi-
tion, as shown, the plate will be positive, will collect the electrons
emitted by the filament and a How ol current will wravel through
the load resistor in the direction shown. But when the switch is
thrown to the No. 2 position, the battery polarity will be reversed
and the plate will hecome negative with respect to the cathode. At
this point no current will flow, for the plate is not an emitter and
there will be no way for the electrons to get Itom plate to cathode.
Under these conditions, therefore, the tube has become a non-
conductor. Then if the switch were to be thrown back and Torth
repeatedly and very rapidly. the voltage appearing across its center
pair ol terminals might be said to be alternating, but still curremnt
would flow only during the positive alternations. Similarly, il a
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true a.c. voltage were to be applied to the plate by a generator re-
placing the battery and switch arrangement, the flow of current
would still be confined to the positive halves of the cycles. Reduc-
ing this to practical terms results in a wansforimer applying the

DIIDE RECT
2
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Fig. 404, Curvent will flow through the diode only when the
plate is positive with vespect to the filament (or cathode).
The diode beliaves like a valve.
a.c. plate and hlament voltages as shown in I'ig. 405.

The voltage across the plate winding is still a.c., of course.
which means that opposite ends of the winding will be alternately
negative and positive. Now during the half-cycle when the lower
end of the winding is positive, the plate is also positive and cur-
rent flows through the load. But when the upper end of the wind.
ing is positive, the lower end is negative, the plate is negative and
no plate current flows. Thus we have effectively cut off the nega-
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INCOMING AC WAVE
STEPPED-UP AC AT PLATE WINDING

: g E CURRENT FLOW ON
74 | PLATE WINDING Loa0Q | o e RTINS

fo FiL mnong

A A AL

Fig. 405, The line voltage is stepped upp by the transforme)
and is rectived by the diode. The output consists of pulscs.

tive halves of each cycle, as shown in the illustration of the recti-
fied wave acrvoss the load. Since this curvent is all in the same
divection, even though it is of varying value, it is properly regarded
as d.c. Since only a hall of each cycle appears at the output, this
system is known as half-wave veclification.

The full-wave rectifier

Obviously we could exactly double the usefulness of this voltage
il we could somehow cause the negative hall-cycles to “Hop over”
and become positive, thereby filling in the gaps between the
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positive output pulses of Fig. 405. A little thought on the prob-
lem might suggest a possible solution involving a second rectifier
system, so connected that its positive pulses occurred exactly when
those of the first system were negative. Then the two rectifiers
could alternately impress positive voltages across the common
load. Such a system might look something like that of Fig. 406.

Here we can see that as the bottom of plate winding No. I be-
comes positive, the same condition will be obtained as in the
system of Fig. 405. VI will conduct and current will low through
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Fié. 406. The action here is the same as that shown in Fig.
105 except that we have more pulses in the output. This type
of supply is more desirable for audio work.

the load. At the same time, the bottom of plate winding No. 2
is also positive, thus leaving the plate negative and V2 therefore
nonconductive. But on the other half of the cycle, when the
plate of VI goes negative, the top ends of each winding are posi-
tive, which is the correct condition for conduction through V2.
Thus current continues to flow through the load in the same di-
rection, first through V1 while V2 remains idle and then the
reverse as the polarity of the cycle changes.

We have now achieved the fullwave rectification which we
sought, but at the expense of an additional tube and an addi-
tional transformer winding. The system is quite workable, but
in actual practice it is only used in high-power applications such
as radio and television transmitters. In smaller installations we
can eliminate the two parallel power leads going to the same
point on the load through the use of a center-tapped transformer
and a single conductor. Furthermore, since the tube filaments
are in parallel, we can replace them with a single larger filament
supplying electrons to two separate plates within the same tube.
The use of such a tube, sometimes known as a dual-diode, as a
tull-wave rectifier is shown in Fig. 407.
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Two terms which help to define the merit of a given rectifier
tube are inverse peak voltage and peak current. The inverse peak
voltage is the maximum e.m.f. which the tube can withstand be-
tween plate and cathode on the negative half of the wave, when
the cathode is positive and the plate negative. Voltages in excess
of this value may cause an arc or flashover between the electrodes,
with consequent damage to the tube.

There is a maximum amount of current which the rectifier tube
can carry between cathode and plate, and exceeding this value
even momentarily may also result in severe damage to the tube
structure. This quantity is known as the maximum peak plate
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bined into a single tube. This is a

Fig. 407. The two diodes can be com-
stanaard power supply circuit. g

et | SRR

current. The actual amount of current which will flow in any
given rectifier circuit will depend in part upon the type of filter
used with it and the values of the filter components.

Filtering

Although we have achieved full-wave rectification, the pulsating
d.c. output wave of Fig. 406 is still not nearly good enough to
apply to the tubes of our amplifier circuit. Under these condi-
tions, the plates of the tubes would be very heavily modulated at
the ripple frequency, and the resultant audible output would con-
sist very largely of hum. Thus, some means must be found for
smoothing this pulsating d.c. and changing it to pure steady d.c.

Ideally we might pass this voltage through an audio filter, which
would be of the low-pass type with a cutoff frequency of exactly
0 c.p.s. While such a filter might not be altogether practical, we
can approach it, and this is the basic notion of the method used
in power-supply filtering.

Suppose we begin by connecting a capacitor of suitable size
across the load resistor of Fig. 407. Already we have a sort of
parallel R-C filter, which we know is useful in smoothing audio
variations when used as a cathode-bias arrangement. Now let’s
take a little closer look and try to learn just what occurs across
the combination when a pulsating d.c. wave passes through it.

When the voltage is first applied, the capacitor charges to its
peak value. Then as the voltage decreases, the capacitor begins
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to discharge, but not as rapidly as the pulsating wave. Instead,
the capacitor follows its characteristic exponential discharge curve,
as shown in Fig. 408. The capacitor continues to discharge just
to the point where the rising voltage of the next incoming peak
equals the value to which it has discharged. Then the charge
on the capacitor goes back up to the peak and the whole process
is repeated.

This system smoothes the ripple content of the rectifier output
quite noticeably, but it still isn’t good enough in actual practice.
Since an inductance has some rather interesting effects on a vary-
ing current passing through it, perhaps it too would be useful
in this application. Lenz's law states that an inductance tends to
oppose any change in the amount of current flowing through it,
and this is the very characteristic we require. Because this action

RESULTANT CURRENT FLOW IN CAPACITOR

“SPULSATING QUTPUT OF RECTIFIER

Fig. 408. The filter changes the output of the
rectifier jrom pulsating d.c. to a somewhat smooth-
er voltage.
is directly proportional to the size of the inductance, we should
use a rather large one, with an iron core, commonly known as a
filter choke coil. This would give us the basic filter circuit shown
in Fig. 409.

Ripple voltage

It may not be clear why the load is connected across the capaci-
tor only, rather than across the L.-C. combination or in some other
fashion. To understand this, we must think of full-wave pulsa-
ting d.c. as having two components. One of these is the pure
d.c. and the other a ripple coniponent of 120-c.ps. frequency.
Now consider the L.-C circuit as a voltage divider for the ripple
and see what happens to this component. Assume a 30-henry
choke, which has a reactance at 120 c.p.s. of about 22,000 ohms.
A capacitor of 10 pf would have a reactance of around 130 ohms
at this same frequency. Obviously, then, most of the ripple volt-
age is being dropped across the reactance of the choke. Numeri-
cally, the amount of the total ripple voltage appearing across the
capacitor will be proportional to the ratio of its own reactance
to that of the entire circuit, or (130/22,130) = .006 = 0.6%,.
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This last figure is known as the ripple percentage. \Where the
inductive reactance is much greater than the capacitive reactance,
it may be expressed as the simple ratio X./X;, from which we
derive the following equation:

X, 1 B I ‘
X, = TG T (@hIc (12)
Tl

The ripple percentage then expresses the ratio of the a.c. ripple
at the load to the ripple at the output of the rectifier—in a good

PLTER CHORE X!'m
Fig. 408, Simple power-supply filter cir- ‘908
cutl, This is known as an L-seclion o1 PLTER AP b d
g a <
choke-input type. et oureuT 0T A =130a mt:

systemn well under a few hundredths of 19,. This means that our
simple L-section filter of Fig. 409 would probably not be satis-
factory in a high-quality audio setup. We can improve on it,
though, simply by inserting additional sections of L. and C, with
three chokes and three capacitors not being at all unconmmon.
Other filter configurations are shown in Fig. 410.

You will see that some of these filters have a series choke first
lollowing the rectifier. These are known as choke-input filters,
while those which have a parallel capacitor directly across the
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Fig. 410-a.:b.-c.-d. F'arious Iy pes of power supply filters.
rectifier output are known as capacitor-input flters. Under other-
wise equal conditions, the capacitor-input filter will provide the
higher output voltage of the two, but the choke-input system will
provide better voltage regulation.

Voltage regulation
As soon as the load connected across a power supply begins to
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draw current, the terminal voltage at the output of the filter will
decrease somewhat. This is due to voltage drops across the vari-
ous resistances in the power supply circuit through which the
current must flow, such as the ohmic resistance of the transformer
and choke windings, as well as the drop across the rectifier tube
itself due to its own plate resistance.

Voltage regulation is expressed as the ratio of the voltage drop
at full load to the voltage under no-load conditions. For ex-
ample, if a power supply delivers 375 volts at no load and 350
at full load, then the regulation is

375 — 350 3

A regulation figure less than 15% is intolerable in an audio
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Fig. 411. The power supply furnishes plate and screen voltages for the tubes.
The tubes may be considered as a load in parallel with the output of the

power supply.

amplifier, and preferably it should be much greater than that. In
some applications, such as the oscillator circuit of a transmitter
or the local oscillator in a superheterodyne receiver, greater volt-
age stability is necessary in order for the system to remain on fre-
quency. This is accomplished by means of a gaseous voltage-
regulator tube. In class-A audio operation, however, this refine-
ment is usually unnecessary.

In most power supplies, the rectifier is of the filament-emitter
type which begins to pass current almost the instant voltage is
applied. But the tubes used in the amplifiers are normally of the
indirectly heated type, which take considerably longer to warm
up and begin conducting. For this reason a bleeder resistor is
placed across the power supply output to minimize high-voltage
surges through the rectifier when it is first turned on. It also
aids in voltage regulation and discharges the filter capacitors after
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the equlpment has been turned off, thus eliminating shock hazard
during servicing operations. The best value of bleeder resistance
has a bleeder current which is 10 to 209 of the total load current.

The voltage divider

This same bleeder resistor can also be used as a voltage divider
if properly designed and provided with convenient taps, and this

TO RECTIRER 200V t
PLATE LOAD \oov
=
By 200V
—
25V §(ATH RES 25
FROM RECTIRER
—

Fig. 412. The cathode resistor, tube, and plate load form a
voltage divider across the output of the power supply.
is the method most often employed in actual practice. A typical
circuit is shown in Fig. 411 wherein the supply provides plate
and screen voltages for three resistance-coupled pentodes and plate
voltage for a pair of push-pull triodes. The actual amplifier cir-
cuit has been deleted for simplicity.

In this case the triodes require 60 ma of plate current at 300
volts, the pentode plates a total of 20 ma at 200 volts, and the
pentode screens 5 ma at 90 volts. Thus the maximum voltage
required is 300 and the total tube current is 85 ma. To this we
will add 15 ma of bleeder current, making a total current drain
of 100 ma. Now let’s design the necessary voltage divider.

The 100 ma of current in the lower leg of the filter circuit
splits at point A, 85 ma going to the tube cathodes and the 15-ma
bleeder current going through R1. The tube current further di-
vides, with 25 ma flowing to the cathodes of the pentodes and
60 ma to the cathodes of the triodes. The pentode current di-
vides in the tubes, with 5 ma going to the screens and 20 ma to
the plates. The screen current returns to the voltage divider at
point B, which must be 90 volts above ground. Then we can
calculate Rl by Ohm’s law: R = E/I = 90/.015 = 6,000 ohms.

The pentode plate current rejoins the divider at point C, which
is at 4200 volts. Since the drop across Rl is 90 volts, the drop
across R2 must be 200 — 90, or 110 volts. The current through
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R2 comprises 15 ma of bleeder cunrent and 5 ma from the screens.
a total of 20 ma. Then R2 = 110/.020 = 5,500 olnns.

R3 carries 15 ma ol bleeder current, plus 5 ma ol screen cinrent,
plus 20 ma of plate current—a total of 40 ma. The drop across
this resistor must be 300 — 200 = 100 volts. Then R3 = 100..010
= 2,500 ohms.

The remaining question is the power rating ol the resiswors,
which should allow a salety margin of at least 1009,. The power
dissipated in Rl is EXI = 90 X .015 = 1.36 watts. Thus the
resistor employed for R1 should be rated at around 3 watts.
Similarly, R2 dissipates 110 X 0.020, or 2.2 watts, and should
therefore be rated at about 5 wauts. Finally, R3 uses 100 X 0.040,
or 4 watts, requiring a resistor rated at 8 watts or better.

The above calculations have presupposed that the supply voli-
age requirements took into account any losses in decoupling filters.
Since in this case we have more than two stages operating from
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Fig. 418. The circuit of Fig. 412 S <
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a common power supply, such filters will bz necessary to prevent
motorboating. For the sake of simplicity, plate-load resistors,
screen-dropping resistors and cathode resistors have been omitted.

If you will examine Fig. 412 you will see the relationship of the
plate-load and cathode vesistors to the power-supply voltage di-
vider. These resistors are in series with the tube, but the entire
combination of tube and resistors is shunted by (in parallel with)
the power supply output. The current, coming from the recti-
fier tube, divides at point A. Some of the current flows up through
the power-supply voltage divider, while the balance of the current
goes through the cathode resistor, through the tube, through the
plate-load, rejoining the divider current at point B.

If we consider the audio tube as a resistor, then the circuit of
Fig. 412 can be simplified to appear as in Fig. 413. The amount
of current Howing through each branch network will depend npon
the total resistance in each branch. Fig. 413 further emphasizes
the fact that the tube. its load and its cathode resistor are shunted
across the power-supply output.
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chapter

distortion and noise

True fidelity of sound reproduction will occur only at the tine
when the ear and brain receive precisely the same aural impres-
sion during reproduction as they would if actually present at the
sound source. While fidelity of reproduction has been improving
constantly, the ultimate in perfection has not yet been achieved.
This means that we still have remaining some distortion.

A reproduced sound is distorted if it contains additional com-
ponents which were not present in the original or if it lacks cer-
tain features which were present in the original. As hdelity has
improved, some well known forms of distortion have become
much less significant but at the same time other more obscure
types have become more apparent, and so the battle goes on. Since
distortion is the arch-enemy in the quest for perfect reproduction,
it behooves us to know as much as possible about its character, its
causes and cures; so let’s first survey the distortion picture and then
examine the more troublesome forms in greater detail.

Forms of distortion

One of the first criteria of audio reproduction is the trequency
response of the entire system. Fig. 501 shows the frequency re-
sponse curve of a typical amplifier system with satisfactory per-
formance over the audio range. It is known that frequency re-
sponse in humars varies between trained and untrained ears and
between those of young people and of the aged. It is also known
that the frequency range required of a system for speech reproduc-
tion only is much narrower than for music. A system incapable of
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carrying all of the audible sounds present in the original is guilty
of frequency distortion.

We also know that an improperly designed amplifier may pro-
duce spurious harmonics within its own circuitry, these harmonics
serving to alter the waveshape of the incoming signal. It has been
determined by listening tests that when the full audible range is
reproduced, distortion on the order of 39, to 5%, is noticeable
and 109, distortion is highly objectionable. We already know a
number of ways to eliminate even harmonic distortion in amplifier
design, but unfortunately the odd-order components are more
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Fig. 501. Frequency-response curve of a typi-
cal audio amplifier system.
annoying to the ear. We have learned by experiment that more of
this type of distortion, sometimes known as amplitude distortion
(Fig. 502), can be tolerated if the frequency range of the system
is simultaneously reduced.

When sound is reproduced at a different volume level from the
original, the ear will be operating with a differing sensitivity
characteristic and there will appear to be an imbalance among the
various frequency components of the original sound. This is es-
pecially apparent during low-level reproduction, when the high
and low ends seem to disappear, due to the insensitivity of the ear
itself. This phenomenon is sometimes referred to as scale distor-
tion and may be corrected by a tone-compensating volume control
known as a loudness control.

The acoustics of the studio or auditorium where the original
sound pickup is made, as well as the environment of the listening
room, will have a considerable effect upon the fidelity of the
various sounds which are to be reproduced. The ear is quite able
to concentrate upon and bring into focus the sound emanating
from a given source and at the same time can discriminate against
noise and reverberation arriving along other paths. The micro-
phone, however, is unable to make this discrimination, with the
result that the reproduced noise and reverberation sound quite
different from their original form. Much of the ability of the
human hearing apparatus to make such distinctions, and to iden-
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tify the direction of arrival of a sound source results from the fact
that we possess two ears. But an ordinary audio system is only
monaural in that all of the reproduced sound goes through a single

SINE WAVE

— THIRD HARMONIC

1 SINE WAVE WITH THIRD
HARMONIC DISTORTION
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P sl
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Fig. 502. Effect of second and third
harmonic distortion on a sine wave.

channel and is emitted from a single source, regardless of the loca-
tion of the original sounds with respect to the microphone. An
illusion of space and direction is possible through binaural or
stereophonic systems which employ two or more channels up to
and including the reproducing loudspeakers. These systems, how-
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cver, are expensive, dificult to adjust and still not altogether satis-
lactory.

If imiting or compression has been employed anywhere in the
system, the original dynamic nuances have been deliberately dis-
torted. The only cure for this is the use of volume expansion with
a dynamic characteristic which is the precise complement of the
original compression. As a practical matter, this is a near inpos-
sibility.

With so many intricate means by which distortion can creep
into the system, it is obvious that the audio man has his hands
full. Until fairly recently, frequency response and harmonic dis-
tortion were thought to be the full criteria of audio system per-
formance. Now we Know that this is only the beginning. These
two fundamental forins of distortion are not to be ignored. On
the contrary, they remain of fundamenutal importance although
they have become less troublesome as design techniques have im-
proved and as the full significance of other forms of distortion
has been recognized.

Frequency distortion

Frequency discrimination is most commonly observed as the
cutting or rolling off of the extreme high- and low-ends of the
audio spectrum. It may, however, also be represented in the forms
of peaks and valleys somewhere in the middle of the range. It is
most pronounced when attempts are made to obtain too much
gain per stage in an amplifier. Due to the usual discriminating
tendency of the reactive components of a circuit (when the gain of
a given circuit is raised to a very high value) the relative amplifica-
tion of the middle tones with respect to the extreme highs and
lows is increased out of proportion. Of course electromechanical
devices, such as microphones, pickups and loudspecakers are par-
tlcularly susceptible, due to such physical problems as mass, iner-
tia and resonance. However, as far as audio amplifiers are con-
cerned, as long as extremely high gain per stage is avoided and
properly designed resistance coupling is employed. frequency dis-
tortion is no longer a very serious problem.

Harmonic distortion

In addition to the nonlinearity concept of harmonic distortion,
we can also approach the problem from the idea of resonance.
Every mechanical device has some sympathetic period at which it
will vibrate much more strongly than at other frequencies, and
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every electrical circuit has a characteristic resonant frequency at
which it will develop much greater voltages. In mechanical sys-
tems, such as pickups and speakers, every effort is made to damp
out these resonance effects or to have them occur at some fre-
quency outside the audible range. The same principles hold for
electrical circuits, the resonance effects being defeated wherever
possible by holding down the gain (Q) of the circuit.

Rating an amplifier in terms of overall harmonic distortion is
quite fallacious, for it ignores the important fact that some har-
monics are much more obnoxious than others. As an example, let
us refer again to Fig. 103 where we find that a low A has a funda-
mental frequency of 55 c.p.s. The second harmonic of this note
would of course be an octave above that, or 110 c.p.s. Since most
instruments have a rather strong second harmonic, and some may
very likely be doubling the note in that octave anyway, small addi-
tional amounts of the second harmonic will not be particularly
objectionable. The third harmonic will be 3 X 55, or 165 c.p.s.,
an octave and a fifth above the fundamental. Now as long as the
chord being played contains this interval, a little boosting of the
third harmonic will be tolerable. But if any other harmonies are
being played, then somne very unpleasant dissonance effects will he
observed.

The fourth harmonic will be 220 c.ps., exactly two octaves
above the fundamental. This, too, can stand a little more emphasis
without offending the listener, but as a practical matter it is
usually of rather insignificant magnitude anyway. The fifth har-
monic, 275 c.p.s., doesn’t even occur on the musical scale and so
is particularly undesirable. The sixth harmonic, 330 c.ps., is an
interval of two octaves and a fifth, and the same comment applies
as for the third harmonic. The seventh harmonic is 385 c.p.s. and
is another of those which falls midway between two notes on the
scale. This, too, must be particularly avoided.

It is now quite obvious why we can say that the even harmonics
are, on the whole, much less objectionable than the odd-order
products. Therefore, how much total harmonic distortion is pres-
ent is not so important as which particular harmonics predom-
mnate.

Phase shift

When complex musical tones are passed through an audio
amplifying system, a certain amount of phase shift will occur as a
result of the reactive components (coils and capacitors) of the
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apparatus. But phase displacement is a function of frequency, and
the shift will therefore vary for the several frequencies. That is,
the amount of time required for a signal to pass through an ampli-
fier will vary with frequency, with the result that not all of the
frequencies fed into the system simultaneously will emerge with
an identical time relationship. This condition is known as phase
distortion. As a practical matter, it is relatively unimportant in
most audio applications, since the ear will tolerate rather large
amounts of this distortion without even recognizing it. It does
become troublesome, however, when the total transmission time
approaches the periods of the signal frequencies themselves. This
sort of condition is encountered in long-distance network program
lines. It is also of considerable importance in the video amplifiers
of TV receivers.

Transient response

A very important criterion of an audio system is its ability to
handle transients. These are the steep wavefronts generated by
attacks and releases of musical tones. Whenever a musician
tongues a mouthpiece, depresses a key or strikes a percussion
instrument, there will be a very brief period between this initial
attack and the point of peak amplitude. The sound generated
during this period is really a noise, and as such it comprises many
more and higher frequencies than are present in the tone itself.
A system unable to cope with these instantaneous effects without
“hash™ or “ringing" is said to exhibit transient distortion.

Due to its mechanical inertia the loudspeaker is probably the
worst offender in this area, but fortunately proper amplifier design
can help to alleviate this difficulty. The usual I:1 impedance
match between circuits is not the best condition for minimum
distortion when coupling the speaker to the amplifier. Instead, the
output impedance is actually made several times larger than the
speaker impedance, this ratio being known as the damping factor.
Undcr these conditions the amplifier output will tend to behave as
a short circuit to the transient distortions set up in the speaker
systemn. In practice, damping factors between 3:1 and 5:1 are about
the maximum useful figures. Beyond this, amplifier instability
and decreased bass response assume serious importance.

Probably the two most serious types of distortion problems
facing the audio designer and experimenter today are those of
transients and intermodulation. Perhaps this is true because their
full significance has only recently been recognized. Intermodula-
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tion distortion (IM), for example, has long been known, but for
many years it was simply thrown within the broad category of har-
monic distortion and left there in relative obscurity. Of course it
would be periodically “discovered” and reported upon by one
experimenter or another, but these discussions seemed to leave
only few lasting impressions upon the art until recent times when
high fidelity itself was “discovered.”

Cross-modulation

Before any confusion develops in the matter of terminology,
we should note the important idea that intermodulation is not to
be confused with cross-modulation distortion, which is still an-
other phenomenon. Cross-modulation occurs when variations in
the amplitude of one audio signal impress themselves upon an-
other audio signal of a different frequency, with the result that the

Fig. 503-a,-h. Undistorted waveform (a) shows inter-
modulation distortion (b).

amplitude of the second signal varies in accordance with the first.
It is particularly noticeable in the case of two sustained tones
which differ rather widely in frequency. If a violin and organ are
played together, for example, the high-frequency tones of the
violin may appear to vary in accordance with the more powertul
low-frequency organ accompaniment.

Cross-modulation seems-to be proportional to the rate of change
of curvature in tube operating characteristics. It is therefore
avoided by restricting the operating range to the area of the
straight-line portion of the characteristic curve of the tubes in
the amplifier.

Intermodulation

Intermodulation distortion is also the result of nonlinearity,
but its manifestations are quite different from either cross-modu-
lation or harmonic distortion, although it may be regarded as a
secondary effect of harmonic distortion. When two or more fre-
quencies pass through an amplifier which is producing consider-
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able harmonic distortion, the output wili contain, not only the
original tones and the spurious harmonics, but also various com-
bination tones as shown in Fig. 503-a,-b. This is analogous to
heterodyning at radio frequencies and may result in various sum-
and-difference combinations between the fundamentals and any
of their harmonics. The number and amplitudes of these combina-
tions increase not only with the percentage of harmonic distor-
ton, but also with the order of the harmonics. Thus, a given per-
centage ol fifth-harmonic distortion will produce greater amounts
of intermodulation than the same percentage of third-harmonic
distortion, while sixth, seventh, eighth and higher harmonics will
produce increasingly greater amounts of intermodulation distor-
tion for the same amount of harmonic distortion. This is one more
reason why the percentages of the higher-order spurious harmonics
must be dealt with so severely.

This secondary effect of harmonic distortion is really far more
distasteful to the listener than are the harmonics themselves, and
the reasons should be fairly obvious. Suppose that a simple sine-
wave tone of a few hundred cycles is fed into an audio amplifier
and that under these conditions the harmonic distortion content
of the output is measured at 2.59,. Now suppose that this signal
is removed and another signal of something less than 100 c.ps. is
applied, producing 49, distortion. It would seem then that if both
tones were to be applied to the input simultaneously, the maxi-
mum possible distortion overall might be 6.59,. But in actual
practice it might well be that the total distortion will have actually
jumped from two to four times this figure. Obviously another and
more serions factor has suddenly entered the picture. Spurions
combination tones are being generated which have absolutely no
harmonic relationship to the signal frequencies, and which pro-
duce nmch more ear-jangling results upon the listener.

The measurement of intermodulation distortion in amplifiers
can be readily and accurately determined, although it requires
equipment not normally within the reach of the amnateur experi-
menter. But it can be done, and this is probably the explanation
for the fact that the amplifier is by far the most perfectly refined
of all the audio-frequency components. In the mechanical and
acoustical elements, such as microphones, pickups and loudspeak-
ers, distortion is determined more or less empirically. That is, the
method is “cut and try,” with the final proof being the effect npon
the ear itself. In this area particularly, the art has still much room
for improvement.
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Flutter

Sound recording, whether the medium be disc, tape or film,
involves the use of moving parts, and with this comes a group of
mechanical troubles which may produce some of the most annoy-
ing forms of distortion. The recording medium must move during
reproduction in precisely the same manner as it moved during
recording, and any deviation from this will produce some form of
distortion.

The simplest form of distortion of this type occurs when the
rate of movement during recording and reproduction are both
unvarying, but are at different speeds. Suppose, for example, that
a disc recording turntable rotates precisely at the standard of
78.26 r.p.m., but that the record which it cuts is then played on a
turntable rotating at 75 r.p.m. Then middle 4 will no longer
vibrate at 440 c.p.s., but will have a pitch which is determined as
follows:

440:A, = 78.26:75H
78.26 X A, = 75 X 440
78.26 X A; = 43,000

and if we now divide both sides of this equation by 78.26, we will
aet:
Ay = 1216 c.p.s.

Thus, we have lowered the pitch by nearly a half-tone from
that of the original performance. A constant change in pitch like
this may be detected only by persons having highly trained musical
cars, but to such people this form of distortion is absolutely intol-
crable. There are, however, related forms of distortion which do
not require such acute perception hut are equally objectionable
to most listeners.

If the speed of the reproducer driving mechanism does not
remain constant but instead varies periodically, it is obvious that
the pitch of a sustained tone will also vary at the same rate as that
of the speed change. Various terms are employed to describe the
several forms this distortion takes, including wouw, flutter, hash,
gargle, whiskers, waver and wobble. Theve is considerable over-
lapping in the definitions of these terms, but the differences are
based primarily upon the rate of change of the speed of the drive
mechanism.

The total number of excursions in speed that the drive mechan-
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ism goes through in a second, as from maximum speed to mini-
mum speed and then back to maximum, is known as the flutter
rate. Perhaps the most common occurrence of distortion of this
type is found in cheap phonograph turntables, where the rate is
usually once per revolution. If the turntable has an operating
speed of 78 r.p.m,, it is 1.3 r.p.s., and the flutter rate of the once-
around type would then be 1.3 c.p.s. We have learned experi-
mentally that for a flutter rate of around 20 c.p.s. or less, the dis-
tortion which the ear hears takes the form of tones which sweep
up and down across a spectrum whose limits are determined by
the flutter amplitude. The further the speed varies above and
below the norm, the greater will be the total pitch variation. As
the flutter rate increases to about 40 c.p.s. or higher, the effect as
perceived by the ear is somewhat different. At these frequencies,
the pitch variations are too rapid to be heard as such and the ear
hears instead a whole group of frequencies which have no har-
monic relationship, and these effects are very similar to those of
intermodulation.

This is only a coincident similarity, however, for the causes are
quite dissimilar. The particular varieties of distortion presently
under discussion are really forms of frequency-modulation distor-
tion. In this case, the frequencies of the reproduced sound are
varied or modulated in accordance with the rate of variation of
the speed of the driving force. It is important once again to differ-
entiate between this type of distortion and cross-modulation. The
distinction is simple enough when it is remembered that cross-
modulation is AM, wherein the amplitude is modulated, while we
are here concerned with FM distortion, wherein the frequency
is spuriously varied.

Perception of flutter

While the ear hears the higher-rate flutters as groups of spurious
tones, in practice flutter at such a rate is of fairly low amplitude.
It is certainly not negligible, but experience has shown that the
average listener is most sensitive to flutter (or wow) in the region
of 1 to 8 c.p.s. Since the once-around type on a 78-r.p.m. turntable
falls within this area, it is apparent why this form of distortion
is so well known.

Flutter is generally the result of mechanical aberrations in some
part of the drive mechanism, due either to faulty design or exces-
sive wear. (See Fig. 504) Any roughness or poor fit in the motor
(or anywhere in the linkage) may cause it, whether the driven
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member be a phonograph turntable, a tape recorder capstan or the
sprockets and claws of a motion picture projector. In the case of
motion pictures, the source of trouble may even be in the medium
itself, for a poor fit between the sprockets and the sprocket holes
on the film is a quite common source of flutter. In the case of
35-mm film, the flutter rate is 96 c.p.s., which is not too readily
perceptible to the ear and which may be simply removed with a
100-c.p.s. high-pass filter without a great deal of detriment to the
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Fig. 504. Flat spots in phono idler
wheel produce sound distortion.
fidelity of reproduction. But in 16 mm work, the flutter rate is 24
c.p.s., and here it does pose a serious problem.

FM distortion

We have described the several forms of flutter as being all mem-
bers of the family of frequency-modulation distortion. Perhaps
this may become a little clearer when we consider how this form
of distortion occurs in a loudspeaker. In the case of a single-
element speaker system whose voice coil receives signals encom-
passing the entire audio range, the speaker cone cannot vibrate as
a unit for all frequencies. At the higher frequencies its mass is
simply too great, and it will respond to these higher tones only in
the region of its apex and around the voice coil. But at the same
time the cone will vibrate as a whole on the lower frequencies, for
its own mechanical period of resonance is in that region. As a
result, the high-frequency vibrating segment will be frequency-
modulated by the entire cone vibrating as a whole at the lower
frequencies. This is the reason for multiple-speaker systems in
which each radiator covers a range of only a few octaves. Unfor-
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tunately, no such easy solution exists for application to micro-
phones and pickups, where the same trouble is encountered.

Here again, as in the case of intermodulation distortion, neas-
urements of the actual amount and character of the distortion may
be carried on much more successfully with the amplifier than with
electromechanical devices. Since flutter is a form of frequency
modulation, FM detection techniques are employed to measure
that which exists at the output of the amplifier. The audio signal is
regarded as the “carrier” and the flutter rate is the “modulation.”
The output of the amplifier is then passed through a conventional
FM discriminator circuit whose output in turn provides a voltage
which is a function of the flutter percentage. This figure is simply
the ratio of the amount of frequency deviation to the mean fre-
quency, expressed as a percentage.

Amplifier noise

All audio amplifiers deliver a certain amount of output voltage
to their loudspeakers even when there is no signal being impressed
across the input. This residual signal, whatever its origin, is gen-
erally classified as noise, and every effort is made to keep it as
small as possible. The figure of merit for the noise level in ampli-
fiers is the signal-to-noise ratio, expressed in decibels. A figure of
65 to 70 db is not uncommon in a good modern amplifier.

Probably one of the commonest sources of noise trouble in
amplifiers is hum. This may be due to induction from neighboring
circuits carrying alternating currents or by direct transmission
from an imprcnerly filtered power supply. It is particularly
troublesome in high-gain audio amplifiers, for any hum which gets
into the low-level stages at the front end will be tremendously
magnified as it passes through the succeeding stages. The slight
hum developed in these carly stages by a.c. heater voltages may
hecome troublesome, and for this reason the low-level preampli-
fier stages are often supplied with d.c. heater voltages.

Magnetic induction may occur in audio transformers, amplifier
wiring or even inside the tubes. Principal sources of induction
voltage are the a.c. power cable, power transformers, filter chokes
and filament leads. Trouble from the filament leads may be mini-
mized by twisting and properly routing them with respect to the
components. Induction from transformers and chokes is con-
trolled by very careful placement and by designing them to have
as low a leakage flux as possible. Audio transformers are used
sparingly, and any that are used are heavily shielded and kept at
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some distance from the power transformer and chokes.

Electrostatic induction can also cause trouble, particularly with
those parts of the amplifier which have a high impedance to
ground, for an induced current will How and develop a hum which
will be directly proportional to the impedance through which it
flows. Trouble from this source is also most serious at the front
end of the amplifier, where it is usually necessary to shield the
tubes and grid leads or even to enclose in a metal box an entire
stage or more along with the associated wiring. And finally, the
chassis itselt must be carefully grounded.

Noise produced by the mechanical vibration of the tube ele-
ments is known as microphonics. It may be transmitted to the
tube either mechanically through its base or envelope or acousti-
cally through sound waves in air. The former difficulty is encoun-
tered when the equipment is mounted in the vicinity of rather
intense vibration, as in an automobile or airplane. while acoustic
microphonics will always occur when an amplifier and loudspeaker
are mounted in a common cabinet. The only cure for the latter
type of trouble is separate mounting locations for speaker and
amplifier. The direct transinission of vibration will be minimized
by shock-mounting the amplifier and by the choice of tubes which
are least susceptible to microphonic disturbances. Individual
tubes, even of the same type, will vary tremendously in their
microphonic sensitivity. If troubles of this sort are encountered,
a number of tubes of the same type should be tried, or special
nonmicrophonic tubes should be employed.

Other sotirces of noise in amplifiers are bad contacts, thermal
agitation, shot cffect, faulty resistors, leaky capacitors and weak
batteries. Obviously all points of contact, such as switches, sockets
and joints, must be clean and electrically sound. And it is equally
obvious that components whose performance has deteriorated
must be replaced.

In the case of faulty carbon resistors, the contact resistance
varies constantly between adjacent granules of carbon, and any
voltage appearing across such resistors will cause a current flow
which varies slightly with the varying resistance. This produces a
hissing sound in the output which can only be overcome by re-
placing the resistor with another type.

Another source of noise within the tube is shot effect. This
results from the fact that the electron flow consists of a series of
particles battering the plate, somewhat like hail on a tin roof.
Most of this irregularity is smoothed out by the presence of a good
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space charge within the tube, however, and it is therefore impera-
tive that the electron emission from the cathode be adequate to
maintain this space charge. This explains why some tubes get noisy
with age and why an emission test is a useful function on any tube
checker.

With all other sources of noise eliminated, there is still the
residual output produced by thermal agitation, for which no
known cure exists. This is due to the random flow of electrons in
the amnplifier wiring, particularly at the input circuit. The noise
generated in this fashion is uniform throughaut the spectrum,
from 0 c.p.s. right up through radio frequencies and beyond.
While we know no way to avoid it, we do know that the amount
of agitation, and therefore the amount of the noise, is directly
proportional to the temperature. This is another good argument
for adequate ventilation and for keeping operating temperatures
as low as possible.
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chapter

attenuators and equalizers

fixed attenuator or pad is simply a network of resistance ele-
ments which is intended to lower the audio signal level
between two points without introducing any frequency or phase
distortion. Sometimes the loss is held to just a few db when it is
desired to provide a degree of isolation between two circuits as,

Fig. 601. In its simplest form
an attenuator is a single fixed 6 @z
resistor as shown in the illus- t
tration at the right. Attenuators
can be used to provide a de-
sired reduction in gain, or for L
matching the impedances of two
circuits, or both.

>

24

AA.

for example, between the output of a line amplifier and the pro-
gram line itself. A pad may also serve as a very effective impedance-
matching device, in which case the loss in the circuit is kept as low
as possible.

The simplest sort of fixed attenuator is the single resistor con-
nected in series with the load, as shown in Fig. 601. In this circuit
a generator G, with an internal resistance Z,, supplies a voltage
which is too high for the safe operation of the lamp Z.. A resistor
R is therefore inserted in series to drop the voltage across the lamp
to a safe value. Now it is obvious that the internal resistance of Z,,
will be a fixed value determined by its design and construction,
and the value of R will be determined by the amount of current
flow and the value of the desired voltage drop. Hence if the values
of the source and load impedances should happen to match, it
would be purely accidental. This is 2 commonly accepted fact in
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power circuits, but for audio work it is not good cnough.

There is a definite optimum load impedance which an amplitier
must see at its output if harmonic distortion is to be held to the
minimum. Furtherimore, filters and equalizers are designed for
certain fixed values of source and load imnpedance. and a change
in either or both of these values will alter the intended frequency
characteristics. For this reason, the more complex pads and vari-
able attenuators which we will discuss are quite necessary and
justified, tor they can be designed for both the proper attenuation
and impedance characteristics.

Insertion loss

The loss introduced by a pad is known as the insertion loss and
is defined as the db ratio of the power input to the power output
at the attenuator, when the source and load impedances are equal.
If the impedances are not equal, the concept is altered slightly to
define the loss as that which we would obtain if the attenuator
were replacing a perfect matching transformer inserted between
source and load. The usual db formula then applies, except that
for convenience in further calculations the power ratio is desig-
nated as k*. Then

attenuator power ()llll)lll

k* = (13)
attenuator power input
and
db (loss) = 10 log k* = 20 log k (14)

One of the simplest pads which will provide an impedance
match along with any desired value of attenuation is the T-net-
work shown in Fig. 602. The design problem here is to obtain
values for R1, R2 and and R3, when the pad is actually connected
between source and load and when the following requirements are
met: (1) the impedance presented by the pad to the source across
terminals A and B is equal to Z.: (2) the impedance presented by
the pad to the load across terminals C and D is equal to Z;, and
(3) the db attenuation must be the figure called for in the design
specifications, or the power delivered to Z;, must equal attenuator
power input X k* These conditions will be satisfied by the follow-
ing design equations:

— k
Rl =2V7. 7, (ﬁ) (15)
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= (ﬁ) - (7

k2 41
RY = Z, (—+) —RI (16)

Fixed attenuator design

As a practical example of the use of equations (14), (15), (16)
and (17), let us design a T-pad having a 25-dly loss and matching

o . . — = ————AAA ==
Fig. 602. The basic at- ;'- A "2 A c -E
tennator circnit at  the

vight resembles the letter 2

T, hence its name. The Is ‘:RI -
des:'fn of a typical T-pad H {
is described in the text. S U

AA

a source impedance Z, of 600 ohms to a load impedance Z;, of 250
ohms. Since we already have decided upon a value for k2 of 25 db,
we do not need to work out equation (13). Using equation (14) to
solve for k we get:

10 log k* = 25 log k¥ = 2.5 k? = antilog 2.5 = 316.2
k=v362=178
Equation (15) is used to solve for R as follows:

17.8

315.2

R1 = 2/ 600 X 250 ( ) =43.3 oluns

‘The value of R2 is found using equation (16). This gives:

-

317.
R2 = 600 (-—) —43.3 = H56.7 ohms .
315.2

15.2

Using equation (17) to solve for R3 we get:

317.2
RI=950 [ ———] — 13.3= 206.7 ohms
3152

A further glance at our original equations will indicate that,
when 7, and 7, are equal, R, and Ry will also be equal. This con-
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L] Rl Y []] ] RI ’ J’ RI
::.z ::nz R2
nofow
A AA L
Impedance 600 Ohms 600 Ohms 600 Ohms
Loss,db |R,Ohms| R.Ohms R, Ohms ] R.Ohms R, Ohms R, Ohms
0 0 o 0 ] 0 )
0.1 3.58 50204 1.79 50204 7.20 100500
0.2 6.82 26280 3.41 26280 13.70 57380
03 10.32 17460 5.16 17460 20.55 34900
04 13.79 13068 6.90 13068 27.50 26100
0.6 17.20 10464 8.60 10464 34.40 20920
0.6 20.9 8640 10.45 8640 41.7 17230
0.7 242 7428 12.1 7428 48.5 14880
08 276 66540 13.75 6540 65.06 13100
0.9 31.02 5787 15.61 5787 62.3 11600
1.0 345 5208 17.26 5208 68.6 10440
1.6 518 3452 25.9 3452 1043 68950
2.0 68.8 2582 34.4 2582 139.4 5232
25 85.9 20563 42.9 2053 175.4 41956
3.0 102.7 1703 513 1703 2125 3505
3.5 119.2 1448 59.6 1448 258.0 3021
4.0 1358 1249 67.9 1249 287.5 2651
4.5 162.2 1109 76.1 1109 324.6 2365
5.0 168.1 9817.6 84.1 987.6 364.5 2141
5.6 184.0 886.8 92.0 886.8 405.9 1956
6.0 199.3 803.4 99.7 803.4 4476 1807
6.5 214.6 7308 107.3 730.8 492.6 1679
7.0 229.7 685.2 1148 686.2 537.0 1569
7.5 2442 615.6 122.1 615.6 584.7 14756
8.0 258.4 567.6 129.2 567.6 634.2 1393
8.6 2723 525.0 136.1 525.0 685.5 1322
9.0 285.8 487.2 142.9 4872 738.9 1260
9.6 298.9 453.0 149.5 453.0 794.4 1204
10.0 312.0 421.6 156.0 421.6 854.1 1154
11.0 336.1 367.4 168.1 367.4 979.8 1071
12.0 359.1 321.7 179.56 321.7 1119 1002
13.0 380.5 2828 190.3 282.8 1273 946.1
14.0 400.4 249.4 200.2 2494 1443 899.1
15.0 418.8 220.4 209.4 220.4 1632 859.6
16.0 435.8 195.1 217.9 195.1 1847 826.0
17.0 451.6 172.9 225.7 172.9 2083 7973
18.0 465.8 162.6 232.9 162.6 2344 772.8
19.0 479.0 136.4 239.5 136.4 2670 751.7
20.0 490.4 121,2 2452 121.2 2970 733.3
22.0 611.7 95.9 255.9 95.9 3753 703.6
24.0 528.8 76.0 264.4 76.0 4737 680.8
26.0 542.7 60.3 2714 60.3 5985 663.4
28.0 564.1 478 277.0 478 7550 649.7
30.0 563.0 37.99 281.6 37.99 9500 639.2
32.0 570.6 30.16 285.3 30.16 11930 630.9
34.0 576.56 23.956 288.3 23.95 15000 624.4
36.0 681.1 18.98 290.6 18.98 18960 619.3
38.0 6585.1 15.11 2926 16.11 23820 61563
40.0 588.1 12.00 294.1 12.00 30000 612.1

Fig. 603. This table of design values is convenient to use for the various attenu-
ator networks illustrated above.
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,‘ A
A Al yvw
Pr2
>
A'A'v:'m"'
‘v‘v‘v
600 Ohms 600 Ohms 600 Ohms 600 Ohms
R,0Ohms| R,Ohms|R, Ohms|R.Ohms | R, Ohms | R, Ohms |R, Ohms | R, Ohms
0 o0 0 0 0 0 0 =)
3.60 | 100500 3.58 100600 72 | 50000 3.6 |.60000
6.86 67380 6.82 657380 138 | 26086 6.9 | 26086
10.28 34900 10.32 34900 210 | 17143 1056 | 17143
13.80 26100 13.79 26100 28.2 | 12766 14.1 12766
17.20 20920 17.20 20920 36.4 | 10169 17.7 | 10169
20.85 17230 20.9 17230 43.2 8333 21.6 8333
24.26 14880 242 14880 50.4 7143 262 7143
27.63 13100 2756 13100 67.6 6260 288 6260
312 11600 31.02 11600 654 5604 32.7 65604
343 10440 3456 10440 73.2 4918 36.6 4918
62.1 6960 518 69560 113.4 3174 66.7 3174
69.7 5232 68.8 5232 165.4 2316 9 2316
87.7 4196 86.9 41956 200.4 1796 1002 1796
106.2 35606 102.7 3606 2478 1452 123.9 1462
129.0 3021 1192 3021 297.6 1209 148.8 1209
1438 2661 136.8 2651 351.0 1026 176.6 1026
162.3 2366 162.2 23656 407.4 883.7 203.7 883.7
1823 2141 168.1 2141 466.8 771.2 2334 7.2
203.0 19566 184.0 1956 630.4 678.7 266.2 678.7
223.8 1807 1993 1807 697.0 603.0 298.5 603.0
2463 1679 214.6 1679 6678 539.8 333.9 539.8
268.6 1569 229.7 1569 7434 4843 371.7 484.3
292.4 1476 2442 1476 822.6 437.6 4113 437.6
317.1 1393 258.4 1393 9072 396.8 458.6 396.8
3428 1322 2723 1322 996.6 3612 498.3 361.2
369.4 1260 2858 1260 1091 329.9 6546.5 329.9
397.2 1204 298.9 1204 1191 302.2 696.5 302.2
427.0 1154 312.0 1154 1297 2716 648.5 2776
4899 1071 336.1 1071 1629 236.6 764.5 2356.6
659.6 1002 369.1 1002 1788 2013 894 2013
636.3 946.1 380.56 946.1 2080 173.1 1040 173.1
7216 899.1 400.4 899.1 2407 149.6 1204 149.6
816.0 869.6 | 4188 869.6 2773 129.8 1387 129.8
923.2 826.0 | 4368 826.0 3186 113.0 1698 113.0
1042 7973 | 461.6 7973 3648 98.68 1824 98.68
1172 7728 | 46568 728 4166 86.4 2083 86.4
13356 761.7 | 479.0 761.7 4748 768 2374 7568
1485 7333 | 4904 7333 5400 66.66 2700 66.66
1877 703.6 | 511.7 703.6 6964 51.72 34717 61.72
2369 6808 | 5288 6808 8910 404 4466 40.4
2992 663.4 | 542.7 663.4 11370 31.66 56856 31.66
3776 649.7 | 564.1 649.7 14472 24 87 7236 2487
4760 639.2 | 563.2 639.2 | 18372 19.68 9186 19.68
5967 630.9 | 570.6 630.9 | 23286 16.46 11643 16.46
7600 624.4 | 5765 624.4 | 29472 12.21 14736 12.21
9480 6193 | 581.1 6193 | 37260 9.66 18630 9.66
11910 6163 | 586.1 6153 | 47068 7.656 |23529 7.66
16000 612.1 588.1 612.1 659400 6.06 | 29700 6.06

The design of attenuator pads is considerably simplified when several of the elements
have the same value of resistance.
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siderably simplifies the design problem and since equal imped-
ances are the general rule, the convenient table of Fig. 603 may be
employed as a ready source of the most commonly required values.

Note that there are numerous additional types of networks illus-
trated other than the simple T, but each of them is intended to
do the same basic job. The actual configuration chosen will de-
pend upon whether the circuits with which it is working are bal-
anced, and which of the several types provides the most convenient
values for the available resistors.

Minimum-loss pads

When a resistance network is to be used solely as an impedance-
matching device, it is desirable that the insertion loss of the pad
rmm o AAA—— 0=+
s " ‘
HIGHER 1P ::"' e
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$re
1y
WGHER INP b ]
d > 2
[N

> LOWER 1P

P PR {
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EQUIV VOLTAGE DVIDER
Fig. 604. The IL-pad is a voltage divider.

be as slight as possible. Obviously, however, there must be some
loss volved when any resistance at all is inserted into the circuit.
This loss will be minimum when the simple T-network has one
of its series arms reduced in value to zero, the configuration then
becoming an L, as shown in Fig. 604. When this circuit is slightly
redrawn, we see that it is actually a simple voltage divider. Note
that in this special case 7, is taken as the larger of the two imped-
ances, whether it be at the input or output. That is, if the source
impedance is the lower of the two, it will be represented by Z,,
and the series arm of the L will always connect to the higher-
impedance side. Then under these conditions,

J 7 —7" -1 (18)

To solve for the values of R, and R. which will provide mini-
mum attenuation, substitute the given values in the T-pad equa-
tions previously given. As an example, let us design a minimum-
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loss pad to match a source impedance 7x of 250 ohms to a load
impedance Z,, of 500 ohms. Using equation (18) to solve for k
gives the following result:

k=\/500 +\/500 —1 =V2+VT=14144+1=2414

250 250

Using equations (15), (16) and (17) again we can now find the
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Fig. 605-a.-b.-c. Attenuators can be used as isolation
networks.

necessary values of R1, R2 and R3. The calculations are given as
follows:

— 2414
R1 =2~/ 500 X 250 = 355 ohms

4.76
6.76
R2 = 500 ~ 355 = 355 ohms
4.76
6.76
R3 =250 ) ~ 355 = 0 ohms
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These figures are worked out within the limits of slide-rule
accuracy. Thus, the results obtained in solving these problems are
very close approximations. It all depends upon the number of
decimal places you feel like using in your arithmetic. For all prac-
tical purposes, the results shown here are considered satisfactory.

The proof that R3 = 0 is simply a double check on the accuracy
of the solution. And since this is a voltage divider circuit with a
2-to-1 mismatch, it is logical that the total pad resistance should be
center-tapped for the feed to the lower-impedance element, that is,
that R1 and R2 should be equal. The final problem is to determine
the value of the minimum insertion loss. This calculation is ob-
tained by utilizing equation (14) as follows:

db (loss) =20 logk =20 X 0.38 = 7.6

Isolation pads

Pads are often employed simply as isolation devices to prevent
impedance variations in one circuit from reacting adversely upon
another. Since equalizers, filters and program lines, for example,
are reactive devices, their impedances will vary somewhat with
frequency. It is therefore standard practice to insert (following an
amplifier which is to work into these devices) a pad of a size ade-
quate to minimize these reactive effects.

To understand the function of an isolation network, let us con-
sider the case of a program amplifier feeding a 600-ohm line, with
a 10-db H-pad inserted in the circuit. From the table in Fig. 603
we can construct such a pad (shown in Fig. 605-a). Now let us
consider the extreme case of variation in line impedance, from
short to open circuit. In this case the impedance would vary from
zero to infinity; and if the amplifier were connected directly to the
line, it would see this impedance. But see what happens with our
pad in the circuit, as illustrated in Fig. 605-b,-c. When the line
impedance goes to zero (short circuit), the load on the amplifier
goes to 218.9 ohms. When the impedance increases to infinity, the
amplifier load goes only to 733.6 ohms. Thus, the amplifier stabil-
ity will be considerably better under these conditions. In actual
practice, of course, extremely wide fluctuations such as these are
not encountered and for this reason isolating pads of from 6 to
10 db are ordinarily regarded as entirely adequate.

Splitting and combining networks
In some cases it is desired to feed the same signal into several
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different circuits simultaneously or to combine several signals
into a common load, as in the mixers of control consoles. The
simplest way of accomplishing this is by means of series resistors,
as shown in Fig. 606-a. Such a network will provide perfect imped-
ance matching for all circuits concerned without frequency dis-

crimination, provided noninductive resistors are employed in its
——MW—
] 1,

] L . N )

Rel

1
«

Fig. 606-a, -b, -¢, «l. Attenuators can be used to divide
the signal.
construction. It is not convenient, nor is it ordinarily necessary, to
employ unlike impedances with this circuit, which means that
7, = L, = 15 = Z,. Under these conditions and when n represents
the number of circuits, the formula for R is

n—2
R=27 (—) (19)
n

In the illustration (Fig. 606) four circuits were used, so R = Z X
(2/4) = Z/2. Thus if the circuits were 600 ohms each, then each
resistance in the network would be 300 ohms.
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This circuit is useful only with unbalanced lines, but it may be
easily modified for balanced operation simply by putting half of
R in each leg, as shown in Fig. 606-b. This network will combine
any number of circuits, up to the point where the losses become
prohibitive, but in this case three circuits are used. Then if Z is
once again 600 ohms, then R = 600 X (1/3) = 200 ohms. Since
each resistor is R/2, its actual value then will be 100 ohms.

Other forms of combining networks are the delta and star (or
Y) configurations shown in Fig. 606-c, -d. These circuits exhibit
somewhat greater losses than those previously discussed, but they
do provide balanced operation with fewer resistors. In the case ol
the delta connection, R = 3Z, and with the Y connection R = 7.

Variable attenuaiors

It is often necessary to control the volume level in audio cir-
cuits, and this is accomplished by means of some sort of variable
attenuator. Going back to our original lamp circuit of Fig. 601, the
most direct means of varying the voltage across the load is by
means of a rheostat, as demonstrated in Fig. 607-a. This arrange-
ment, however, is even worse than when a fixed resistor was used.
Neither the source nor the load will see their own impedances as
R is varied and, if Z,, should be very high, R must be unduly large
to produce adequate attenuation. For these reasons use of the
rheostat is confined to electric power circuits.

A somewhat more satisfactory approach to the problem is seen
in Fig. 607-b in which a potentiometer has replaced the rheostat.
With this arrangement it is possible to obtain full attenuation
control without unreasonably large values of R, but Z, will still
not look into a constant source impedance nor will Z,, unless the
ratio 7, /R is very high. This latter condition ocenrs when 7, is the
input circuit of a vacuum tube, and this arrangement is most com-
monly used as an amplifier volume control.

Mixers

The variable attenuators most commonly encountered in pro-
fessional audio work are called faders. These are really groups ol
fixed resistance pads, any of which may be inserted in the circuit
by means ol a slider or tapped switch. They are found in mixers
used in broadcasting and recording to provide control over a
number ol program sources, such as microphones and turntables.

104




either simultancously or sequentially. For example there are occa-
sions, such as the live pickup of a large orchestra, for example—
where several microphones may be in use simultaneously. To pro-
vide the correct acoustic balance, not only must the microphones
be placed correctly, but the amount of signal from each which is
used to make up the single composite signal must be minutely
controlled. At other times it may be desired to use only a single
announce microphone or phono playback channel. Determination
as to which channels are to be in operation at any given time rests
with the control engineer and his use of faders.

z
: o & i
y
z 2 RS
s R
< s z
°

4 ]
Fig. 607-a.-b.  The variable attenuator at the left is not as suitable as that shown
at the righi.

The mixer circuit must be such that each channel operates inde-
pendently of all the others, without any crossing effects whatever.
Still, all of the channels must ultimately combine at a common
point for further amplification and transmission of the composite
signal. The fader must also have uniform frequency characteris-
tics throughout the audible range and an exceedingly low noise
level. A well-designed and well-maintained fader will exhibit a
noise level of —120 dbm or even less. Shield cans are usually
placed around the attenuators to protect against dirt as well as
electrostatic and electromagnetic fields. The circuits of typical
attenuating structures are illustrated in Fig. 608. Each of these
types has a direct predecessor in the fixed pads of Fig. 603.

Generally speaking, mixer circuits employed in public-address
systems are of the high-impedance type, while those used in broad-
casting and recording are low-impedance. The former can be used
with high-impedance microphones and pickups working directly
into the amplifier input without a transformer. Such a circuit is
shown in Fig. 609-a. This employs a dual triode, such as the
6C8-G or 6SN7-GT. It is excellent as it stands lor a two-posi-
tion mixer, and more channels can readily be added by the simple
expedient of using more tubes. Since each of the inputs is totally
isolated from all of the others, there is no crosstalk or other inter-
action and because the plates are in parallel, each section sees a
load impedance consisting of the load resistance shunted by the
other section’s plate resistance (R,). The load resistance that one
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section sees is always less than R;, and the gain of each section
must in every case be less than p/2. Similarly, for a three-channel
mixer the gain will be less than p/3, for four channels less than
1/4, and so forth.

Fig. 609-h illustrates a system which works féirly well for almost
any number of positions when the series resistors have the same
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Fig. 608. Tvpical attenuating networks are shown above.

value as the potentiometers. There will be some interaction be-
tween channels with this arrangement, however, with the insertion
loss in each channel varying by several db. This system is used only
where continuous and precise control is not required.

Since the mixers just described make no effort to maintain a
constant impedance, nor to match impedance, they are unsatisfac-
tory for critical work. Low-impedance mixers which meet these
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requirements may be further subdivided into low-level and high-
level systems. The mixers studied up to now are low-level systems
in that the output of the source device was fed directly into the
attenuator. In high-level mixing, the source voltage is always fed
into a preamplifier before entering the mixer channel. This pro-
vides a much improved signal-to-noise ratio and is used exclusively
in broadcasting and recording.
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Fig. 609-a, -b. Attenuators can be used for proper mixing
of signals.

Mixer circuits

Fig. 610 shows the three basic connections for attenuators in
mixer circuits: series, parallel and series-parallel. Each has its
characteristic advantages and disadvantages. All other factors
being equal, the parallel mixer (Fig. 610-a) is unable to maintain
a very constant impedance throughout the operating range of its
several controls. The series mixer (Fig. 610-b), while it is more
stable in this regard, cannot have its faders grounded and when in
this “floating” condition they are more subject to induced noise
as well as leakage at the high frequencies. An attempt at a compro-
mise, with some of the best features of both types, is the series-
parallel mixer illustrated in Fig. 610-c.

Note that each type of circuit employs resistors Ry in series with
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each attenuator and also in the common output circuit. Known as
building-out resistors, they serve a dual purpose. Their values are
chosen so that they maintain the correct impedance relationships
between the several sources and the common load. Also they serve
to provide a degree of isolation between faders so as to minimize
crosstalk and other interaction.

Filters

In audio work it is sometimes desirable to alter the frequency
transmission characteristics of a system for some special applica-
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Fig. 610-a.-h. Circuil arrangemenis for mixer Iype allenunalors.

tion. One device employed for this purpose is the filter, which
may be any one of four basic types:

(1)

(4)

The low-pass filter, which readily transmits all frequencies
below a certain value, but which attenuates all frequencies
above this value.

The high-pass filter, which readily transmits all frequencies
above a certain value, but which attenuates all frequencies
below this value.

The band-pass filter, which readily transmits all frequencies
between two values, but which attenuates all frequencies
above and below this pass band.

The band-elimination filter, which attenuates all frequen-
cies between two values, but which readily transmits all
frequencies above and below this elimination band.

In every case, the frequency at the junction between the trans-
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mission and attenuation bands is known as the cufoff frequency.

Filters consist of networks of reactive elements (capacitance and
inductance) connected in configurations similar to those for the
attenuators already discussed. We begin with simple combinations,
known as sections, which may be connected in tandem when more
complicated structures are required. In less stringent applications
the entire filter may comprise only a single section, while more
severe requirements may dictate a multisection type. Design and
analysis under this method are greatly simplified, since the loss
of each individual section may be considered alone, and the total
insertion loss of the structure then simply becomes the sum of the
individual losses. We may then consider the sections as the build-
ing blocksof filter design.
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Fig. 610-c. Series-parallel mixer circuil.

The basic element of all filter design is the simple L. section
shown in Fig. 611-a, with the conventional symbol notation identi-
fying the several components. The impedance elements, of course,
are actually reactive but, since their form will depend upon the
filter application, the simple resistance symbol is employed to
represent each impedance. The way in which the basic L. section
(sometimes called the half-section) can be combined to form T
and n sections can be understood by reference to Fig. 611-b c. By
the correct use of these three basic sections, any filter ordinarily
required in audio work can be constructed.

Filter characteristics
The self-impedances of these filter sections are designated by the
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symbols Z; and Z,.. The Z, impedance of the L section is referred
to as its mid-series impedance, while the Z, value is called the
mid-shunt impedance. When L sections are combined to form a
T or n as in Fig. 611-b , each half-section provides the correct
matching impedance for the other. In the case of the T section, the
mid-shunt impedance has disappeared in the combination, and the
network is now symmetrical with its input and output impedances
both equal to Z,. In the n section, Z, disappears and the unit be-
comes symmetrical with both image impedances equal to Z;".

To deternine the values of Z, and Zg, it is necessary, of course,
to have given the value of f., the cutoff frequency. But, to under-
stand fully the theory of filter design, let us first assume values for
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Fig. 611-a,-b.-c. The L-pad can be used to build a T- or pi attenuator.

7.5 and Z;, and then determine the behavior of various frequencies
as they are fed into the network.

We recall from an earlier chapter that the attenuation loss in
any circuit expressed in decibels is equal to 10 log (P,/P.). This
assumes that the system is operating under matched-impedance
conditions which are mandatory for correct filter operation. Then
in the region where the filter is to be freely transmitting the atten-
uation is ideally zero, which means that the power output equals
the power input.

Now let us consider what happens when we apply a signal of
variable frequency to the input terminals of the filter. As the fre-
quency is varied, the values of Z, and Zy will likewise vary, for
they are reactive components whose impedance is a function of
the frequency. Furthermore, they will change inversely, the induc-
tive reactance characteristically increasing with a higher frequency
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while the capacitive reactance -simultaneously decreases. Under
these conditions the ratio of Z, to Z, will vary also. Now as we
change the frequency throughout the spectrum, we find that no
attenuation will result while the ratio Z,/4Z will become nega-
tive—that is, it will be be between 0 and —1, but that outside this
region there will be attenuation. (The figure of —1 is possible
because the reactances combine vectorially.) This relationship is
tundamental to all filter design.

The simplest and most common type of filter section is that in
which impedances Z, and Z, have an inverse relationship; that is,
their product is a constant. The usual mathematical equation
given for this relationship is:

k=7, X Zn (20)

From this formula is derived the name of this type of filter—the
constant-k network. Under these conditions the values of Z; and Z,.
are determined from the following equations:

Z.:k\/|+( ;i) 21

k

From equations (21) and (22) you will note that when the fre-
quency is such that the quantity Z,/2k is small, then 7, and Z,
are almost purely resistive and of a value nearly equal to k.

L. =

Filter design

The simplest low-pass filter will be a single constant-k L section,
with an inductance in the series arm and a capacitance in the
shunt arm, the same basic network we employed in Chapter 4
when designing a power supply hiter. "T'he same principles are
involved here: the inductance is highly reactive at the upper fre-
quencies and thus will tend to oppose them, while the capacitance
will have very low reactance at the high end and will thereforc
tend to act as a short circuit to these frequencies. In this case

1
ZA=X[,= 2nfl. ZB=XC=—
2afC
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From this we can now say:
2afL L
Za X7 =XLXX.= = —_
2ntC C

However, we already know that Z, X Zxy = k* so we can substi-
tute k% in the last equation with the result that:

—

»

k=

(23

~

)
N

At the cutoft frequency Zy /17y = 2nf.1./ (4/2af.). Also, as pre-
viously discussed 7, /47y can equal —I. From this relationship we
now get the following equation:

9
B N (2nf)? LG -
(4/2=1C) I :
20C
2
(2nl ) LC = - 2nf VT.C =2 Ligly 2=——=
VIC
1
o= (24)
o/LC

(Since we have learned that the quantity 7, /47y can lie between 0
and —1, note that another value of f. can also be obtained. But f.
is then also zero and of no practical significance.) Now that we
have the relationship between L, C, f. and k*, we can solve for the
unknowns L. and C. Solving for L, we get:

i N4V
[ L= ——
A/ C A/ C
However, since \/—: '\/T: k or L'C = Kk*? ((-quali(m 23), the
value of L. is given as:

v—l_,-:

L=— (25)



Solving for C, we get:

! Ve
VC= — =
ato/ L afo/ L

Referring once again to equation (23), let us now utilize its
reciprocal, that is, V'(T/V’T: = l/k or C/L. = 1/k% From this rela-
tionship the value of C is now found to be:

C= (26)
nt .k
228
—Jog™
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Fig. 612. Single constant-k I. section showing attenuation and transmission
characteristics.

Since the filter must work into and out of its own image imped-
ance, k is assigned the value of the impedance of the circuit in
which the filter is working. In actual practice both the source and
the load will usually be around 500 or 600 ohms. Fig. 612 shows
a typical filter of this type and its attenuation and transmission
characteristics.

Let us determine how this network was designed. The problem
was to construct an l. section constant-k low-pass filter having a
cutoft frequency of 8,500 c.p.s. and working between impedances
of 600 ohms. Substituting these values in equations (25) and (26),
we can now determine the actual values of L. and C, respectively,
as follows:

600
IN= = 22.5 mh
3.14 X 8,500
1
C= = 0.062 pf

3.14 X 8,500 X 600
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Fig. 613 shows the constant-k high-pass filter network, along
with its characteristics. Employing the same mathematical develop-

o ¢
4
L ATTEN XMISSION

o—-———-

fc
FREQ FREQ

Fig. 613. Single constant-k high-pass filter network.

meunt for this as we used for the low-pass filter, the values of L and
C are found to be:

k
L= (27)
4nf,
1
C= (28)
4nf.k

If we combine a capacitor in combination with an inductance
in the series arm, we will have a circuit which will be resonant at
some frequency. Similarly, if we also connect a coil and capacitor

f—a]
EI Cl
[#] (2 ATTEN XMISSION
0 1 ? o
| FREQ 2

Fig. 614. Bandpass filter contains series and parallel (fixed-tuned) circuils.

= ———-

!
FREQ

in parallel in the shunt arm, we will have a circuit which will be
anti-resonant at some frequency. What we have actually done here
is to combine a high-pass and a low-pass filter so as to form a band-
pass arrangement, as shown in Fig. 614. We now have two cutoft
frequencies to consider, and these values, along with the con-
stant-k, are employed to calculate the values of the components
as follows:

Ll = — (29)
X (f_- - fl)
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k (f2 — f,)

L2 — (30)
4nf, £,
t, — £,
Cle=— (31)
4n f1 fg k
1
2= — (32)
ak (f2 — fl)

wherein f; is the lower cutoff frequency and f, the upper cutoff
frequency.

When we invert the two arms of this structure, so that the series

ATTEN XMBSION

TCZ
o ' 0 s 0

Fig. 615. Band elimination filter and its characteristics.

arm is anti-resonant and the shunt arm resonant, we have the band-
elimination filter shown in Fig. 615. Formulas for the calculation
of these circuit constants are:

k(E — b))
Ll ——— (33)
1 fl fg
k
2= —————— (34)
4n (f_) — fl)
1
([ — (35)
4n k (fg = f])
I, — £,
C2=—vo (36)
14 f] f‘_) k

M-derived filters

We implied earlier that there are applications where the char-
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acteristics of the constant-k are regarded as inadequate. Reference
to the characteristic curves of Figs. 612, 613, 614 and 615 will show
why. Although f, is designated as the cutoff frequency, strictly
speaking there is no true cutoff at this point. The shape of this
curve could perhaps be better described as a tapering off of the
transmission. When sharper cutoff is required, a refinement of the
constant-k network is used, known as the m-derived section. This
has additional impedance elements in either the shunt or the
series arms, resulting in an attenuation which is infinite at some
frequency beyond cutoff.

Referring to our basic constant-k L. section of Fig. 611, suppose
we were to connect a simple switch across output terminals 3 and
4. When the switch is closed and the terminals short-circuited, we
will designate the impedance appearing across the input terminals
I and 2 as Z,.. Similarly, when the switch is opened, the impedance
at the input will be called Z... Now the mid-series image imped-
ance of the constant-k half-section will be

7‘] = vznc X yﬂu' (37)

Now suppose that we construct a new L section in which the
short-circuit impedance is 7., times a certain constant m and the
open-circuit impedance is Z,, times 1/m. Then in accordance with
the formula just developed:

m

. Zooe
A= \/ mZ.. —_— (38)

From this last equation it is apparent that mn and I/m will
cancel with the result that the 7, formula remains the same. This
means that the new section will have the same mid-series imped-
ance as the constant-k network whence it was derived. It will also
have the same cutoff frequency, but.the mid-shunt impedance and
the attenuation characteristics will be different.

Referring once again to the basic L of Fig. 611-a, we can see that
the following relationships exist:
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Then the mn-derived section will have these relationships:

mZ, 1

U =

Z
2 m(_,;\— +2Zu)

The series arm of the new section will be equivalent t0 Zum
or mZ,/2. Then the impedante of the elements of the shunt arm

3 ,

Loem =

2

O—MN—J—o A
Si(21) )

. L* - -1.(-'.3_%) < i
QPZA v-Z) o ::;(zz.). -
4=T »

2 4
a I

Fig. 616-a,-b. Basic series m-derived half section.

can be found simply by subtracting Z.em from Z,.,, in which case
the shunt arm equals

1 AN | — n2
- (2Zn) + — ( )

m o m

We now have all of the facts required to develop the basic series
m-derived half-section shown in Fig. 616-a. The network is ob-
viously more complicated than the constant-k prototype in that it
requires two impedances in its series arm. As we have said, the
mid-shunt impedance also differs from that of the constant-k, and
this new impedance is conventionally designated as Zy,,.

It is possible, however, to have an m-derived filter whose mid-
shunt impedance is the same as that of the constant-k configura-
tion. In this case the mid-series impedances will differ, and the
network is called a shunt m-derived section. Starting with the basic
proposition that Z; = Z.. X 7. the mathematical development is
just as tedious as it was for the series-derived section, and so we
won't go through that again. The results of such computations,
however, may be found in Fig. 616-b. Since the mid-series imped-
ance differs from that of the constant-k, it is now designated as
Ziu. It is interesting to note here that an inverse relationship exists
between Z;, and Z,,.; that is, their product is equal to k2.
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One of our definitions of the m-derived filter was that it has a
definite frequency of infinite attenuation. The mathematical rela-
tionship between this frequency f,., the cutoff frequency f. and
the constant m, is expressed for the low-pass network as:

fe
foo = ——— (39)

v | — m?
For the high-pass network the relationship becomes:
for = fc v/ 1 — m? (40)

Circuit diagrams and formulas for all the basic m-derived sec-
tions are given in Figs. 617 through 620. You will see that all of the
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Fig. 617. M-derived half section. M is usually taken as 0.6.

calculations are based upon the formulas already given for the
constant-k prototypes.

M-derived filter characteristics

The shape of the characteristic curves of the m-derived section,
and hence the sharpness of cutoff, is determined by the value of m,
which must lie somewhere between 0 and 1. The sharpness of
cutoft increases as m approaches 0, and it is obvious from the
design equations that, when m = 1, the circuit becomes a con-
stant-k section once again.

For the correct impedance relationships, the ideal filter would
be one having throughout the frequency range a self-impedance
always equal to k. But no such filter has yet been devised, and all
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types exhibit some change in impedance with varying frequency.
The best possible condition of impedance stability is obtained
when the m-derived filter is used and when m = 0.6.

Filters may comprise any number of sections from a single L.
network up to perhaps a half-dozen full sections. When sections
of the same type are connected in tandem, the filter is said to be
uniform. When dissimilar types are used together, the unit is
called a composite. Multisection filters are employed to obtain a
desired characteristic, the amount of attenuation in the rejected
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Fig. 618. Here we have still another m-derived half
section.

bands being determined by the number of sections and the actual
shape of the transmission curve depending upon the types of those
sections. Reference to the characteristic curves will show that the
m-derived section has a sharper cutoff but less attenuation beyond
cutoff, while the constant-k unit has a more gradual cutoff but
increasing attenuation beyond that point. Thus a composite filter
comprising both types will afford the most desirable characteristics
of each. In such cases it is customary to employ m-derived sections
as both the input and output terminations, because of their more
desirable impedance characteristics, with the constant-k sections
sandwiched in between.

From examination of the characteristic curves, you can see that
a band-pass arrangement could be obtained simply by using two
separate filters in series. As long as the cutoff of the low-pass filter
is at least twice the frequency of the high-pass unit, the band be-
tween these two cutoffs will be freely transmitted. In situations
where the filter is not regarded as a permanent part of the installa-
tion, this arrangement is preferable because of its flexibility.
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The need for equalizers

In the perfect audio system, filters and equalizers would not
‘only be totally unnecessary, they would be quite undesirable. The
perfect system exists only in theory. Even the human ear, as we
learned in Chapter 1, fails to measure up to this theoretical per-
fection, for its response varys both with frequency and with ampli-
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Fig. 619. M-derived half section used as a bandpass filter.

tude. Recorded and broadcast signals, too, are often short of per-
fection, due to extraneous noises or poor acoustic balance. Often
the transmitting equipment is incapable of passing even the ideal
signal without some alteration. And even the performing artist,
alas, will sometimes err and expect engineering magic to make up
the deficit.

Some of these shortcomings are corrected by the use of volume
limiting, compression and expansion, which were discussed in
Chapter 3. In a general way, what these devices do for the dynam-
ics, filters and equalizevs do for the frequency range.

In disc recording, the frequency response at the upper end of
the spectrum is deliberately accentuated and the bass region atten-
uvated by a fixed amount, giving a transmission curve known as
the recording characteristic. The high-frequency “tip up’ provides
a better signal-to-noise ratio in that region and the bass “roll off”
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prevents overcutting between adjacent grooves on the powertul
low-frequency passages. Alteration of the response curve of this
sort is known as pre-equalization, since it occurs at the time the
record is made. To play back such a record correctly, it is necessary
to provide post-equalization at the reproducing system, precisely
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Fig. 620. M.derived half section used as a band elimina-
tion filter.

complementary to that of the recording characteristic. That is,
where the recording is tipped up the reproducer must roll oft by
exactly the same amount and in the rolled-off bass region the re-
producer must boost accordingly.

Similarly, pre-emphasis and de-emphasis are included in all mag-
netic tape recorders. Since each playback system is equalized to
match its own recording characteristic, no probleimns are encoun-
tered nor are any adjustunents necessary as long as a tape is repro-
duced on the same sort of machine on which it was made. But if
one attempts to play back a tape on a machine of different make
from that on which it was recorded, the results may not always
be entdirely satisfactory. Standardization of characteristics in tape
recorders, and in phonograph records as well, is not all thac it
might be.



The ordinary tone control, common to most radios and record
players, is also a simple form of equalizer. It is used here to correct
for variations in individual taste and hearing and for the acoustical
conditions surrounding the reproduction. Fixed pre-emphasis and
de-emphasis are standard practice in FM broadcasting. While the
FM system inherently discriminates against extraneous noise, this
is still not sufficient to provide perfectly noise-free operation up
to 15,000 c.p.s. All FM broadcast transmissions, therefore, are
tipped up at the high end in accordance with the standard char-
acteristic shown in Fig. 621, and each receiver has a built-in de-
emphasizer which precisely complements this curve.

All telephone lines employed for radio program transmission
will, if not equalized, deliver at their remote end a signal deficient
in the high frequencies. The line has a certain amount of dis-
tributed capacitance which varies directly with the length of the
circuit. Since the reactance of this distributed capacitance will de-
crease with increasing frequency, it will tend to act as a short
circuit for the upper end of the spectrum. This defect is equalized
by the insertion of losses at the low frequencies in direct propor-
tion to those at the high end. This equalizer is installed across the
line at the receiving end and so adjusted that the frequency char-
acteristics at the output of the equalizer are perfectly flat through-
out the desired audio range.

When picking up dialogue on a television or motion-picture
stage with a flat audio system, the speech will seem unnatural and
in extreme cases even inarticulate. This is due to the fact that the
acoustics of the average sound stage actually seem to accentuate
the lower frequencies. A nore accurate explanation of this phe-
nomenon lies in the fact that the materials of which the set is
constructed usually have less absorption at the lower frequencies.
This means that the important speech intelligibility range of 500
to 5,000 c.p.s. is somewhat attenuated, while the lower range
remains strong and introduces a degree of masking. When the
sound is reproduced, it is usually played back at a much higher
level than originally spoken, which further aggravates the situa-
tion. This is especially true in theaters and is due to the varying
response of the ear, which is much more sensitive to the bass fre-
quencies at higher levels. Furthermore, the very high frequency
components of speech add little to the intelligibility but often
sound harsh and unpleasant to the ear. It is often customary to
roll off the high end slightly as well. This, then, is dialogue equal-
ization, using a response characteristic somewhat rolled off at both
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the high and low ends so that the inteiligibility region is in effect
boosted.

In the recording on film of the master sound track, which con-
tains music and sound effects as well as dialogue, it is customary
to pre-emphasize the high end for better signal-to-noise ratio and
improved high-frequency reproduction. This is necessary to over-
come the various losses in recording and reproduction, including
recorder slit loss, laboratory processing and printing lcsses, pro-
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Fig. 621. Typical pre-emphasss and de-emphasis net-

works. The pre-emphasis curve is used for FM broadcasting.
jector optical-system losses, and high-frequency sound absorption
by the motion-picture screen and theater acoustics.

In all of the audio production arts today it is quite common to
employ elaborate variable equalizers for correction and special
effects. Some of these devices accentuate or attenuate anywhere in
the audible spectrum to provide any shape response curve desired.
In this way it is possible, within limits, to provide much better
acoustic balance between various sections of an orchestra and
even to add presence and “‘pull out” a vocal solo previously cov-
ered over by orchestral accompaniment.

Types of equalizers

From the foregoing it should be quite obvious that-the ideally
flat frequency response is not always so ideal at all. The impor-
tance of equalizers can therefore hardly be exaggerated, and for
this reason it will be well to discuss briefly their basic design prin-
ciples. In practice an equalizer is usually designed empirically by
reference to an elaborate set of charts and curves which are beyond
the scope of this volume. We can, however, show the various types
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of circuits employed and atteinpt to work out a typical design
probiem.

Innumerable circuit configurations are possible in the design
of attenuation equalizers. but the great majority will fall into one
of the following basic categories:

. Series impedance
2. Shunt impedance
3. Full series
4
5

. Full shunt
. T
6. Bridged-T
7. Lattice

These seven basic equalizer circuits, together with some of their
important characteristics, are illustrated in Fig. 622. One char-
acteristic common to all of them is the inverse relationship be-
tween impedances 7, and Z.. In each case 7,7, = R,. It is desir-
able that the proper impedance relationships be maintained be-
tween the source, the load and the input and output terminals of
the equalizer. But we note from the illustration that this does not
occur with the first four types, and therefore their usefulness is
quite limited. The simplest of the equalizers which does maintain
this constant-impedance relationship regardless of frequency is the
T type.

Fig. 622 also shows us that the T equalizer structure is basically
a T-pad or attenuation network, with impedance elements in
parallel with its series arm and in series with its shunt arm. The
form of these impedance elements will determine the attenuation
characteristics of the equalizer, and the basic T structure can
therefore be further subdivided into the four types of Fig. 623.
Now let us see how we arrived at the characteristic curves shown.

Referring to the basic T configuration (Fig. 622-€) it is appar-
ent that the impedance values of Z, and Z. will vary with fre-
quency and inversely with each other. That is, if 7, increases with
frequency, 7., must simultaneously decrease to satisfy the condition
7.7.. = R,. Now consider the situation when 7, increases to infin-
ity and Z, simultaneously decreases to zero. Since Z, is then effec-
tively an open circuit, all that remains in the series arm of the
circuit are the two T-pad resistors. And since 7, is now in effect a
short circuit, all that remains in the shunt arm is the single T
resistor. Under these conditions the impedance elements are there-

Fig. 622. Here we have seven basic equalizer circuits and some of their char-
acteristics.
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fore inconsequential and the circuit then becomes nothing more
than a simple T attenuator. At the other extreme, when Z, de-
creases to zero and Z. increases to infinity, there is effectively a
short circuit in the series arm and an open in the shunt arm. Under
these conditions the circuit simplifies down to nothing more than
the two conductors. From this we can generalize that this equalizer
circuit introduces a loss which varies from zero to the characteristic
attenuation of the pad alone.
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Fig. 623. Equalizer networks and their attenuation and transmission
characteristics.

If we make Z, a pure inductance and Z, a pure capacitance, at
zero frequency Z, will be zero and Z. infinite, while at infinity
c.p.s. Z; will be infinite and Z. zero. These are the conditions
shown for the type A network of Fig. 623. When we exchange these
two impedances, making Z, capacitive and Z, inductive, quite
the opposite characteristics are obtained. Then at 0 c.ps7Z; = «
and Z, = 0, while at » c.p.s. Z; = 0 and Z. = . This characteris-
tic is typical of the type B equalizer of Fig. 623.
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If Z, is designed as a resonant circuit, then Z, must be anti-
resonant to satisfy the constant inverse condition of Z,Z, = R,.
Similarly, if Z. is resonant, then Z, must be anti-resonant. In either
case it is obvious that both circuits must resonate at the same
frequency. Networks of this type will have points of maximum or
minimum attenuation somewhere within the spectrum, rather
than at zero or infinite frequency as in types A and B. These con-
figurations and their characteristics are shown as types C and D
-of Fig. 623.

Equalizer design

In the design of T type equalizers, then, the impedance element
7, can take any of four forms: capacitance, inductance, a parallel-
resonant circuit or a series-resonant circuit. Having determined
the form of Z,, the character of Z, will be automatically dictated
by the Z,Z. inverse relationship. When these impedances are pure-
ly reactive, the impedance Z; may be expressed as an equation:

cOsa ]

Zy=R, C+1\:? C—1\* oo (41)
(5) - [ <]

wherein a is the attenuation loss of the equalizer in decibels. Now
assuming a number of different values for a, a set of curves may
be developed as in Fig. 624, in which Ry was taken as 600 ohms.
It is now possible to use these curves as the basis for a set of calcu-
lations in a typical equalizer design problem.

Suppose we have a recording system essentially flat except for an
undesirable 4-db peak at 3,000 c.p.s., with the peak dropping to
half (2 db) an octave away at 1,500 and 6,000 c.p.s. The system
response in this region would then appear as in Fig. 625. Now, to
flatten this peak we will require an equalizer which has a trans-
mission® characteristic the direct comnplement of this one and an
attenuation characteristic with the precise shape of the curve of
Fig. 625. Then from Fig. 623 we readily determine that the filter
answering these requirements will be of type D. We also must
know the operating impedance, and we will assume that in this
application we find the most convenient operating point for the
equalizer to be in a 200-ohm circuit.

To begin we see that the maximum loss required of the network
is 4 db, which means that we must first design a 4-db T (or
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bridged-T)) pad. Referring to the chart of Fig. 603, we find that
these figures are all predicated upon an operating impedance of
600 ohms. We can still adapt them to our purposes, however,
simply by multiplying the given values by Ro/600 = 14. Then
for a 4-db T-pad at 200 ohms:

R1 = 135.8 X 14 = 45.27 ohms
R2 = 1,249 X 14 = 416.3 ohms

Now since the impedance elements are effectively inoperative
at the resonance frequency of 3,000 c.p.s., only the pad remains in

Fig. 625. The curve shown in y —T
the illustration at the right has 3 N
a peak at about 3,000 cycles. The REPOSEDS |
peak can be flattened by an 9 Q
equalizer whose response curve !
is the complement of this one. 4
[ 2 s ©

FREQ

the circuit. We will proceed to determine the values of the imped-
ances at some other frequency, such as one of the half-loss frequen-
cies of 1,500 or 6,000 c.p.s. At these points the attenuation loss
must be 2 db. The appropriate curve of Fig. 624 shows us that, for
a 4-db 600-ohm pad, a loss of 2 db is obtained when Z, is about 270
ohms. Since ours is a 200-ohm circuit, we must apply the correction
factor of 200/600, or 14, in which case Z, becomes 90 ohms. Two
other pieces of information are necessary, and these may be ob-
tained from any handbook of radio engineering. The first is the
fact that the L-C constant for a circuit resonating at 3,000 c.p.s. is
28.145 X 10-1°. The second is that the impedance of a parallel
L-C circuit at any frequency is given by the equation:
2xfL

L= epric (#2)

Substituting in this equation the values given, we get:
6.28 X 1,500 x L1 -
1 — [ (6.28 X 1,500) X 28.145 % 10-°] ~ °

Transposing this equation to solve for L1 gives the following
result:

le

1 —[(6.28 X 1,500)% X 28.145 X 10-19]
6.28 X 1,500

L1 =90 = 7.2 mh
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Now to find the value of Cl, we simply divide the L-C constant
by L1:
28.145 X 10—

Cl = = 0.39 pf
7.2 X 10-3

Solving for the elements of the shunt arm in like fashion, we find
that L2 = 15.6 mh and C2 = 0.18 pf.

This completes the design of the equalizer, which is shown in
Fig. 626. We know now that our equalizer has the correct attenua-
tion at two points, 1,500 and 3,000 c.p.s. Having tentatively estab-
lished the circuit constants, we should now calculate Z, at several

1.2M4
(o
Sa B s
* Fig. 626. Here we have the final
L circuit of the equalizer whose de-
sign was calculated and described
L2 oo for you in the text.
18
°T

other frequencies to prove that the equalizer provides the exact
attenuation characteristics we require.

Variable equalizers

In corrective re-recording for motion pictures or phonograph
records it is often desirable to have available equalization which is
variable, both in amplitude and in frequency. This can be accom-
plished by making the equalizer components variable through a
ganged set of tap switches. If it is necessary to adjust only the
amplitude while the resonant frequency remains constant, this can
be done simply by replacing the fixed pad with a variable atten-
uator. A typical family of response curves resulting from this
operation is shown in Fig. 627-a, wherein the peak attenuation is
altered in 2-db steps. If a mathematical equation were to be devel-
oped for the ideal family of curves, it would be found that the
equation would in each case be the same; that is, the shape of each
curve would be identical.

In this case, however, the results as heard are not proportional.
That is, the amount of available equalization becomes more and
more crowded around f, as the peak amount is decreased. For
example, consider the 8-db curve of Fig. 627-a. When the equalizer
is adjusted to this condition, with a loss of 8 db at f,, then the fre-
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quency at which the loss is half the maximum, or 4 db, is found
to be about 0.5f,. But the half-loss frequency of the 6-db curve is
0.6fy, that of the 4-db curve 0.7f, and of the 2-db curve 0.8f,.

A modification of the basic ‘equalizer, in which the half-loss
frequency remains constant for any insertion loss, is known as the
constant-B network. A family of curves for this type of equalizer is
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Fig. 627-a,-b. Families of curves for equalizer
circuils.
presented in Fig. 627-b, where we can see that the lower half-loss
frequency is in each case equal to 0.5f,.

To accomplish this characteristic, we begin with a conventional
constant-resistance bridged-T attenuator and then add additional
resistance elements in series with Z, and in parallel with Z.. These
additional resistances serve to control the shape of the attenuation
curve by maintaining a constant db ratio between maximum and
minimum insertion loss for any frequency. The basic circuit for
the constant-B equalizer is shown in Fig. 628. Another interesting
characteristic of this circuit is the fact that, so long as the maxi-
mum insertion loss doesn’t exceed about 8 db, it is possible to
obtain a perfect set of complementary curves simply by inter-
changing 7, and Z.. For example a type A equalizer can be
switched to a type B having attenuation characteristics identical
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to the transmission characteristics of type A, and so with types
C and D.

Apparently all of these desirable characteristics could be ob-
tained with the basic network if it were possible to adjust the
values of the impedance elements. The particular advantage of the
constant-B system lies in the fact that it is accomplished solely
through the adjustment of resistances. When it is necessary to
alter the resonant frequency, then the reactive components are
varied. Thus this combination of adjustments will provide almost
any amount of either emphasis or attenuation in any desired
region of the audio spectrum.

Fig. 628. Basic arrangement of a con-
stant-B equalizer circuit.

Equalizer - amplifiers

Up to this point all of our equalizers have employed the use of
lumped reactances, sometimes called “passive” elements. But it is
possible to design an equalizer — amplifier which eniploys the
reactive characteristics of a vacoum tube. There is normally con-
sidered to be a 180° phase shift between plate voltage and grid
voltage as a signal passes through a vacunm tube, but it is possible
to design the circuit so that this shift approaches 90°, with the
plate current either leading or lagging the plate voltage. In this
case the tube is behaving very much like an inductance or capaci-
tance and is known as a reactance tube.
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loudspeaker systems

he loudspeaker is the final link in the component chain of

audio facilities, the part of the system whose function it is to
bring the sequence of events around full circle, to re<create the
waves of sound in air which are the starting point of all audio
operations. This is indeed a formidable task, involving as it does
a frequency range of 10 octaves and a dynamic range of 60 db or
more.

The speaker system, taken as a whole, is an electroacoustic trans-
ducer which transforms electrical energy from an audio amplifier
into a mechanical motion which generates acoustic energy. The
problem in the design and application of speaker systems, there-
fore, is that of providing as efficient a coupling as possible between
the electrical signal source and the air acoustical load. | | 4

The speaker load

When we refer to air as the load on a loudspeaker, this can be
taken quite literally, as is easily demonstrated by recalling the tre-
mendous effect of air friction, more commonly called “wind resis-
tance,” in dissipating the power of a fast-moving vehicle. We so
often employ the expression “light as air,”” that we may think of air
as having little or no weight at all. But the truth is that the weight
of the air in a fairly large living room, 24 by 30 feet with a 14-foot
ceiling, is nearly 750 pounds. This is the sort of load which the
loudspeaker must push around as it re-creates the sounds originally
fed into an audio system.

The atmosphere which surrounds us is really a mixture of sev-
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eral well-known gases, consisting of about 79, nitrogen, 219
oxygen and 19, argon. The remaining 19, includes very small
quanties of other gases such as carbon dioxide, helium, hydrogen,
krypton, ozone and xenon. Now let us see just what happens in
this atmosphere when audible sounds are produced.

The atomic particles of the various gases in the mixture average
about 1.5 hundred-millionths of an inch in diameter. Although
there are a tremendous number (44 X 10') of these particles in a
cubic inch of air, any one of them can move around 2.5 millionths
of an inch in any direction before it will strike one of its neigh-
bors. This void in which the particle can travel is known as its
mean free path. And while it seems extremely tiny, it is really huge
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Fig. 701. Mechanical illustration of

the transmission of sound in air.

compared to the diameter of the particle itself, the ratio being
about 160 to 1.

The atmosphere is really a great deal of open space and a
number of particles of several gases. These particles are constantly
moving around at random, traveling in all directions and at a
number of speeds, the average being about 0.5 mile per second.
The particles are constantly colliding with one another, and each
collision may alter the direction and velocity of the particle mo-
tion. This is the “rest” condition of the homogeneous elastic
medium through which it is possible to propagate sound.

Sound in air

The propagation of a sound wave in air is closely analogous to
the action of the suspended steel balls of Fig. 701. When one of the
end balls is displaced from its rest position at B and swung out to
position A, it will of course tend to swing back to B as soon as it is
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released and thereby to strike its neighbor. Almost at once and as
a direct result of the A~B motion, the ball at the other end will
swing out from point C to point D. But meanwhile the interven-
ing balls will hardly have moved at all. Thus the motion A-B has
resulted in a similar motion C-D although between these two
extremities there has been practically no motion at all and there
has been nothing which has been physically transported from A~-B
to C-D.

Bearing this analogy in mind, let us consider the arrangement
of Fig. 702. In the center of this apparatus we have a permanent

PERMANENT MAGNET CYLINDRICAL TUBE

AUDIO FREQUENCY I

i

i DIAPHRAGM MOTION
OSCILLATOR -

i

\

—

! MAGNETIC DIAPHRAGM

ELECTROMAGNETIC COIL

Fig. 702. Movement of the diaphragm, caused by the varying current through the
coil, produces sound.

magnet, an electromagnet and a magnetic diaphragm. Since the
diaphragm is within the field of the permanent magnet, there will
be a certain force of attraction between these two units. When cur-
rent passes through the coil, it will set up a magnetic field which
either aids or opposes that of the permanent magnet and the attrac-
tive force between magnet and diaphragm will be either increased
or decreased, depending upon the direction of the current. If the
diaphragm is thin and flexible enough, it will have a certain
amount of curvature due to its tendency to be attracted by the
magnet. The amount of this curvature will vary with the strength
of the magnetic field.

If an alternating current is passed through the coil, as from the
audio-frequency oscillator shown, the diaphragm will tend to
vibrate at a rate determined by the frequency of the current pass-
ing through the coil and the amount of diaphragm displacement
at any given instant will be proportional to the current intensity.
This action is the principle of the magnetic-diaphragm receiver,
the type most commonly employed in low-cost headsets.

Piston effect

Let us now attach a cylindrical tube to our receiver in such a
way as to cause the diaphragm to disturb the air particles in the
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tube. The diaphragm now really becomes a piston, although it has
a very short stroke, working against the fluid pressure of the air in
the tube. Before the audio signal is applied, the diaphragm is in a
fixed position and the air particles in the tube are in their cus-
tomary random-motion condition known as equilibrium.

When the current in the coil is such as to oppose that of the
permanent magnet, the pull on the diaphragm will be weakened
and it will move in towards the cylinder. In this case the particles
of air which are immediately in front of the diaphragm have less
space to occupy than formerly and therefore more of them will
collide with particles in the space ahead of the compressed area.

The ultimate result of these additional collisions is that the
effect of the original compression at the diaphragm is transmitted
to each adjacent group of particles, so that the disturbance travels
right on down the tube. It should be understood that the particles
originally compressed at the diaphragm do not themselves move
down to the end of the tube, but the effect of their motion does,
due to the fact that there is a particle-to-particle interaction propa-
gated from point to point along the entire length. This is known
as the compression half of the sound cycle.

When the diaphragm moves back, there is a larger space for the
nearby particles with consequently fewer collisions among the
particles than under the equilibrium condition. This condition is
transmitted down the tube in similar fashion, due to a forward-
traveling segment of the air which has fewer than average particles.
This is known as the expansion or rarefaction half of the sound
cycle.

As the diaphragm vibrates back and forth at an audio rate these
compression and rarefaction effects alternately move along the
length of the tube, but the actual air particles themselves do not
move any appreciable distance from their normal random posi-
tions. Thus, you can see that the process of sound propagation is
very similar to the electron theory of current flow in which ran-
dom-moving free electrons are caused to collide with their neigh-
bors when a voltage is applied. These effects are felt along the
entire length of the conductor, although the distance traversed by
any single electron is very slight. It is for this reason that much
electrical theory can be made to apply to the mechanical problems
of loudspeaker system design.

Like other electroacoustIic and electromechanical devices, such
as microphones, disc recorders and pickups, the loudspeaker has
available a number of methods for converting electrical energy
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into mechanical energy. Various schemes have been tried employ-
ing the piezoelectric effects of crystals, electrostatic effects of
charged plates and several electromagnetic systems. Although each
of these systems has its supporters, only one method is in general
use today — the loudspeaker shown in Fig. 703.

The dynamic speaker

This speaker consists of a paper cone which has fastened to its
apex a voice coil, which in turn is mounted in the intense field of
a powerful permanent magnet. The cone has a flexible suspension

OUTER SUSPENSION (ANNULUS)

MAGNET CONE

CENTER SUSPENSION (SPIDER)

DOME
VOICE COIL
CONE HOUSING
_CLAMP
RING

Fig. 703. Cross-sectional view of a dynamic speaker.

Most speakers are of the permanent-magnet type.
mounting both at its apex and around its outer edge. The entire
coil and cone assembly is therefore free to move as a unit, up to
the mechanical limitations of the suspensions.

When an audio-frequency current passes through the voice coil,
it establishes a magnetic field which alternately aids and opposes
that of the field magnet. There will, therefore, be a tendency for
the voice coil (which has now become an electromagnet) to move,
either further into the field or out of it, as determined by the
direction of the audio current at any instant.

Since the cone is rigidly attached to the voice coil, it too will be
forced to move as the coil moves. This motion will set up com-
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pression and rarefaction regions in the air particles before it, in
much the same manner as did our piston diaphragm of Fig. 702.
These disturbances of the air particles may be perceived as sound.
If they represent a true reproduction of the electrical signal caus-
ing them and if the electrical signal is a faithful representation
of the original sound waves, then the recreated sound should
present to the air the identical aural impression that the ear would
have received had it been present at the original production of
the sound. As we stated in Chapter 1, no such degree of perfection
has yet been attained. Now let us examine in greater detail the
problems posed by such requirements in the design of practical
loudspeaker systems.

Voice-coil force

The force which the voice coil exerts on the cone in causing it
to move is the product of three factors and expressed by the equa-
tion:

F = Bli (43)

where F is equal to the force in dynes, B the flux density of the
air gap, | the conductor length of the voice coil in centimeters and
i the current flow through the voice coil in amperes.

When this force is exerted on the cone, the movement of the
cone will be opposed, not only by its own mass and inertia, but
also by the load of the air to which it is coupled. The velocity of
the movement of the cone is therefore expressed by the equation:

F
ve— (44)
Iy +Za

where v equals the velocity in centimeters per second (cm/s), Zy
the impedance of the speaker mechanism in mechanical ohms and
Z. the radiation impedance of the air load in mechanical ohms.

The cone acts to couple the air-load impedance Z, to the driv-
ing force of the loudspeaker motor. In this type of speaker, com-
monly called a direct radiator, the original force generated by the
motor is localized to the voice coil area but it must be transmitted
to the air load which normally extends over an exceedingly large
area. To do this effectively while holding Zy to a minimum, the
cone must be as light and as stiff as possible. But while a hard,
stiff cone has the greatest efficiency it also has the highest
transient distortion. A soft feltlike cone, on the other hand, will
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have a smoother response curve with better transient response but
its efficiency and high-frequency response will be poorer.

At the lower frequencies, up to between 700 to 1,400 c.p.s., the
cone acts somewhat like a piston diaphragm whose diameter is
that of the cone itself. In this region all parts of the cone move in
phase to displace air particles. The frequency at which the piston
action ceases is known as a mode of vibration. Above this point
the cone vibrations are more like waves which travel outward from
the apex. The center part of the cone vibrates with considerably
greater intensity than the outer edges, this effect becoming more
pronounced with increasing frequency. As a result the effective
mass is reduced and the cone acts as if it were becoming steadily
smaller as the frequency is increased. The practical effect of this
is to provide a high-frequency response much better than it would
be if the cone were to behave as a piston throughout the spectrum.

Cone resonance

The coil and cone assembly unit will have a definite resonant
period usually designed to be at the lower extremity of the fre-
quency range being reproduced. At this point the motional imped-
ance Zy becomes very small, with a resulting tendency for the
velocity and amplitude of the radiated power to become quite
large. There is generated, however, a counter-e.m.f. which is like
that in any motor in that it tends to oppose the current flow caused
by the applied voltage. By proper design this back-e.m.f. can be
controlled so that the response at resonance either peaks or rolls
off.

Advantage is often taken of this fact in cheap speakers to intro-
duce deliberately a strong resonant peak which is highly distorted
and therefore rich in harmonics. This increases the overall loud-
ness at the lower frequencies considerably. But it is, of course, only
a trick to produce false bass and it has attendant with it very high
orders of interinodulation and transient distortion. It is conse-
quently avoided in high-quality speaker design wherein the re-
sponse may have only a slight resonant peak or none at all. Below
resonance the impedance increases rapidly and so the response
drops off rapidly.

Speaker enclosures

An enclosure or baffle is an essential element of any direct-
radiator loudspeaker system. Whenever the front of the speaker
cone is compressing or rarefying the particles of air before it, the
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rear surface of the cone is doing much the same thing, except that
the two actions are exactly 180° out of phase with each other. If
these rear pressures are permitted to affect those in front, there
will be a partial cancellation between them, this effect being more
troublesome at the long-wavelength bass end of the spectrum.
Thus, for good efficiency and to avoid an attenuated bass character-
istic, it is necessary to provide some means of preventing this back-
to-front cancellation.

The device which controls the speaker back wave is known as a
baffle and its diameter should be at least a half-wavelength for the
lowest frequency to be reproduced without attenuation. In its
simplest form the baffle is nothing more than a board of the proper
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Fig. 704. [Irregularly shaped baffles and off-centering of speakers avoids a single
cul-off frequency.

dimensions having a suitable hole against which the speaker is
mounted. With this arrangement the back wave must travel out
to the end of the baffle and then turn around to the front before
it can cause any serious trouble. Since by then it has been largely
dissipated in the air load at the rear, its effect is of little conse-
quence except at the cutoff frequency. To distribute over a con-
siderable range the destructive interference effects at cutoff, the
baffle is shaped irregularly so that there are in effect a number of
cutoff frequencies rather than one critical frequency. Examples of
such shapes are shown in Fig. 704.

To be perfectly effective down to the lowest frequencies the flat
baffle must be of very large size. This condition is approached in
practice when the speaker is mounted in a wall between two rela-
tively large rooms. This method is rather simple, free from cabinet
resonance, and saves the space required for a large bulky enclos-
ure. The simplest type of enclosure, of course, is the flat baffle to
which have been attached sides, top and bottom, thus forming an
open-backed box. This is the familiar construction so often found
in the cabinets of radio and television sets. It is not very satisfac-
tory, however, as the dimensions are usually such as to preclude
adequate bass response and resonant peaks degrade the frequency
response.
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When a back is attached to this cabinet it becomes a total enclos-
ure, often incorrectly referred to as an infinite baftle. This is like-
wise an undesirable method of baflling, for it reacts upon the
speaker in such a way as to raise its resonant frequency. This may
cause the resonance peak to be considerably more pronounced
than before and it will certainly impair the overall bass response for,
as we know, the output is rapidly attenuated below resonance. As
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Kig. 705. This chart gives the relationship between the volume, resonant frequency
and port area of a bass-reflex enclosure.

a practical matter we can say that the efliciency is cut almost in

half in the bass region when a total enclosure is employed.

Bass reflex

An enclosure which not only does not attenuate the bass, but
actually reinforces it, is the acoustic phase inverter, popularly
known as the bass-reflex cabinet. Almost a total enclosure, it differs
by having a port opening in the front of the cabinet. When this
opening is properly designed, it will cause the speaker back wave
to emerge in phase with the front wave and thus actually add to it.
It cannot do this throughout the spectrum, but only in a region
of two or three octaves and this reinforcement band is usually
chosen to be down at the lowest frequencies. Sound-absorbing
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material is placed within the cabinet to absorb the upper frequen-
cies so that they cannot emerge out of phase and cause interference
and cancellation.

The port is usually tuned to a frequency just a little below the
free-air resonance of the speaker. This results in a bass response
curve somewhat smoother and with a lower limit. Tuning is ac-
complished by altering the area of the port, whose shape may be
either round or rectangular, but whose size is rather critical and is
given by the equation:

A IV (an)‘ (45)

4 c

where A equals the area of the port, V the volume of the enclosure,
f the free-air resonant frequency of the speaker and c the velocity
of sound in air. A useful chart showing the relationship between
these various quantities is given in Fig. 705.

Since it performs extremely well for a very small size unit and
is a proven design of many years' standing, it still enjoys wide-
spread popularity. The construction is rather simple, but a few
hints should make the work go more smoothly.

Enclosure construction

The overall dimensions of the enclosure are not critical, but
better results will be obtained with 12-inch and larger speakers if
the cabinet volume is at least 4 cubic feet. The depth of the box
should be at least 1 foot. All boundary surfaces should be of heavy,
seasoned lumber, preferably of plywood 34 inch or more in thick-
ness. The front panel in particular should be absolutely flat so that
no undue stresses are placed on the speaker when it is mnounted.

All joints must be airtight and well secured by screws and glue
(except for the back panel). Bracing inside corners of the joints
with glue blocks is recommended for avoiding noises at cabinet
resonance. Cleats should be provided for attaching the removable
back to the sides, and a very close fit is desirable for a joint as air-
tight as possible. The back should be secured to the cleats by
screws at each corner and at 4-inch intervals along each edge. The
inner surfaces of the cabinet should be lined with a material which
is sound-absortive, particularly at the high frequencies, such as
2-inch-thick Fiberglas or rock wool. This can also be obtained with
paper on one side only, and is mounted with the paper against the
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cabinet. It should be installed before the speaker is mounted to
prevent any fragments from getting into the speaker mechanism.
A further precaution is to cover all of the padding with a couple
of layers of cheesecloth. All of the back should be padded along
with about half of each of the remaining surfaces. The choice of
grille cloth is important also, for it could be responsible for con-
siderable high-frequency attenuation. If a grille cloth is necessary

3/8” PLYWOOD BACK SCAEWED TO CABINET 1y

SECURING BACK
T0 SI0ES

Fig. 706. Constructional details of a bass-reflex enclosure.

for appearance sake, then it should be of a rather coarse mesh and
not too soft. To get a rough idea of the sound transmission char-
acteristic of a given cloth ‘it may be held up to the light. If it
appears quite dense, it would be better not to use it. A typical
bass-reflex enclosure design is shown in Fig. 706.

Another type of phase inverter is the acoustic labyrinth, whose
cross-section is shown in Fig. 707. This operates on the same gen-
eral principles as the bass reflex, except that tuning is determined
by the length of the air column into which the rear of the cone
works. This system usually has somewhat better bass response
than the bass reflex, sometimes by as much as an additional full
octave. Its main drawback is the difficulty of construction.

Helmholtz resonator
The principle of phase inversion is employed in another way
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in the Helmholtz resonator type of enclosure, for which is also
claimed an additional octave of bass response over that of the bass-
reflex system. This principle, commonly employed in the design
of the bodies of string instruments, can best be understood by con-
sidering first what occurs when it is used in this application.

The body of a guitar, for example, is a wooden box, fully en-
closed except for a sound hole. When a string is plucked, particles
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Fig. 707. Cross-sectional view of an
acoustic labyrinth.
of air are set into motion in the vicinity of the vibrating source,
including the air over the sound hole. The compression and rare-
faction of the particles in this area are transmitted to the captive
body of air within the box. For this air to return to an equilibrium
condition it must return these pressure effects back out of the same
hole through which they entered.

Thus the pushing up and down on this mass of air is rather
analogous to pushing on a spring. When a trampoline performer
in the circus, for example, jumps up and down on his springy mat,
he is doing much the same thing. The secret of the tremendous lift
he gets from his apparatus lies in the fact that he times his up-and-
down motion to a point where it is nearly self-sustaining. He has
in fact reached the resonant frequency of his mechanical system.

In the same manner the Helmholtz resonator, as its name im-
plies, has a resonant period, and it is one with a very high Q. This
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means that the air pressures developed at resonance will be very
much stronger than those even at nearby frequencies. This is
hardly a desirable condition for an enclosure which should have
a broad and flat response, but the Helmholtz principle does offer
the advantage of considerable efliciency for a very small size. To
adapt this to a speaker enclosure, one must retain a measure of
this efficiency while flattening the resonant peaks.

A practical form of Helmholtz resonator for loudspeakers is
shown in Fig. 708. Note that the speaker is mounted within the
cabinet on a baffle board somewhat smaller than the inner dimen-
sions of the box itself. The front of the cabinet has a rectangular

Fig. 708. The Helmholtz resonator has a strong resonance point.

or oval port, and the separate speaker mounting board is installed
an inch or so behind it. Thus, there is a duct through which the
back wave can travel to join the front wave. If the unit is properly
dimensioned, the two waves will emerge through an opening in
phase at the bass frequencies. Furthermore, when the port has the
correct size and shape, the resonance peak is flattened considerably,
being now of such magnitude that it is useful for bass boost with-
out excessive distortion. The interior is padded as was the bass
reflex for absorption of the upper spectrum which is not to be
boosted. The outstanding characteristic of this enclosure is the
diminutive size required for such performance. The unit of Fig.
708 is only 20 inches square and 16 inches deep.

The musical-instrument approach is also employed in the en-
closure of Fig. 709 but the basis here is the closed pipe, a device
which is used for some of the tone generators in pipe organs. This
pipe is stopped at only one end and, when it has a high ratio of
length to width, it will have a resonant frequency whose wave-
length is four times the length of the pipe itself. The element is
then also analogous to a closed-end quarter-wave section of trans-
mission line.

This pipe will characteristically resonate at all of the odd har-
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Fig. 709. This loudspeaker enclosure works on the musical-instrument principle of a closed pipe.



monics of its resonant frequency or, when it is used to produce a
tone, the sound will be rich in the odd harmonics of the funda-
mental. If a tapered slot is cut into the open end of the pipe, the
resonant peaks will be considerably broadened and if the slot is
finally extended to a distance greater than two-thirds of the overall
length of the pipe, then the resonant peaks will just about dis-
appear.

With the correct dimensioning of the pipe and a slot which
follows an exponential taper, the transmission characteristics of the
device become uniform in the audible range but its abilities as a
quarter-wave acoustic-matching transformer remain unimpaired.

SOUND
ABSORBING
MATERIAL

SPEAKER HORN MOUTH

Fig. 710. Typical horn-type loudspeaker.

Adherents of this design claim superior performance in terms of
minimum distortion and a better overall directional pattern.

In some applications, where space is not at a premium, a con-
ventional direct-radiator loudspeaker may be used in conjunction
with a directional baffle or horn, as shown in Fig. 710. Such a horn
is considerably shorter than the true horn type loudspeaker which
is yet to be discussed. It has a throat area equal to or slightly less
than the cone size and has a fully enclosed box for capturing the
back wave. The box is lined with sound-absorbing material to
minimize resonance effects.

With a horn of optimum throat size the mechanical impedance
of the air load presented to the cone will be appreciably greater,
especially at the lower frequencies, than that of conventional plane
baffles. This increases the efficiency to several times that of the
ordinary baffle and in addition there is the desirable concentration
of energy due to the directivity of the horn baffle.

The folded horn

For indoor applications where space must be conserved, the
directional baffle or horn may be folded as in Fig. 711-a. Despite the
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labyrinthine curvature of this unit, it is nonetheless a horn whose
rate of expansion follows an exponential taper. It is designed to be
installed in a corner, so that the walls of the room act as an exten-
sion of the walls of the horn.

While the low frequencies can bhe made to follow the sharp

(Coxrtesy Acoustical Society of America)

Fig. 711-a,-b. Example of the construction of a folded horn.

turns of the sound path shown in Fig. 711-b, the higher frequen-
cies will be dissipated. The folded corner horn thus cuts off at an
upper limit of about 1,500 c.p.s. and no effort is made to use it for
reproduction above this point. Additional high-frequency speaker
elements must therefore be employed to complete a wide-range
system.

Horn-type speakers

Referring to Fig. 702, the straight pipe is unsuitable as a sound
radiator except where very sharp resonance effects are desired.
But suppose we consider the action occurring when we replace the
pipe with a horn as in Fig. 712. Now each successive compression
and rarefaction of the air is slightly greater in volhmme due to the
flare of the horn.

The horn now is acting as an acoustic transformer, coupling the
relatively heavy vibrating surface at the throat of the horn to the
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relatively light air load at the horn mouth. This may be visualized
by reference to Fig. 713. For purposes of discussion it is assumed
that the horn is of very large size relative to the wavelength of the
transmitted sound, and there are no losses occurring in the horn.

YOICE COIL SPIDER THROAT

FIELD MAGNET DIAPHRAGM

Vig. 712, Uhe horn acts as an acoustie ransformer.

The magnitude of the acoustic power varies directly with the
cross-sectional area of the horn and with the square of the air

THROAT
DIAMETER=!

VOLUME CURRENT =100 )_\‘
P =
VOLUME CURRENT=! RESsURE

PRESSURE=100

MOUTH DIAMETER =100

Fig. 713, Relationshipy of throat and mouth pressures in a horn.

pressure. Since the area of a circle is in turn proportional to the
square of the radius, there is an inverse relationship between the
diameters and corresponding pressures at each end of the horn.
Thus if the ratio of month and throat diameters is 100:1, then the
ratio of throat to mouth pressure is similarly 100:1.

Just as in an electrical circuit the power equals the voltage times
the current, so in acoustics the power equals the pressure times the
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rate of air flow, known as volume current. Since in this horn we
have assumed a I:1 power ratio between throat and mouth, when
we decrease the pressure to one-hundredth, to maintain the same
power level we must increase the volume current 100 times. This
is directly analogous to an electrical transformer having a turns-
and-voltage ratio of 100:1 and a current ratio of 1:100 and explains
why the correctly designed horn behaves as an acoustic trans-
former.

Horn design
The mouth of the horn terminates in the acoustic medium

HYPERBOLIC
EXPONENTIAL

/

EXPONENTIAL
CONICAL

PARABOLIC

Fig. 714. This illustration shows shapes of typical
horns.
which is air. The size of the horn mouth with respect to the wave-
length of the lowest frequency to be reproduced is critical, for this
will determine the smoothness of the bass response and freedom
from resonance. The lower cutoff frequency of a horn will be that
at which the diameter of the mouth is about a third-wavelength.
For frequencies below cutoff most of the sound will be reflected
into the horn as soon as it reaches the mouth.

The shape of the horn should be such that it produces a smooth
and continuous increase in cross-sectional area as it expands from
throat to mouth. A wide variety of shapes have been tried experi-
mentally, including those of Fig. 714, but most commonly used is
that which follows a mathematical equation based upon the expo-
nential law.

The exponential Irorn is simply one in which the cross-sectional
area doubles for each unit of its length. But nothing is said about
the size of these units, so long as they are all the same. Thus it is
possible to make long narrow horns with a slow taper or short wide
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horns with a rapid flare, and yet each may follow the exponential
law. Obviously the length of the intervals between each area
doubling will determine the horn shape and its expansion ratio.

The expansion ratio is the other factor which determines the
bass response, the lower cutoff frequency being inversely propor-
tional to the rate of expansion. This relationship is reduced to
some practical values in the table of Fig. 715. We can also quickly
find the optimum mouth diameter in inches simply by dividing
the lower cutoft frequency into 4,000.

LOWER CUTOFF FREQUENCY | € 32 64 | 128 | 256

C.PS.
INTERVALS OF LENGTH 48 24 12 6 3
FOR AREA DOUBLING INCHES

Fig. 715. Relationship of horn area and lower cutoff frequency.

With these facts at hand, we can proceed to design a practical
exponential horn. Suppose we wish to build a horn which will
reproduce effectively down to 32 c.p.s., using a driver with a l-inch
throat diameter. Then the diameter of the mouth will equal
4,000/32, or 125 inches. Now the area of the throat equals the
diameter squared times 0.7854, or in this case 0.7854 square inch.
Since from Fig. 715 we learn that the area doubles for every 2 feet,
at a distance 2 feet from the throat the area must be 0.7854 X 2 =
1.5708 square inches. At 4 feet it is 1.5708 X2 = 3.1416. Continu-
ing out to the limit of the mouth as previously calculated, we
arrive at the design of Fig. 716.

This gives us the horn areas at 2-foot intervals throughout its
length. If the horn is to be circular we must determine the diam-
eters at each point by the formula \/A/0.7854. The horn may
also be square with approximately equivalent results. In this case
the width and height may be found simply by extracting the
square root of the area at each point.

Since our design was predicated on a mouth diameter of 125
inches, its area would be 12,271.875 square inches, which is a little
less than that at the 28-foot length. Thus the horn could be slightly
shorter and still provide a smooth response down to 32 c.p.s. as
required. In any case this is a huge thing and so the horns are
often coiled as in Fig. 717 or folded as in Fig. 711. This is entirely
permissible, provided that the bends are not too sharp and the
rate of expansion follows the appropriate mathematical laws.
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Fig. 712 shows that the horn is coupled to the diaphragm of the
driver unit through an air space known as the sound chamber.
The purpose of this is to provide the best possible coupling be-
tween these two elements. Since the throat area is usually smaller
than the diaphragm area, the diaphragm works into a load at low
frequencies which is the product of the throat impedance and the
square of the ratio of the diaphragm area to the throat area. In this
way the diaphragm imparts a much higher velocity te the air in
the throat than it would if the diaphragm were located in the
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Fig. 716. Design of a horn.

throat and drove it directly at its own velocity. The result of all
this is an efficiency which may be 10 times as great as with an
equivalent direct radiator having the same power input.

Multiple speakers

Whenever cost and space permit, multiple smaller loudspeakers
all of which cover the same frequency range are preferable to a
single larger speaker. In some applications this is usually manda-
tory, as for sound reinforcement in auditoriums or stadiums, but
it is also good practice even in home installations for the following
reasons:

1. A greater efficiency and frequency response due to lighter
cones.

‘2. A Dbetter directional pattern due to variable placement of
individual speakers.
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3. Less power dissipation as heat losses in the coils.

When the speakers are connected in multiple, a new impedance
will be presented to the source depending upon the method of
connection. A series connection of a large group of speakers is not
recommended, as transient voltages high enough to cause arcing
in the driver units may be developed. Parallel or series-parallel
connection is therefore much to be preferred.

If only two identical speakers are used simultaneously, the

Fig. 717. Horns are often coiled or folded.

choice of connection is not critical. Whichever method provides
the most convenient match to the available transformer taps may
be used. The total impedance of two identical speakers connected
in series will be twice the voice coil impedance of either one alone.
Similarly when two identical voice coils are connected in parallel
the resultant impedance of the combination will be one-half the
impedance of either voice coil alone.

It is especially important when multiple speakers are operated
close together that they be properly phased. This means that the
several cones must all set up a compression alternation simultan-
eously and must also cause rarefaction simultaneously. If they do
not, destructive interference and partial cancellation may result.
This means that the cones must move in the same directions simul-
taneously, and this direction of movement will depend upon the
direction of current flow through the voice coils, all other factors
being equal.

The solution to the problem, then, lies simply in connecting
the common signal to the several voice coils so that the direction
of current flow is the same in each coil at any given time. For series
operation of two speakers, two unlike terminals must serve as the
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junction between the units. Then the other unlike pair will be
connected across the source as shown in Fig. 718-a. For parallel
operation of two units each pair of like terminals is joined across
the source as in Fig. 718-b.

Complementary systems

An even more widely used multiple-speaker arrangement is one
in which the several units cover complementary frequency ranges.
This system has all the advantages already cited for multiple iden-
tical arrangements, plus the following:

I. Less intermodulation distortion,
2. Less transient distortion,
3. Less frequency-modulation distortion.

Since the cone type direct radiator is not very efficient at the
upper frequencies, it is normally used only for the low-frequency
element, commonly known as the woofer. The high-frequency
elements are almost invariably some form of horn, commonly
referred to as a tweeter. In three-element systems the mid-range
speaker is sometimes called a squawker.

The biggest problem with all types of high-frequency speakers
is their extremely sharp directivity. To make the high-frequency
radiation pattern approximate that of the lower frequencies, var-
ious modifications of the basic exponential taper are used. These
include multicellular and multisectional mouths, so-called optical
slits and acoustic lens, and reciprocating flares. Each of these
methods has its earnest proponents, but the effectiveness of one
over another will hinge largely on personal taste as well as the
performance of the remainder of the loudspeaker system.

The several elements may be mounted at somewhat separated
points, but repeated listening tests would seem to confirm that
they should be as close together as possible, so that the sound will
appear to be emerging from a single point source. Sometimes they
are nested together on a common axis and in some cases the var-
ious units are integral parts of a single coaxial speaker assembly.

Crossover networks

Since it is not possible to design a loudspeaker which will repro-
duce a given band of frequencies faithfully while at the same time
sharply attenuating all frequencies outside its assigned band, it is
necessary to install an electrical network into the circuit, so
arranged that each speaker receives only those signals which lie
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within its predetermined range. The electrical circuits are known
as crossover or dividing networks. Multiple-speaker systems today
may have four or more radiating elements, but a simple two-
speaker combination of woofer and tweeter is by far the most
widely used. Our discussion of dividing networks will therefore
be confined to those for two-way speaker systems. It is possible, of
course, that power requirements are such that several identical
woofers and several identical tweeters are employed, but this
would still be only a two-way system with only one crossover fre-
quency.

The dividing network is usually placed between the amplifier
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Fig. 718-a,-b. Proper phasing of speakers is important.

output transformer and the voice coils of the speakers, and it is
for this type of operation that design data will be given. It is pos-
sible, however, to construct networks which are to operate else-
where in the circuit. One such location is between the final
amplifier stage and its load circuit. An example of a design for
this class of operation is shown in Fig. 719. This has the advantage
that, since the network is in a high-impedance circuit, smaller
values of capacitance and inductance are required than in the
more conventional use. Its greatest disadvantage lies in the fact
that two separate output transformers are required, one for each
speaker. The transformers need not be of exceptionally high
quality, however, as neither of them is required to pass the full
spectrum.

It has also been suggested that frequency division occur even
farther toward the system input. In this case two separate amplify-
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ing channels are required following the dividing network. Such a
system would provide greater stability and power losses in the net-
work would be very much less, hut the duplication of amplifiers
would raise the cost considerably.

Crossover frequency

The selection of a crossover frequency will depend upon several
factors. If the frequency is too low, exceedingly large and expen-
sive capacitors will be required as well as a larger tweeter element.

=

S0H MIN
2H WOOFER

B

8+
L]
|||n znge TWEETER
¢

Fig. 719. Representative crossover network.

This will practically defeat one of the purposes of the two-way
system.

If the crossover frequency is too high, there is the possibility of
encountering the characteristic dip in response which all large
cone speakers seem to exhibit. And if the system will be operating
often at voice frequencies, as in motion-picture theater applica-
tions, too high a crossover will result in splitting the fundamental
speech energy between the two speaker units, a condition resulting
in poor presence.

Where economy of investment and space are factors ol upper-
most importance, a fairly high crossover frequency, say around
800 c.p.s., would be satisfactory. But where equal consideration is
given to each of the several factors mentioned. probably the best
compromise will be a crossover in the neighborhood of 400 to 500
c.pss.

Attenuation rate

The rate of attenuation at the crossover frequency is also depen-
dent upon several factors. A very sharp cutoff is theoretically desir-
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able for preventing excessive low-frequency energy from getting
into the tweeter unit. It would also help to minimize objectionable
irregularities due to response peaks in the speakers at frequencies
beyond cutoft.

A sharp cutoft requires more filter sections and consequently
more expense. It also causes greater power losses in the network

ANALLEL SRIES
[ — +I'°'6\
L4 u l L2 l
T WOOFER Tu T(I WOOFER
_;5 o
LS L TWEETER
L3 TWEETER o
[ 2 -
uw Ly Li
SOOFER at4 WOOFER
%LS TWEETER
u TWEETER
dl
s 4 0
L= o, O 2 TR,
28, .2
L2z W 2 T e
L
S O em
“'“""’ﬁi‘ u-uhnﬁ
L Lyl
L"(Tl?) T, ”'(H—-) 2Ry
INDUCTANCE VALUES IN HENRIES CAP WALUES IN FARADS

Fig. 720-a,-b,-c,-d. Design circuits and formulas for . crossover
nelworks.
which must be compensated for by a larger amnplifier. And finally,
a sharp cutoff will increase the transient distortion. For these rea-
sons it is generally accepted that an attenuation rate of at least
12 db per octave is desirable but that anything over 18 db per
octave is excessive.

All two-way dividing networks are really combinations of a
high-pass filter which feeds a tweeter and a low-pass filter which
feeds a woofer, the two filters operating from a common source at
their input terminals. These inputs may be connected either in
series or in parallel.

Two basic methods of crossover network design are commonly
employed. One utilizes a modification of conventional filter design
while the other maintains a somewhat better impedance relation-

157




ship and is therefore known as the constant-resistance method.
Neither is overwhelmingly better than the other, and so our dis-
cussion will cover both of them.

Filter networks

When employing the filter method, it is necessary to follow
special design procedures only for the first half-section of each
filter. The succeeding sections (if any) are designed and con-
structed by the conventional methods described in Chapter 6.
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Fig. 721. Family of characteristic curves of crossover networks.

For the first half-section, it is essential that the.m-derived type
be used. As is customary for this configuration, m is assigned a
value of 0.6. When the filters are connected in parallel they will
have mid-shunt terminations, and when they are connected in
series they will have mid-series terminations. Typical configura-
tions for both full- and half-section dividing networks for both
series and parallel operation are shown in Fig. 720. Design for-
mulas are also shown for each of the filter components. When R,
is assumed to be 10 ohms and m is 0.6, solving the equations for
a set of values for the circuit constants will provide the curves of
Fig. 721. When R, is some other value than 10 ohms, it is a simple
matter to employ these curves and adapt the figures. To obtain
corrected inductance values in this case, it is simply necessary to
multiply each L by Re/10, and for corrected capacitance to divide
each C by Ro/10.

You will note from Fig. 720 that networks a and b are standard
filter configurations, with a low-pass and high-pass filter in parallel
in each case. Network a consists of full-T sections while network
b comprises two L half-sections. Network ¢ has two full x sections
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in a series configuration, while network d comprises two L half-
sections.

When an attenuation rate of about 12 db per octave is satis-
factory, the L-section filter is sufficient. When a rate of 18 db per
octave is required, a full section will provide this. Thus networks
a and c of Fig. 720 have attenuation rates of 18 db per octave,
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Fig. 722-a,-b, -c, -d. Constant-resistance dividing networks.

while networks b and d will attenuate at the rate of 12 db per
octave beyond their cutoff frequencies.

Constant-resistance networks

The constant-resistance network is so named because it sup-
posedly maintains a constant resistance characteristic at its input
terminals. This is not strictly true, however, as the variation of its
loudspeaker load impedance with frequency will reflect to its
input, and in actual practice the input resistance is very little
improved over that of the filter type.

Typical circuits of constant-resistance dividing networks are
presented in Fig. 722. Note that the configuration of network a is
the same as that of Fig. 720-b and that network ¢ resembles that
of Fig. 720-d. But it will also be noted from the design data that
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both the method and the result differ somewhat. A set of design
curves developed from the formulas is given in Fig. 723.

A convenience in designing and constructing this type of net-
work will be evident from examination of Fig. 722, wherein we
see that all inductances in a given circuit are equal in value, as
are all capacitances. The attenuation characteristics of this net-
work method are not as steep on the average as those of the filter
method. Networks b and d of Fig. 722 will attenuate at a rate of
only 6 db per octave, while those at a and ¢ will slope at 12 db per
octave. No steeper rates are possible.

Resistance in the network
The curves of Figs. 721 and 723 are predicated upon pure reac-
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Fig. 723. Design curves based on the netwvorks of Fig. 722.

tances, with no resistance whatever in the network. Such a condi-
tion does not occur in practice, of course, so the curves will be
slightly inaccurate. This is particularly true with respect to the
crossover frequency, which may be shifted a bit.

This is a minor difficulty however, compared to the relatively
large amounts of power which are dissipated in the resistance of
the network. In a 100-watt system, for example, a loss in the trans-
mission band of only 1 db will result in a power loss of 21 watts.
In practice the network loss can be held down to about 0.5 db, this
being the minimum practicable value.
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chapter

microphones

he microphone may well be regarded as the very fountainhead

of the audio system, for it is at this point that sound first
becomes electricity. If there is any considerable discrepancy in this
translation from acoustical to electrical energy, the system is nearly
defeated at the outset for any subsequent corrective measures that
may be attempted will be only partially successful.

The modern microphone is an amazingly efficient and accurate
device, but the fact remains that the perfect microphone is yet to
be built. When it is, it will exhibit a perfectly flat frequency re-
sponse over a spectrum which exceeds somewhat the range of the
human ear. Throughout this range absolutely no distortion of any
sort will occur. It will provide this distortion-free operation over
a dynamic range of at least 60 db. If it is to be omnidirectional,
it will exhibit no discrimination of any sort at any point around
its polar axis. But if it is intended to be unidirectional, it will
present exactly the same discrimination anywhere in its range.
It will have a difference in front-to-back sensitivity of at least
18 db. It will generate sufficient output so that reasonable amounts
of amplification will bring up its level to usable values. Its physical
size and shape will be such that they will have a negligible effect
in breaking up the sound waves which strike it. This, then, is the
perfect microphone of the future. We don’t have it yet, but we
have had numerous approaches to it in the history of audio. Let’s
see what they are.

One of the oldest microphones, and the one probably most
familiar, is the ordinary telephone transmitter, which is in reality
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a carbon microphone. It is of historical interest, however, that
Alexander Graham Bell’s original telephone of 1875 was not a
carbon instrument but one which operated on magnetic principles
very similar to those of today’s dynamic microphone. It was the
Blake transmitter, invented a year later, which is the basis of the
carbon microphone utilized down to the present day.

The carbon microphone

This microphone operates on the principle that the vibration
of its diaphragm can vary the intensity of an already existing elec-
tric current. Thus it does not generate a voltage of itself, as do
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Fig. 801. Cross-sectional view of carbon microphone.
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many microphones, but it is instead really a current modulator.
The operation may be understood by reference to Fig. 801. The
basic circuit components are a d.c. voltage source, usually provided
by a battery, a cup of carbon granules known as a “button,” a
metal diaphragm and a transformer. The negative terminal of the
battery connects to the diaphragm through its mounting ring.
The diaphragm, in turn, rests against one side of the button; the
other side is connected to the output. The circuit is then com-
pleted through the transformer primary to the positive terminal
of the battery.

The rate of current flow through the microphone circuit will
depend upon the battery voltage (usually 6 volts), the resistance of
the transformer (very low) and the resistance of the carbon button
(around 100 ohms). When no sound waves hit against the dia-
phragm, it remains stationary, the resistance of the button remains
constant and a steady value of d.c. flows through the circuit. But
when sound waves strike the diaphragm, it will vibrate in accord-
ance with the variations in their intensity and frequency. This
vibration causes a varying pressure to be exerted on the carbon
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granules, changing the state of their compression. As the com-
pression increases, the resistance of the granules decreases, and the
current therefore rises. Conversely, a decrease in compression will
result in an increase in resistance, resulting in a decrease in cur-
rent. The varying current is pulsating d.c., produced by the super-
imposition of the audio a.c. component upon the steady d.c. sup-
plied by the battery.

Double-button carbon microphone

A more sensitive microphone operating on these principles is
the double-button type, whose circuit is shown in Fig. 802. In this
case one button becomes more conductive at the same time the

Fig. 802. The double-button car-
bon microphone is characterized by
a higher sensitivity than the single-
button unit shown in Fig. 801.

other becomes more resistive. The output is thus effectively
doubled when combined in a center-tapped output transformer.
This is really a push-pull arrangement and as such has the char-
acteristic discrimination against even-harmonic distortion. But
despite these and other improvements, the carbon microphone
still exhibits carbon resistance noise and for this reason is now
seldom used except for telephone and communications applica-
tions.

The crystal microphone

The crystal microphone does actually generate a voltage of its
own, based upon the familiar piezoelectric effect. This phenom-
enon is exhibited as the tendency of certain piezoactive materials
to distort physically when a voltage is applied across them and,
conversely, to develop a difference of potential between their two
faces when subjected to mechanical stress. Crystal microphones
are generally of two types: the diaphragm unit and the sound-cell
type. The diaphragm crystal microphone is shown in cross-section
in Fig. 803. The crystal material normally used is Rochelle salt,
and not the quartz crystal usually found in r.f. oscillators.

Two slabs, known as a bimorph element, are cut and assembled
in such a manner that they will respond to sound-wave pressures.
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Foil electrodes are applied to the outer faces of the element and
between the slabs as well. When sound waves strike the diaphragm,
the connecting pin causes the elements to bend and a voltage is
thereby developed between the center and outer electrodes.

The sound cell unit employs two bimorph elements. These are
mounted back to back, enclosed in a rectangular plastic frame and
sealed in by two pliant membranes. In this system the sound waves
strike the cell directly, thus eliminating the diaphragm and driving
mechanism. By making this assembly small, its resonant frequency
will be above the limits of audibility. The device then is pressure-
actuated throughout the entire range, and with a little equaliza-
tion the response can be made substantially uniform up to 15,000
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Fig. 803. Crystal microphone in cross section.

The output impedance of the crystal microphone is quite high,
which means that it will match directly the grid input circuit of
the amplifier. This high impedance is sometimes a disadvantage
in quality work for long runs of mike cable will be very suscep-
tible to induced noise and an attenuated high-frequency response
due to distributed capacitance between the conductors. The crys-
tal is also extremely sensitive to mechanical shock and high tem-
peratures, becoming completely inoperative at 130°F.

The dynamic microphone

The dynamic microphone, which has been with us since Bell's
experiments in the 1870’s, has been doing a workmanlike job for
years and is now probably more popular than ever. This micro-
phone, also known as the moving-coil type, utilizes a diaphragm,
a coil and a permanent magnet, constructed as shown in Fig. 804.
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The coil consists of a large number of turns of extremely thin in-
sulated aluminum ribbon rigidly attached to the diaphragm.

The coil is arranged in a manner similar to that of a voice coil
on a loudspeaker so that it will move between the poles of the
powerful permanent magnet. When the diaphragm is actuated by
sound waves, magnetic lines of force will be cut and a voltage
induced in the coil. Since elementary a.c. theory tells us that an
induced e.m.f. is proportional to the rate of motion through lines
of force, we know that the output of the moving coil will be deter-
mined by its velocity. This, in turn, will be proportional to the
pressure exerted on the diaphragm.

The velocity response curve of a basic dynamic microphone is
far from flat, however, having a peak of 30 db or more around
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Fig. 804. Dynamic or moving-coil micro-
phone.

1,000 c.p.s. This is flattened by the use of coupled acoustic net-
works which act as equalizers in the same manner as electrical net-
works. The size and shape of the several air pockets behind the
diaphragm and inside the case are all deliberately designed as
acoustic equalizers. There is also an acoustic tube whose opening
meets the same wave fronts which strike the diaphragm. The
movement of the diaphragm is then modified by the varying air
pressures striking it front and back, with the result that the low-
frequency response is extended another two or three octaves. When
dialogue type equalization (bass rolloff) is desired, it may be
obtained simply by plugging up this hole.

The moving-coil impedance of this microphone is quite low,
which means that a matching transformer is necessary to couple it
to the amplifier input. This has the advantage, however, that long
runs of shielded cable may be used without adversely affecting the
frequency response or picking up noise.

The modern dynamic microphone is considerably reduced in
size as compared with its ancestors and as shown in Fig. 805-a, has
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excellent frequency response except for a slight droop at the low
end. A typical response curve and directivity pattern of a leading
commercial model are shown in Figs. 805-bc. This unit employs
a nonmetallic Acoustalloy diaphragm which, in addition to pro-
viding wide frequency response, will withstand high humidity,

Fig. 805-a, :b, -c. Dynamic microphone (a) has excellent frequency
response (b). The graph (c) shows the directivity pattern.

extremes of temperature, corrosive effects of salt air and severe
mechanical shock. Its ruggedness and superior performance make
it ideal for all but the most exacting applications.

Velocity microphone

An old standby of the broadcast and recording industry for
high-quality musical pickups is the well-known velocity or pres-
sure-gradient microphone. Unlike most other microphones, the
velocity mike has no diaphragm. In this instrument the moving
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element is a thin corrugated Duralumin ribbon, suspended edge-
wise so as to be able to vibrate freely between the poles of a per-
manent magnet. The internal construction of this microphone is
shown in Fig. 806.

Because of the lightness of the ribbon, its motion corresponds
to the velocity of the air particles making up the sound waves.
Since it has no diaphragm and is open in construction so that air
flows freely through it, the velocity microphone is free from cavity
resonance, diaphragm resonance and pressure doubling, all of
which can cause undesirable peaks in microphone response.
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Fig. 806. Velocity or pressure-gradient microphone.

The ribbon does have a natural period of vibration, of course,
but when this is designed to be lower than the lowest frequency
to be reproduced, then the response of the ribbon is substantially
independent of frequency. This is true until the frequency gets so
high that the length of the path from the front to the rear of the
ribbon approaches a quarter-wavelength, at which point phasing
effects enter into the situation and the response tends to fall off.
This can be seen in Fig. 807 which shows that the high end
begins to droop slightly around 2,500 c.p.s. but this droop does
not really become significant until around 12,000 c.p.s.

The ribbon is actuated by sound waves which strike either face,
that is, which arrive at right angles to its surface. Voltages are gen-
erated when the wave is such as to form a pressure area on one
side of the ribbon and a partial vacuum on the other. Thus, it will
not respond to sound waves which arrive from a direction parallel
to the plane of the ribbon. In this case equal and opposite pres-
sures will be exerted on both faces of the ribbon simultaneously
and it will remain immobile. Since the microphone responds to
waves from front and back, but not from either side, its directivity
pattern will be that of a figure eight.

Note that in the frequency response curves of Fig. 807 that two
bass rolloff positions are available for speech equalization. This is
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possible because a coupling transformer is an integral part of this
system, and a variation in frequency response is accomplished by
altering the turns ratio with a shorting strap. The impedance of
the transformer may be any value, but it is usually low (50 and
250 ohms) so that low-impedance cable runs can be made.
Although the ribbon is quite delicate and may be permanently
misshapen by being dropped or hit by a heavy blast of air, the
velocity microphone is otherwise rather rugged with its perform-
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Fig. 807. Frequency response curves of a typical velocity microphone.
ance unaffected by temperature, humidity or variations in atmos-
pheric pressure.

If it were possible to combine into a single microphone the
perfectly nondirectional characteristics of one microphone and
the perfect bidirectional (figure-eight) characteristic of another,
the resultant directivity curve of the combination would be the
unidirectional pattern of Fig. 808. Putting it another way, the
geometric sum of a perfect circle and a perfect figure eight is a
perfect cardioid or heart shape.

One type of microphone which achieves this characteristic is
shown in Fig. 809. In this case a single ribbon is employed. but
it is divided into two sections. One section, open to the air on both
faces, operates as a typical bidirectional velocity unit. The other
section has its back connected to an acoustic labyrinth and acts as
an omnidirectional pressure unit.

A refinement of this system permits adjustment of the directivity
characteristic to circular, figure eight, cardioid or anything in
between. We see from Fig. 809 that the pressure unit is coupled
to its acoustic labyrinth by a connector tube. When an aperture,
placed in the labyrinth connector directly behind the pressure
ribbon, is made variable in size by means of a rotating shutter,
the directional characteristics of the microphone can be controlled.
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When the aperture is so large that the back of the ribbon is effec-
tively open to the atmosphere, the acoustic impedance of the laby-
rinth has been reduced to zero. Then this part of the ribbon is

- W v

Fig. 808. Graph of a cardioid characteristic.

also a velocity unit and the microphone will exhibit the typical
figure eight characteristic.

When the aperture is completely closed, the acoustic impedance
is infinite and the typical nondirectional characteristic of a pres-
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Fig. 809. Modern microphone shown in cross section.

sure-operated device is obtained. As the size of the aperture is
varied between these two extremes, a critical value will be reached
which will cause a phase shift resulting in the unidirectional
cardioid characteristic. Other positions of the aperture shutter will
result in patterns varying between bidirectional and nondirec-

tional.
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Frequency response characteristics of this microphone in two of
its three main positions are shown in Fig. 810. Note that this instru-
ment has two choices of dialogue equalization: one rolling off
about 10 to 15 db at 60 c.p.s., the second attenuating from 17 to 22
db at that frequency.
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Fig. 810. Several of the frequency response characteristics of the microphone
illustrated in Fig. 809.

Another approach to the problem of microphone directivity
employs a pressure element which is a moving-coil dynamic unit,
complete with diaphragm, and designed to be nondirectional at
the lower frequencies but increasingly directional at the high end.
This is housed with a conventional velocity-operated ribbon.

A number of characteristics (see Fig. 811) are provided simply
by the setting of a selector switch. Selection in this case is accom-
plished by means of a potentiometer which determines the relative
outputs of the two microphone components. If we designate the
voltage developed developed by the pressure element as e, and
that of the velocity element as e,, then the true cardioid is obtained
when e, = e, as in Fig. 811-c. When only the velocity unit is used,
e, = 1009, and e, = 0, in which case we obtain the characteristic
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of Fig. 811-a. At the other extreme only the pressure element is
active, when e, = 1009, and e, = 0, and the nondirectional char-
acteristic of Fig. 811-b is obtained. At other proportions of e, and
e, the characteristics of Figs. 811-d-e-f are possible.

Still another approach to unidirectional microphone design is
the mechanophase principle, unique in that it requires only one
moving unit instead of two. To develop this idea let us refer to
Fig. 804 once again and imagine that the back is removed from

Fig. 811. These illustrations (a to f inclusive) show the varying response char-

acteristics that can be obtained with a modern microphone.
that microphone in such a manner that the diaphragm is open to
the air on both sides. The diaphragm can then respond to sound
waves arriving from either front or back; that is, it will move when
there is a difference in pressure between the air molecules at either
face. Similarly when sound arrives from a direction at right angles
to the plane of the diaphragm, it will impinge upon both faces
with equal pressure and no movement will result. Under these
conditions, therefore, the moving-coil microphone behaves exactly
as a velocity or pressure-gradient unit.

When the back of the dynamic unit is closed in conventional
fashion, then the rear face of the diaphragm is completely en-
closed by the case, which presents an infinite impedance to sound.
Fig. 808 again shows the cardioid result when the effects of these
two responses are added in equal amounts.
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Now if the acoustical impedance at the back of the diaphragm
in the velocity condition is zero and if the acoustical impedance
at the back of the diaphragm in the pressure condition is infinite,
then the impedance for the condition of cardioid response must lie
somewhere between these two extremes. The solution to this is
provided by the arrangement shown in Fig. 812. The acoustic
chamber has been moved from its customary place behind the
diaphragm to a location below it. In the back behind the main
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Fig. 812. In this microphone the acoustic air chamber is below the
microphone.

“live” diaphragm are placed two small additional diaphragms.

If the two openings over which the small diaphragms are placed
are closed tightly with a stiff backing, the microphone again be-
comes a nondirectional pressure type. And if the diaphragms are
removed so that the back is open, then the microphone becomes a
velocity unit. But if the mechanical impedances of the diaphragms
are just right, the microphone becomes unidirectional and exhibits
the characteristic cardioid response pattern.

A slightly modified application of this principle is seen in
Fig. 813-a, along with its directivity characteristic in Fig. 813-b.
The cardioid pattern is obtained through the use of three addi-
tional sound entrances located in the microphone case at different
distances in back of the diaphragm. These three openings, each
utilizing the correct acoustical impedance, combine to form one
effective back entrance which varies in distance from the dia-
phragm inversely with frequency. The resulting phase and ampli-
tude conditions produce a uniform cardioid pattern over a fairly
wide frequency range.

The condenser microphone

The condenser microphone was used very extensively in the
early days of broadcasting and electrical recording, then fell into
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disfavor and near-oblivion and now is once again riding such a
wave of popularity that it is probably used more than any other
type for the most exacting applications. Through the application
of miniaturization techniques, many of its original shortcomings
have been overcome.

In this type ot microphone a diaphragm acts as one plate of a
capacitor. Since capacitance is inversely proportional to the dis-
tance between the plates (thickness of the dielectric), it is obvious

\, ¥ig. 813. This microphone (a) has

hX openings in the case arranged in such

% ! i . a manner that a cardioid character-
istic (b) is obtained.
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that in an air-dielectric unit, the capacitance can be increased by
moving the plates closer together. The condenser microphone
depends upon this fact for its operation, developing variations in
its capacitance caused by microscopic deflections of its diaphragm
relative to a fixed plate. These deflections are, in turn, caused by
pressure variations in the sound waves.

When a fixed voltage is applied to the plates, changes in the
capacitance will cause minute charging currents to flow through
the circuit from one plate around to the other. If a resistance is
placed in series with the polarizing voltage, a varying drop of po-
tential will appear across the resistor as the capacitance changes.
The voltage thus produced will be a precise electrical replica of the
mechanical movement of the diaphragm.

Because of the very small variations in capacitance, the size of
the resistor must be very great for any useful voltage drop to be
developed across it. This in turn means that the charging voltage
must be even greater for a useful fixed potential across the plates.
Even so, the output signal from the condenser head may be as
little as —100 VU.
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Due to the very minute size of the signal it is imperative that it
be amplified immediately following the microphone itself. If any
length of cable were to carry the signal before amplification, the
distributed capacitance of the wire would become significant as
compared to the microphone condenser and the signal would be
literally engulfed.

In the early days of the industry problems such as these dictated
a bulky, noise-susceptible unit which soon lost popularity despite
its very excellent frequency response. But today we have the tiny
unit of Fig. 814, which is only 34 long and 54 inch in diameter.
Even with its cathode-follower preamplifier it is only about 6
inches long.

This microphone, dubbed the Lipstik, has a number of interest-
ing features unique to condenser microphones. Heretofore,
stretched membranes of various metals have been employed for
the diaphragms, but this unit uses one having a core of glass. It is
only 14 inch in diameter and .002 inch thick, with a conducting
molecular layer of gold on one of its surfaces. No stretching is
necessary because of the inherent stiffness and elasticity of the
material.

Its small size creates a neglible amount of disturbance in the
sound medium. The amplifier tube and all its associated circuitry
(except the power supply) are contained in the small tubular case
into which the condenser head is inserted. This feat is accom-
plished through the use of printed circuits, using the photoform-
ing and etching process.

Which microphone?

The choice of a microphone for a given application will depend
to a considerable extent upon the requirements of the job and the
characteristics of the several mikes available. The inexpensive
crystal microphone will be quite adequate for speech-frequency
use in home recording, indoor public-address systems and amateur
radio.

The dynamic microphone, due to its extreme ruggedness, is an
excellent all-around mike for indoor or outdoor use in public
address, sports broadcasts and all but the most exacting music
pickups. Some commercial models are especially designed for close-
talking speech applications, exhibiting a response from around
100 to 7,000 c.p.s. with a slightly rising characteristic.

The velocity ribbon microphone has excellent quality and is
of particular value where its characteristic figure eight pattern is
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advantageous. It should not be exposed to winds for these will
produce a low-frequency “putting” noise nor should it be placed
too close to the sound source for then the bass will be overempha-
sized.

The unidirectional cardioid pattern of the dynamic-velocity
microphone is especially useful in applications where there is a
considerable amount of acoustic background noise or highly rever-
berant conditions. In such cases the back-wave rejection afforded
by the cardioid characteristic is invaluable. It is-adequate for most

0.6 INCH >

0.4 IN.

Fig. 814. Extremely small size is unique feature
of this condenser microphone.
music pickups, especially for a solo vocalist who must be separated
from the orchestra, but its overall quality doesn’t quite measure
up to that of the velocity instrument.

The condenser microphone exhibits the highest quality yet
achieved in mikes and is used almost exclusively in highest-quality
applications. Remember, however, that initial cost is considerably
higher. Sometimes the only directivity characteristic available is
nondirectional and an a.c. source must be available for the power
supply to the condenser head and the preamplifier. Some of these
microphones, however, will operate from a battery pack, although
the values of the voltages are rather critical.

Microphone techniques

Not only is the choice of microphone important, but its place-
ment with respect to the performers, and the performers with
respect to each other, will make the important difference between
a very good pickup and one which is just adequate, all other fac-
tors being equal.

For the highest quality results, the pickup, transmission and
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recording of sound from a studio, sound stage or remote location
will depend upon a number of factors including:
I. The acoustical environment surrounding the sound
source.
2. Characteristics of the electrical system, including micro-
phones, amplifiers, equalizers and recorders.
3. Microphone techniques.

Factors | and 2 are covered elsewhere in this text, but at this
moment we should discuss the very important matter of micro-
phone usage. There appears to be considerable confusion and con-
troversy about this subject, but the fundamental principles of a
good pickup are quite straighttforward and logical and when intel-
ligently applied provide superior results.

For purposes of this discussion we are assuming the conven-
tional monaural system and we must therefore bear in mind the
fact that the system is unable to transmit the impression of the
location of a sound, but can only provide certain audible clues as
to the relative distance from the microphone of the various sound
sources.

When sounds are emitted from a musical instrument or by the
voice of a singer, the microphone is normally so located that the
first sounds reaching it are those arriving directly from the source,
and these in turn are followed rather quickly by reflections of the
saime sound which have bounced off nearby objects and the boun-
daries of the room. The time required for all these multiple reflec-
tions to be collected by the microphone and the values of their
relative amplitudes and phases will determine the effective overall
reverberation of the transmitted sound.

We know that all musical sounds are really very complex waves,
containing many harmonics of various frequencies, phases and
amplitudes. If two or more microphones are placed in the paths
of these waves, no matter how these microphones are located, the
waveforms of the sounds striking each of the mikes will differ
somewhat due to slight discrepancies in arrival time and the fact
that both sets of waves will not have traveled over identical reflec-
tion paths.

The basic idea of multiple microphone pickups is to provide
greater presence, due to closer-in placement, and greater individ-
ual control over the several voices since a separate mike is often
used for each section of the orchestra, with additional mikes for
instrumental and vocal soloists. But no microphone yet built has
the ability to pick up only the sounds desired from a given area
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while discriminating completely against all others. This means
that some sounds from other areas will spill over to some extent
into each microphone.

However, the time intervals will cause the several sounds to
present waveshapes at each individual microphone which are dis-
similar and which, when combined into a single composite wave
in the mixer, will represent a considerably distorted version of the
original waves in space. For this reason a single microphone prop-
crly placed, with a correct setup of performers in a good acoustical
environment, will provide markedly superior results.
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Fig. 815. Peak power in walls of musical instruments.

It should be obvious from the foregoing that the single-micro-
phone technique is not a cure-all, but only a readily available tool
requiring intelligent usage. Assuming good acoustical conditions,
it is still of primary importance that the performers be placed
correctly with respect to the microphone, and the microphone in
turn placed in a position which provides a pleasing relationship of
direct to reverberant sound.

With small musical groups, up to a half-dozen or so members,
the problem is a relatively simple one. Usually a circular grouping
around the mike is best with a nondirectional microphone, with
the distance from the mike to each performer determined aud
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adjusted after aural checking on a high-quality monitoring system.

Fig. 815, which indicates the peak powers of a number of musi-
cal instruments, is useful as a starting point for the orchestral
setup. We can begin with a very basic assumption that the instru-
ments should be placed with respect to the mike at distances in-
versely proportional to their powers. This is true only in a very
general way, however, for it is modified by other considerations.
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Fig. 816. Arrangement of instruments in an orchestra.

The range of some instruments is such that they have a more
striking effect on the ear; that is, the ear is most sensitive in the
range at which these instruments normally play. We must also
consider the number of players in any given section, for the table
of Fig. 815 tells us the peak outputs only of single instruments.
It also is necessary to consider the characteristics of the music itself
and the relative importance of the various voices. Since the violins
most often carry the important line in conventional orchestra
scoring, they will usually require more prominence than the power
chart would seem to indicate. And finally we must consider the
directivity of the instruments themselves as producers of sound.
The strings, woodwinds and percussion instruments are practically
omnidirectional, while the brasses project strongly in the direction
of their bells.

Referring to Fig. 816, let us see how these principles have been
applied in a high-quality professional setup. You will see that this
arrangement develops quite logically from the principles just dis-
cussed, with the possible exception of the seating of the French
horns, particularly since their bells will be facing downstage. But
if this is the location which provides a balance most pleasing to the
conductor and his listeners, then it is the correct one.
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chapter

sound recording

hree basic method of sound recording are in common use

today. The modulated-groove engraving was invented by
Thomas Edison in 1877. His original recordings were made on a
cylindrical medium, but in 1888 Emile Berliner introduced the
round flat disc which was the prototype of all present phonograph
records.

In the early 1920’s Dr. Lee de Forest conceived the idea of con-
verting sound waves to variations in light intensity, which are then
recorded photographically. This is the basis of the sound-on-film
system which has been the standard of the motion-picture industry
for many years.

The first magnetic sound recorder was patented by the Danish
scientist, Valdemar Poulsen, in 1898. It is therefore not the new-
est of the recording methods, but it was the last to achieve wide-
spread use and now appears to be the one holding the greatest
promise for the future. Poulsen’s medium was wire, which was not
very satisfactory and which was probably largely responsible for
the slow progress of magnetic recording. A most important ad-
vance, however, was made in Germany around the time of World
War II, when magnetically coated tape became the vastly im-
proved medium. Now in addition to wire and tape we also have
magnetically coated motion picture film and even magnetic discs.

Disc recording

Disc recording ordinarily involves the engraving of a spiral
groove on a soft material. Originally this medium was a specially
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compounded wax, but now the blank discs normally have a coating
of a soft lacquer. Its basic ingredient may be either acetyl cellulose,
ethyl cellulose or nitro cellulose. The first two are sometimes used
for amateur recording discs, this fact having given rise to the mis-
nomer “acetate” when referring to any instantaneous recording.
Nitrocellulose is by far the best type recording lacquer yet dis-
covered, but it is also highly inflammable when in the form of the
fine thread “chip” removed in the process of cutting a record. For
this reason special precautions are required in its handling and
these improved discs are usually found only in professional instal-
lations.

The engraved groove on a record is a perfect spiral when no
signal is being applied to the cutter, but when sound is actually
being recorded the path of the groove will vary either from side
to side or up and down. The latter motion is known as vertical
recording, sometimes dubbed *hill-and-dale,” and was the method
originally employed by Edison. It has the advantage that overcut-
ting from one groove into an adjacent one is much less likely, but
processing for mass duplication has always been extremely difficult.
It is therefore not used for commercial phonograph records, al-
though some electrical transcriptions for broadcast station use still
are cut vertically. The side-to-side motion of the recorded groove
constitutes the lateral system, which is used almost exclusively at
present.

The drive mechanism

All recording systems require that the recording medium itself
be in motion, and a drive mechanism capable of imparting the
desired movement is therefore an integral part of the system. In
disc recording, the motive power is provided through a turntable
which supports the disc and is driven by an electric motor. The
quality of the motor and its associated drive mechanism can vary
considerably, depending upon whether the turntable is of the very
cheapest type common in portable phonographs or of the finest
construction found in professional disc-recording machines and
high-fidelity reproducing equipment.

Representative types of turntable motors are shown in Fig. 901.
The two-pole motor has very poor speed regulation, causing wow
and flutter in reproduction. It also radiates a powerful hum field.
The four-pole motor is a considerable improvement, but it still
exhibits substantial low-frequency rumble. The very best motor
available today for recording applications is the hysteresis syn-
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chronous unit, which has a very large number of poles. This motor
is inherently much smoother running than any other type known,
having imperceptible wow, flutter and rumble.

In the better types of equipment a great deal of care is employed
in obtaining isolation from vibration and in machining all mov-
ing parts to extremely fine tolerances, thereby reducing the possi-
bility of speed variations. The weight of the turntable is usually
supported by a circular shaft resting on a thrust bearing. This is a

Fig. 901. Typical turntable motors and their electrical circuits.

carefully machined ball confined at the bottom of a cylindrical
well which is concentric with the shaft. This is illustrated in Fig.
902. When equipment of this type is correctly designed, it will
provide excellent service regardless of the type linkage employed.

The commonest method of coupling the motor power to the
turntable in recording machines is shown in Fig. 903-a, and is
known as direct drive. Since the amount of drag created by a cut-
ting stylus as it plows a groove in a blank recording disc is many
times greater than that of a playback stylus and pickup, it is impor-
tant that the drive system be extremely powerful and not subject
to slippage. These characteristics are possible through direct drive
having one or more sets of reduction gears depending upon the
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number of speeds at which the recorder is to operate and in series
with a mechanical vibration filter. This filter acts just like an
electrical lowpass filter in that it attenuates all vibration at fre-
quencies above the once-per-revolution rate of turntable speed.
It consists of an arrangement of springs, dashpot damping and
rubber coupling, which are analogous in their action to the appro-
priate values of L, C and R in an electrical filter.

The commonest type of coupling for reproducing turntables is
the friction drive of Fig. 903-b. An idler wheel, usually of rubber,

—— OIL FILM

b SHAFT
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Fig. 902. Turntable shaft rests on a ball bearing.

transmits the motor rotation to that of the turntable rim. Since
the power requirements for playback are not nearly so severe, this
method is capable of excellent performance for its wow and flutter
content can be held to exceptionally low values. In better equip-
ment provision is made for disengaging the idler from the motor
and turntable when not in operation. This prevents the rubber
idler wheel from acquiring concave or flat spots on its perimeter,
and thus a potential source of speed irregularity is eliminated
before it can cause trouble.

The belt-drive system of Fig. 903-c also provides very good isola-
tion between motor and turntable. Rather cumbersome for home
installations, its use is confined to a few high-quality recording
equipments.

The turntable itself, if correctly designed, will help in provid-
ing a smooth rotational movement for it can act as a flywheel and
oppose any tendency toward speed fluctuation. A cheap turntable
may be simply a flat flanged disc stamped out of a piece of sheet
metal, but a high-quality table is made from a heavy casting, pre-
cision-machined for perfect balance and smooth fit of its moving
parts. It may be constructed of iron, steel, aluminum, brass or an
alloy. If it is to be used with cutters or pickups which operate
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magnetically, then the table itself should be of a nonmagnetic
material. Otherwise the attraction between the table and the mag-
nets in the cutter or pickup will seriously affect both the record-
ing and reproducing operations.

The feed mechanism

The record cutting device is usually moved across the blank

THE MOST POPULAR METHOD OF
ROTATING A PLAYBACK TURNTABLE
IS FRICTION DRIVE. MOTOR DRIVES
THE IDLER. THE IDLER DRIVES RiM.

TURNTABLE DRIVE IDLER

MOTOR PULLEY MOTOR

ALTERNATE METHOD FOR ROTATING
A TURNTABLE S BY DIRECT DRIVE.
MOTOR 1S COUPLED THROUGH GEARS
DIRECTLY TO THE TURNTABLE SHAFT,
USED ON PROFESSIONAL RECORDERS.

®

Fig. 903.a, -b. Direct drive (a) and friction drive (b) systems.

disc by means of a lathe mechanism in which the cutter is moved
toward the center of the record at a predetermined rate by means
of a lead screw. The number of grooves cut for a given part of the
disc diameter is known as the pitch and is usually expressed in
terms of lines per inch. This pitch is determined by the gear ratio
in the linkage as well as the pitch of the lead screw itself. The
pitch to be used when making any given recording will depend
upon the playing time, the selected pitch being one which will
utilize the maximum amount of useful disc surface. Practical
values of groove spacing for 78-r.p.m. records will vary between 90
and 110 lines per inch. For 3314-r.p.m. transcriptions we some-
times go a little finer, perhaps up to 120 L.p.i. Microgroove record-
ings (LP and 45) may go up to 300 L.p.i. or even higher.

183




Tracking error

Since the cutting head moves across the disc in a perfectly
straight line while the playback device moves in an arc, there is
a certain amount of tracking error, as illustrated in Fig. 904. This
is a source of frequency-modulation distortion and the generation
of a large number of spurious sidebands. It is also a cause of im-
proper seating of the stylus in the groove, resulting in excessive
record wear. It can be minimized by the correct choice of an offset
angle between the pickup and tone arm and by causing the play-
back stylus to pass over the record at a point somewhat beyond
the center shaft. The distance between the center and the stylus
path is known as “‘overhang.” Optimum conditions of offset angle

Fig. 903-c. In the illustration at

the left we have a simplified draw-

it:ig of a belt-driven turntable. The

advantage of such an arrangement

is that the motor is isolated from
the turntable.

and overhang may be determined mathematically by use of a pair
of rather involved equations. But since in any commercial tone
arm the offset angle will be determined in advance by the manu-
facturer, it becomes a simple matter to follow his recommenda-
tions concerning mounting for the correct amount of overhang.

Recording and reproducing styli

Most better-quality recording styli are made of sapphire, while
the best reproducing styli are diamond. It would be desirable to
use diamond for cutting as well, but manufacturing a diamond
cutting stylus is far more complex than making a reproducing
needle. This can be readily appreciated by reference to Fig. 905
where we can see the differences in construction between record-
ing and playback styli. While the shaping and polishing of the
reproducing stylus is quite a formidable task, the making of a
high-quality recording stylus is infinitely more difficult, demand-
ing the utmost in lapidary skill. The overall size of the cutting
portion is exceptionally small and the dimensions and angles of
each lacet are extremely critical for they determine the shape of
the groove, as well as being an important factor in its noise char-
acteristics.

The very small flat surface at the tip of the cutting stylus of
Fig. 906 is known as a burnishing facet. This is very important in
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a stylus designed to cut lacquer for it is expected to polish the
groove to smoothness as it cuts it. The older styli used for cutting
wax were not dulled at the tip in this manner, the cutting face and

T=TRACKING ERROR

Fig. 904. Error produced by angu-
lar motion of pickup arm.

the heel converging sharply to form the feather-edge stylus. In
current professional installations it is quite common to heat the
stylus, making the lacquer much softer and more readily engrav-
able. The feather-edge stylus is often used in this case.

There are no standards of groove size and shape but the grooves
of Fig. 907, along with the reproducing styli to be used with them,

RECORDING STYLUS PLAYBACK STYLUS
Fig. 905. Difference in construction between recording and
playback styli.

are fairly representative of current practice. It is very important
that the proper reproducing stylus be used for each size groove.
A correctly seated stylus will be supported by the side walls of the
groove, as shown in Fig. 908, riding at a level about midway be-
tween the top and bottom. When the point is so small that it drags
on the bottom of the groove or so large that it rides on the top
edge, much greater noise and distortion will appear in the repro-
duction.
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All dimensions of Fig. 907 are given in inches, which means that
the usual stylus for 78-r.p.m. record reproduction at ¢ has a tip
radius of .003 inch (3/1,000 inch or 3 mils). This is therefore com-
monly called a 3-mil stylus, while the microgroove stylus at a is
referred to as a 1-mil point. The 2.5-mil tip is often found in

Fig. 906. Drawing at the left illustrates a

cutting (or recording) stylus. These are gen-

erally made of sapphire while the best re-
producing styli are diamond.

DISC MOVEMENT
—_—

broadcast stations for use in the reproduction of electrical trans-
criptions but a pickup with 1.0- and 3.0-mil styli is quite adequate
for most purposes.
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Fig. 907. Record groove dimensions (left) and stylus dimensions (right). These
drawings are not to scale, and are exaggerated for the sake of clarity.
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The cutter

The disc recording head transforms audio voltages into corre-
sponding movement of a cutting stylus, which in turn engraves a
modulated groove on the blank disc. Both magnetic and crystal
cutters are used although the magnetic is far more common, par-
ticularly in professional applications.
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The principles of operation of the basic magnetic cutter are
illustrated in Fig. 909. A soft iron armature is pivoted with a cut-
ting stylus attached to its lower end. The upper end is mounted
between damping blocks of rubber, Viscaloid or some similar
material which provides the restoring force to return the armature
to a dead-center rest position. The audio signal is fed to the coil
which surrounds the armature but is insulated from it. When cur-
rent flows through the coil, the armature is temporarily magne-
tized with a polarity which will depend at any instant upon the

VIBRATION OF STYLUS

Fig. 908. Stylus is supported by walls of the groove.

direction of the current flow. There will then be a reaction be-
tween the upper pole of the armature and the field of the perma-
nent magnet such that the armature will tend to rotate and move
the stylus from side to side. Thus a laterally modulated groove will
be cut in the disc, since the cutter armature behaves exactly like
an electric motor which is repeatedly reversing direction. This
motor analogy of cutter action is very important to our forth-
coming discussion of recording characteristics and the meaning of
the terms constant velocity and constant amplitude.

You will recall from our discussion of the crystal microphone
that the so-called piezoelectric effect is actually a pair of comple-
mentary effects. In the first place, the physical distortion of a
crystal will cause an e.m.f. to be developed between its faces. This
principle is the basis of the crystal pickup and crystal microphone.
Conversely, when a voltage is applied across the faces of a crystal,
it will tend to alter its shape. This fact forms the basis of the opera-
tion of a crystal cutter.
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The crystal recorder consists of a conventional Rochelle-salt
bimorph element fastened into its mounting by a clamp at one
end. To the free end is attached the stylus. Damping blocks are
clamped against the sides of the crystal to reduce the effects of
resonance.

When an audio voltage is applied across the cutter, it will tend
to twist at its free end and thereby swing the stylus from side to
side. The direction and amount of displacement of the stylus at
any given instant will depend upon the polarity and the magni-
tude of the driving voltage.

This means that, as the voltage is increased, the stylus displace-
ment will also increase in direct proportion, regardless of the signal
frequency. Thus if a given signal voltage at 1,000 c.p.s. will move
the stylus from side to side for a given distance, the same amount
of voltage will produce the same amount of displacement whether
the frequency be 2,000, 5,000 or 10,000 c.p.s. In such a system,
where the amount of stylus displacement is directly proportional
to the magnitude of the driving voltage, the cutter is said to have a
constant-amplitude characteristic. Now if the cutter must swing the
same distance for a given voltage, regardless of frequency, as the
frequency increases the stylus must obviously go through many
more reversals of direction in a given period.

Constant-amplitude recording

In other words, as we apply a constant voltage to a crystal cutter,
it will cut a groove which undulates from side to side by a definite
amount. Then as we increase the frequency of the exciting voltage,
the stylus will still swing the same distance from side to side, but
it must move from peak to peak more times in every second. With
increasing frequency, then, the overall length of the path de-
scribed by the stylus also increases. Now since distance equals
rate multiplied by time, it is obvious that a greater distance in a
given time can result only from an increased rate of speed. And
so it is with the crystal cutter; while it has a constant-amplitude
characteristic as frequency varies, the velocity must necessarily
increase proportionately with frequency.

To reproduce a signal inscribed in a constant-amplitude groove,
we must have a device whose output voltage is directly propor-
tional to stylus displacement, regardless of the frequency. The
perfect crystal pickup would meet these requirements, but a typi
cal magnetic cartridge definitely would not. Let us consider why
this is so.
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You will recall that we compared the magnetic cutter to an
electric motor. Let us analyze this a little further and determine
just how the operations are similar. When we apply a battery
voltage to a d.c. electric motor the motor will rotate in a given
direction and at a fixed speed. If we insert another battery in series
with the first, thus increasing the voltage, we also increase the rate
of speed of the motor. It is, therefore, the motor velocity which is
directly proportional to the magnitude of the applied voltage.

Constant-velocity recording

The direction in which the motor rotates will depend upon the
polarity of the voltage, for if we reverse the leads from the battery,

|
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Fig. 909. Chief components of a mag-
netic cutter.

the motor will also reverse direction. Now we know the factors
which determine velocity and direction, but you will note that
absolutely no mention has been made of amplitude, which is the
distance of the movement. It is obvious, however, that a motor will
continue to move just as long as a voltage is applied to it. The
same is true of a magnetic cutter, at least up to the point where
further movement is physically blocked by dampers or pole pieces.
Thus we can say that the stylus displacement in a magnetic cutter
will continue right up to the point of the mechanical limit of the
cutter or until the polarity of the voltage reverses or until the volt-
age is removed altogether. In actual practice, of course, the signal
level will be so adjusted that reversals in polarity will be reached
before the armature strikes its mechanical limit. And since the
speed at which this displacement occurs is directly proportional
to the magnitude of the applied signal voltage, the magnetic cutter

is said to be inherently a constant-velocity device.
Now since the velocity remains constant for a given signal level,

189




regardless of the frequency of that signal, it is obvious that the
stylus will be unable to travel as far when the armature is excited
by a high-frequency signal as it will when the voltage is of com-
paratively low frequency. From this we can infer that under con-
stant-velocity conditions, the amplitude of stylus displacement is
inversely proportional to the magnitude of the signal voltage. This
condition would be quite acceptable so long as our reproducer
had an identical constant-velocity characteristic. That is, the con-
stant-velocity reproducer would provide an output voltage which
was determined by the rate of cutting magnetic lines of force. It
would therefore be acting like a generator and its output ampli-
tude would be directly proportional to the velocity of stylus move-
ment.

But consider what happens when we attempt to reproduce with
a constant-amplitude playback cartridge a record made under con-
stant-velocity conditions. The output signal of this reproducer will
be dependent upon the amplitude of stylus displacement. But we
have already noted that stylus displacement in a constant-velocity
recording system is inversely proportional to the signal voltage.
Thus the output signal of a constant-amplitude reproducer will
decrease as the frequency is increased. And since there is an inverse
relationship between the two, doubling the frequency will halve
the displacement and therefore the signal level as well. From this
we can generalize that, when a constant-velocity recording is re-
produced with a constant-amplitude pickup, for each increase in
signal frequency of one octave the signal voltage at the output
terminals will be reduced by one-half.

Constant amplitude vs. constant velocity

A voltage ratio of 2 to 1, however, is (under equal-impedance
conditions) equal to 6 db. And this fact leads us to the conclusion
that the difference in stylus displacement for constant-amplitude
and constant-velocity recording are such that, for any given pickup,
the output signals from the two types of recordings will differ by
a constant slope of 6 db per octave.

This can be better understood by reference to Fig. 910, which
indicates the behavior of a perfect constant-amplitude pickup in
translating into voltage the groove displacements of recordings
made under both constant-amplitude and constant-velocity condi-
tions. When reproducing a recording having the constant-ampli-
tude characteristic, this pickup will, of course, produce a constant
voltage output throughout the frequency range. But if the con-
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stant-velocity groove is such that it causes the production of an
equivalent voltage at 1,000 c.p.s., then'the voltage an octave below
at 500 c.p.s. will be 6 db higher while that at an octave above
(2,000 c.p.s.) will be down 6 db. Furthermore, this 6-db-per-octave
relationship will continue throughout the range.

Now let us consider these same two recordings when both are
reproduced by a perfect constant-velocity pickup. (See Fig. 911.)
It is the constant-velocity recording characteristic which produces
a constant voltage at the output of this pickup. And the output
when reproducing the constant-amplitude characteristic increases
with frequency, but still at a fixed rate of 6 db per octave.

® 5
&

N

20—

RELATIVE OUTPUT FROM CONSTANT AMPLITUDE PIGUP
.+
/

[ 4% 0oy . 0KC

FREQ

Fig. 910. Output of constant-velocity reproducer decreases 6 db
per octave when used with a record made under conditions of
constant amplitude.

Now the graphs of both Figs. 910 and 911 tell precisely the
same story. They differ only by virtue of their frames of reference,
the curve of Fig. 910 being predicated upon a constant-amplitude
reproducing characteristic while the information of Fig. 911 is
presented with reference to constant-velocity reproduction. Since
either system works equally well, it is important that one or the
other be accepted as standard to avoid serious confusion. The con-
ventional method of indicating recording-system response is rela-
tive to the constant-velocity reproducing condition, as shown in
Fig. 911. Any recording characteristic curve, thén, will actually
show the effect that such a record will have upon the output volt-
age of a perfect constant-velocity reproducer. This is a very impor-
tant consideration as we discuss the actual recording characteris-
tics encountered in commercial practice. These are really compos-
ite characteristics, being at some times constant velocity, and at
others, constant amplitude.

Perhaps the simplest reason for the constant-velocity reference
in recording characteristic curves lies in the fact that most record-
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ers have approximately this characteristic inherently. But since in
this method of recording the displacement of the stylus varies
inversely with frequency, the displacement can become exceed-
ingly large at the lower frequencies, with consequent overcutting
into adjacent grooves. This situation results in distortion, pre-
echo effects and simply refusal of the reproducing stylus to track
the groove.

It is therefore common practice to attenuate the stylus displace-
ment at the lower frequencies downward from between 300 to
600 c.p.s. at a rate of about 6 db per octave. Below this crossover
frequency the recording characteristic is altered to something very
close to constant amplitude.
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Fig. 911. This curve also shows a 6 db slope per octave. Compare
this with Fig. 910.

Now we have a recording characteristic which is constant-ampli-
tude from the bottom of the range up to the crossover frequency
around 500 c.ps. and then becomes constant velocity from this
point to the top of the range. But the inverse relationship between
displacement and frequency bobs up to plague us again at the high
end, for displacement then becomes so slight that the signal-to-
noise ratio is very unfavorable. To overcome this we insert a pre-
emphasis “tip up” characteristic beginning around 2,000 to 5,000
c.p.s. and moving to the top of the range at a rate of about 6 db
per octave. Thus we have in effect reconverted our recording char-
acteristic to constant amplitude in the upper region.

At this point we have a characteristic essentially constant ampli-
tude in the bass region, constant velocity in the mid-range and
constant-amplitude again at the high frequencies. Typical record-
ing characteristic curves, most of which fit this pattern, are shown
in Fig. 912. Note that these curves are somewhat idealized as no
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cutter or equalizer will exhibit such perfect straight-line response
and sharp-corner angles as are shown here. They do, however, show
clearly the intended crossover frequencies and pre-emphasis char-
acteristics of a number of commercial products.

It is interesting to note that the lower bend of the curve is
always described in terms of the crossover frequency, where the
characteristic changes from constant amplitude to constant
velocity. But oddly enough the upper bend is defined in terms of
the amount of deviation from the constant-velocity characteristic
at 10,000 c.p.s. The old European characteristic, for example, has

§ 0

o
éﬁ l LONOON LP
§ 12 OLD AES
§§ o &u:onm;% uungf*:c::n ~1
= o ' coumen 188Lp A
COLUMBIA 78
;5 ORTHOPHONIC 7 I°‘-°.,L.°"°°" oL ﬂ
.-.E 10 L AES,RIAA 7 OLD AES | EUROPEAN |
A meee |
[=] »
Sg -2 B
= IOLDR(,A
¥ o[ T |
20 50 100 200 500 1000 2000 8000 10,000 20,000

FREQUENCY RESPONSE (N CYCLES PER SECOND

Fig. 912. Typical recording characteristics.

no tip up at the high end, but remains constant velocity right out
to the end of the range. The NARTB curve, on the other hand,
becomes constant amplitude at such a point that it will produce
14 db more signal in reproduction at 10,000 c.p.s. for the same
value of voltage to the recorder. That particular curve, then, would
be described as having a 500-c.p.s. crossover and a 14-db tip up.

A closer inspection of the bass region of the curves in Fig. 912
will show that a couple of these characteristics return to constant
velocity once more in the region of 50 to 100 c.p.s. Since it is char-
acteristic of constant velocity that groove displacement increases
with decreasing frequency, this low-frequency “shelf” provides the
equivalent of a small amount of bass boost at the lower extremity
of the range. This has become necessary as the bass response of
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reproducing equipment has proceeded more rapidly than the
design of turntables, most of which exhibit some rumble in this
region. The purpose of the low-frequency shelf, then, is to im-
prove the signal-to-noise ratio in the vicinity of the rumble.

Differences in characteristics

After considering the very many curves of Fig. 912, the ques-
tion may quite naturally arise as to the reasons for such multipli-
city. In the beginning, of course, therc was hardly any other choice.
A horn was designed to collect and record sound by purely me-
chanical means and whatever its response characteristics happened
to be these were the standards for a given company. As electrical

Fig. 918. The angular distance of groove A is
identical with that of groove B.

recording achieved prominence, the recording equipment was
generally of higher quality and greater flexibility than the repro-
duction equipment upon which records were played. During this
era the recording engineers simply assumed the average character-
istics of home instruments of the time and then designed a record-
ing characteristics which would produce a record which sounded
most pleasing, even though it may not have been a very accurate
complement of the reproducing characteristic.

There were as many opinions about this matter as companies
in the field, as may be readily deduced from Fig. 912. Further-
more, these characteristics were regarded as trade secrets to be
jealously guarded from one’s competitors. As a consequence it is
still necessary, for the most accurate reproduction, to have a repro-
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ducing compensator on the playback system which will provide
characteristic curves complementary to all of those of Fig. 912.
Only recently have many of these characteristics been published,
and only since then has there been any concerted effort at estab-
lishing a mutually acceptable standard. Various professional
groups, including the Audio Engineering Society, National Asso-
ciation of Radio and Television Broadcasters and the Record In-
dustry Association of America, have been working diligently on
this problem. But it will be many years before the effects of the
earlier short-thinking policies are completely dissipated.

P i T,
-

Fig. 914. The pickup cannot always follow the exact
curve of the recording stylus.

The manner in which recorders and pickups are made to exhibit
the desired characteristics will vary with the individual equip-
ment. There are no cutters and no pickups which are perfectly
constant velocity or amplitude, and they might therefore said to
be somewhat equalized already due to their mechanical character-
istics. The balance of the equalization must then be provided by
an electrical network at the appropriate place in the audio system.
It is apparent that all recording and reproducing characteristics
are composites, consisting of the inherent mechanical characteris-
tics of the cutter or pickup, to which is added the correct electrical
network to provide the desired overall result. The network must
be designed specifically for the cutter or pickup with which it is to
work and should not be used indiscriminately with equipment of
other types.

Diameter equalization

A problem peculiar to disc recording is the manner in which the
frequency response varies at different diameters. This may be
understood by reterring to Fig. 913, which presents a highly exag-
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gerated picturc of two grooves, both of the same frequency and
amplitude, but one lying at the outer edge of the record while the
other is close to the lead-out groove. Under these conditions and
with the disc rotating at a constant speed, the stylus will require
precisely the same amount of time to trace groove A as it will
groove B, since both of these grooves constitute the same part of a
revolution. But the amount of distance traveled in tracing groove
A is much greater than that in tracing groove B. Hence groove A
covers a comparatively long distance and its displacement occurs
rather gradually. But in groove B the same cycle must be traced

DIRECTION OF ROTATION '
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Fig. 915. Illustration of pinch effect.
in a much shorter distance, with much steeper undulations and
much more acute bends. This condition becomes more pro-
nounced with higher frequencies, smaller diameters and lower
rotational speeds. Ultimately it reaches the point where the groove
wavelength approaches the tip radius of the reproducing stylus.
At this point the high-frequency response becomes rather severely
attenuated. '

This difficulty is sometimes partially compensated for by more
alteration of the characteristic by means of a method known as
diameter equalization. This is a variable equalizer which is cou-
pled to the lead screw or other mechanism which drives the cutter
across the disc. The equalization is automatically varied as the
inner diameter is approached, with additional high-frequency
accentuation to overcome the tracing losses.

Disc distortion

Other types of distortion in reproduction are due to the differ-
ences in shape between recording and reproducing styli, as shown
in Fig. 905. The cutting stylus is really a V-shaped chisel, while
the reproducing stylus tip appears as a spherical surface to the
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walls of the record grooves. The pickup cannot possibly trace the
cutter action precisely, as may be clearly seen from Fig. 914. Since
the shape of the traced curve is not quite the same as that of the
groove itself, we must conclude that some distortion is present.
The effect here is one of harmonic distortion and, as in the case
of frequency distortion due to tracking, the problem is most pro-
nounced at the lower speeds and inner diameters.

Since the recording stylus does not face into the groove when
it is being modulated, it will tend to cut a narrower groove on
steep wave fronts. This condition is known as pinch effect, (Fig.
915). As the groove becomes narrower, the reproducing stylus has
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Fig. 916. Setup for visual groove inspection.

no choice but to rise up and then fall again as the groove widens.
This vertical stylus motion will cause a voltage to be generated in
most pickups; a spurious addition to the signal. Since the pinching
occurs twice in each alternation, the vertical motion will be at a
rate just twice that of the desired lateral motion. Hence it will
produce a signal quite rich in second-harmonic distortion.

Visual groove inspection

A great deal may be learned by the practiced observer about the
characteristics of a record simply by means of visual inspection.
The grooves of a well-cut disc will appear shiny when observed
under a single light source. If they do not, this is an immediate
indication that either the stylus or the disc material is defective.
In either case the disc will be noisy and generally of poor quality.

But if a good shiny groove is present, considerable information,
including the recorded level, and by inference the frequency re-
sponse may be obtained by observation. This information can be
obtained from the light patterns reflected from the groove walls.
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The simple setup employed for such examination is shown in Fig.
916. The disc is illuminated by a concentrated light source, prefer-
ably a clear glass bulb, set at a distance C of 6 to 8 feet. The angle
A between the record plane and the light path is small, usually
between 5° and 15°. The purpose of this is to cause the light to
be reflected by the groove walls, but not to strike the bottoms of
the grooves. The distance D) between viewer and record surface is
also several feet. The angle B between the line of sight and the rec-
ord plane is that which provides the best reflected pattern and will
usually be between 75° and 90°.

Fig.- 917. Reflected light patterns of a frequency record.

Under these conditions a reflected light pattern such as that of
Fig. 917 will be observed. This is a photograph of a disc cut with
a number of grooves at trequencies ranging from 50 to 10,000
c.p.s., with the uncut blank disc between each band of modulated
grooves. The rather remarkable thing about this pattern is the fact
that the width of the reflection of each band is directly propor-
tional to the velocity of the modulation. The reasons for this rela-
tionship may be understood by reference to Fig. 918.

This illustration depicts the action of the rays from the light
source as they strike and are reflected by the opposite wall of a
groove. The angle of reflection is of course equal to the angle of
incidence, which means that the largest angle between incident
and reflected rays will occur at the steepest curvature of the groove.
This occurs at points A and B, where the groove path crosses the
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line X—XU. This line is the path which the groove would follow if
no modulation were present and no displacement occurred. Hence
the steepness of the groove slope is greatest when it is crossing the
no-modulation path. This is analogous to the electrical wave whose
rate of change is greatest when its curve passes through zero.

The steepness of the curve described by the modulated groove
will be directly proportional to the stylus velocity. If means were
available to measure this steepness, we should have a clue to the

OPPOSITE GROOVE WALL GROOVE WALL
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Fig. 918. The drawing at the right helps ex- 2

plain the reason for the reflected light patterns \ } /|
of Fig. 917. The greatest angle between the
rays from the light source and those that are
reflected will occur at the steepest groove

curvature. AAA
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modulation velocity. Let us consider now an actual situation in
which the groove, of which Fig. 918 is only a small part, is extend-
ed all the way around the record a number of times. With the light
rays striking the record from a point source, only a certain definite
number of them will be reflected into the line of vision of the
observer. And since the greatest angle between incident and re-
flected light occurs at 4 and B and all similar points on the groove,
it will be these points which outline the extremities beyond which
light is not reflected to the eyes of the observer. With this pattern
therefore having a definite width, it is possible actually to calcu-
late the peak groove velocity by means of the following mathema-
tical relationship:

kR
V = mnW ( 1+T) (46)

where n is the disc speed in revolutions per second, W is the width
of the pattern, R is the radius from record center to groove, D is
the distance from the record to the observer and k is equal to
1/ (1 4 cos B).

Without going into specific values for a given record, it is still
quite useful to analyze the performance of a cutter by visual in-
spection of a test record it has made. For example let us analyze
the record of Fig. 917. Recalling that the width of the light pat-
tern is proportional to the velocity, it would appear that this
record has a constant-velocity characteristic from 10,000 c.p.s.
down to a crossover frequency of between 500 and 1,000 c.ps.
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Below this point the velocity decreases at a rather constant rate,
which would seem to indicate a typical constant-amplitude char-
acteristic. We can also see at once that there is a slight response
dip in the region of 3,000 c.p.s. and that the systemn begins to droop
again around 9,000 to 10,000 c.p.s. All of this information is im-
mediately available by visual inspection, without a pickup ever
having been put to the disc.

Visible trouble indications

It is also possible to spot a number of troubles this way, includ-
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Fig. 919. Visual inspection can reveal

serious faults.
ing those shown in Fig. 919. At a we observe there is considerable
irregularity in the spacing of the grooves. There may be some
difficulty with the lead screw or with the coupling between this
screw and the cutter. A number of commercial records now appear
this way, however, and for a purpose. Many recording machines
now are equipped with continuously variable pitch adjustment.
This permits decreasing the pitch (increasing the spacing between
grooves) in anticipation of loud passages of modulation and clos-
ing down to a very fine pitch during very soft passages. This makes
for much more efficient use of the recorded area, avoiding over-
cutting during heavy modulation and squeezing more time onto
the disc when the modulation is light.

When a blank disc is warped, there will be some “cutter
bounce,” since the recorder is unable to follow accurately the
vertical path presented by the disc. This will cause the groove to
vary in depth and in the extreme condition the cutter will leave
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Fig. 920. Typical faults revealed by microscopic examination of the grooves of
a record.
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the disc altogether, resulting in a bare spot where no groove is cut.
This is readily apparent as shown in the b quadrant of Fig. 919.

The moire pattern of Fig. 919 indicates the presence of a low-
frequency component such as hum or rumble. The spoke pattern
of Fig. 919-d is indicative of a cyclical.variation in speed such as
might be caused by a flat spot on an idler. This would of course
be heard in reproduction as wow or flutter.

Microscopic inspection

When record grooves are examined by reflected light under a
microscope, much additional information becomes available. A
well-cut groove will have smooth, shiny black walls, with a sharply
defined and perfectly centered bottom, as shown in Fig. 920-a. The
flat disc surface between the grooves, known as the land, appears
very bright, as does the groove bottom.

The cutting stylus should normally be perfectly perpendicular
to the surface of the disc. If it is tipped to one side or the other,
so will the groove be tipped, perhaps so much that the reproducing
stylus strikes bottom or jumps out of the top. This condition can
easily be recognized under magnification, for the groove bottom
will not be accurately centered between the walls (Fig. 920-b).
Similarly, if the stylus is tipped forward or back, it may simply
tear the disc material rather than engrave it. The first indication
of this will occur at the groove bottom, the cutting stylus tip being
unable to cut cleanly. The bottom will then take on a mottled
appearance, as shown in Fig. 920-c.

A speck of dust or other foreign material may become trapped
between the cutting stylus and the groove being cut with the result
that the groove becomes scored as in Fig. 920-d. The audible effect
of this is usually a hissing noise. The particle often escapes after
only a few revolutions, which means that careful visual inspection
of all grooves is necessary to spot it.

If the tip of the stylus becomes chipped, it will then probably
have two or more points at its end, resulting in a groove with a
multiple bottom. This is the cause of the double-bottom groove
shown in Fig. 920-e. The only cure for this is to replace the stylus
or have it resharpened. This is standard practice with sapphires,
although the cheaper stellite points cannot practicably be re-
paired and must be discarded.

Other stylus troubles are indicated in Figs. 920-f-g. Here the
styli are simply worn dull or else were improperly polished in the
first place. At f both the tip and the burnishing facets appear to be
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badly worn, to the point where they are no longer able to cut a
smoothly polished groove. The groove at g is quite ragged at its
top edges, indicating that the trouble with this stylus is confined
to the upper portion only.

In Fig. 920-h the groove depth varies widely. This will be due
either to warpage of the disc, as previously discussed, or some
mechanical difficulty which causes the cutter to have excessive
vertical motion. .

If the signal level is too high, the grooves will cross one another’s
paths, as shown in Fig. 920-i. Under these circumstances there will
be echo effects in which the modulation of adjacent grooves carries
over onto their neighbors’. At its worst, overcutting will be such
that a reproducer simply cannot track and will jump grooves or
even ‘‘skate” all the way across the record. The grooves will quite
frequently appear to touch one another at their upper edges —
this is especially true in microgroove practice — but the excessive
displacement shown in this illustration could never be tolerated.

Magnetic recording

The basic notion of recording sound by magnetic means is an
old one, having been originally explored by Valdemar Poulsen in
Denmark prior to the turn of this century. The medium he em-
ployed was steel wire, and he received a patent on his Tele-
graphone machine in 1898. This machine was actually marketed
for commercial purposes, a few of them even finding their way
into the United States. This is quite remarkable in view of the fact
that the available wire was very crude and the discovery of the
vacuum-tube amplifier was still some years away.

The system fell into disfavor, however, and was all but forgotten
for about three decacdes. But in the Nineteen Thirties there was
some renewed interest in both the United States and in Germany.
The American interests continued to use wire and steel tape, how-
cver, and it was not until Germany was occupied after World War
I1 that the rest of the world learned of the important advances that
had been made in that country in the art of magnetic recording.

The Germans had developed a plastic tape, coated with a fine
layer of tiny iron-oxide particles, which far outstripped in fidelity
anything previously known in any recording method. It is interest-
ing to note also that another reason for the superiority of the Ger-
man systemn was the application of ultrasonic bias, originally an
American idea for which patent application was made in 1921 but
which had never been applied to any commercial equipment here
until the postwar years.
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Most if not all professional-grade equipment manufactured
today is heavily indebted to the German Magnetophone design.
The most important development since then has been the intro-
duction in the United States of tapes having higher coercive force
characteristics, resulting in better frequency response, sensitivity
and signal-to-noise ratio.

Magnetic principles

To understand the operation of a tape recorder, it would be
useful to review briefly some of the basic principles of magnetics.
The cause-and-effect relationship in magnetism is between the
fundamental unit of magnetic force, known as the gilbert, and the
fundamental unit of magnetic flux, known as the maxwell. The
ability of a magnetic material to become magnetized is known as
its permeability, while its opposition to becoming magnetized is
called reluctance.

With these quantities it is possible to set up an equivalent to
Ohm’s law for magnetic circuits, in which flux is analogous to
current, magnetomotive force to voltage, permeability to conduc-
tivity and reluctance to resistance. The relationships would then
be expressed as follows:

H B
R=— (@7 M=—  (48)
B H

where B equals the flux density in maxwells, H is the magneto-
motive force in gilberts, R equals the reluctance and M is the per-
meability.

If we plot the relationship between B and H for a typical mag-
netic material, we will obtain the normal magnetization curve of
Fig. 921. This is very reminiscent of the familiar vacuum-tube
characteristic curves wherein the value of B increases slowly at
first, then more rapidly and then again more gradually until the
saturation point is reached. In magnetic circuits a material is said
to be saturated when further increases in magnetic flux are only
those due to the corresponding increase in the magnetizing force,
the material itself making no further contribution to the total
flux. It is important to note that the relationship is linear only in
the middle of the curve, and the nonlinearity at the upper and
lower bends must be regarded as a potential source of distortion.

As H is slowly decreased to zero, the path of the normal magne-
tization curve is not retraced for B. But when H = 0, there is still
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a definite positive value B, for the magnetic flux, which is known
as the remanence. This is shown in Fig. 922. To reduce the mag-
netism in the material to zero after it has been magnetized to
saturation, it is necessary to apply further magnetomotive force

SATURATION POINT

MAGNETIC
FLx s

MAGNETOMOTIVE FORCE H

Fig. 921. Normal magnetization curve.

in a direction opposite to the original force. This is indicated by
point H. in Fig. 922 and is known as the coercive force. If H con-
tinmies in the negative direction, another saturation point will be
reached, and if H again decreases to zero, B will once again exhibit
its remanence characteristic.

Fig. 922. Example of hystevesis loop.

This characteristic, which might be regarded as a lag between
the magnetic flux and the magnetomotive force producing it, is
known as liysteresis. For this reason the curve of Fig. 922 is often
known as a hysteresis loop.

There is some relationship between these characteristics and the
frequency characteristics of a magnetic medium. In a very general
way the high-frequency response of the medium is a function of
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the coercive force, while the mid-range and bass sensitivity is pro-
portional to the remanence. This is the reason for the statement
that the high-coercive-force oxides developed in the United States
represent an improvement over the original German style media.

Tape recording systems

To understand how these facts bear on a magnetic recording,
consider Fig. 923, which shows some of the important components
of a quality tape recording system. The tape is moved from supply
reel to takeup reel and past the recording heads by a motor-driven
system known as capstan drive. The tape is held against the cap-
stan by the pressure roller. If there is no slippage and the capstan
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Fig. 923. Major components of a tape recording system.

speed is constant, the movement of the tape past the heads will be
perfectly smooth.

The tape first moves past the erase electromagnet, which is
always functioning when a tape is being recorded, even when
virgin stock is used. This may seem superfluous since new tape is
presumably magnetically neutral, but in fact there will usually be
some residual tape noise which must be removed by the erasing
process. One obvious cause of this would occur where some ele-
ments in the tape manufacturing process, such as the coating, slit-
ting or winding machinery, become magnetized and in turn
magnetize the tape. It might also be that the tape had come in
contact with induction fields during transportation or storage.

Another reason for new tape noise might not be so obvious.
When we speak of a magnetic material as being magnetically
neutral, we mean that the near-infinite number of tiny magnets
within its structure are aligned at random so that the sum of all
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their fields in a given length of tape is equal to zero. But when a
playback head of a tape recorder is scanning a piece of tape, we
are considering only an extremely short length of tape at a given
time, the length being equal to the size of the head gap, which is
very much less than 1 mil. Thus the head is in effect scanning a
series of minutely short sections of tape successively. While the
tape may on the average be magnetically neutral when we are
considering a large enough sample, it is highly unlikely that the
very short sections which pass the head successively are each of
themselves entirely free of any outward display of magnetism. But

+8

Fig. 924. Technique for producing an
a.c. erase.
when the tape has first'passed under the influence of the erase head,
it is completely demagnetized and free of innate noise.

Erasing

Since the term erase implies rubbing out or defacing, it is per-
haps a misnomer, for no mechanical or visible change takes place.
In the German scientific literature the term obliteration is invari-
ably used, although this is hardly more accurate. Some American
authorities prefer the term wiping, which also leaves something to
be desired. Until a better term is proposed, we shall employ the
one most commonly used in the United States — erase. But it
should be clearly understood that in magnetic recording this is in
no sense a mechanical operation, but simply the means of reducing
the tape to a state of magnetic neutrality. The erasing process
therefore completely removes previously recorded signals and
residual noise without otherwise affecting the tape in any way.
Thus the magnetic recording medium is repeatedly reusable, a
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property which can be claimed for no other known type of record-
ing.

There are several methods of magnetic erasing in current use,
but the most satisfactory one, and the only one ever employed in
high-quality professional equipment, is known as a.c. erase. This
is based upon the fact that a magnetized material may be reduced
to a state of zero magnetism by subjecting it to a progressively dim-
inishing alternating field. The process is illustrated in Fig. 924.
If the magnetic state of the tape before erasing is at point a, then
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Fig.,926. Distortion produced in recorded

waveform.
a positive field is applied up to point b, followed by a negative
field and so on through a series of decreasing hysteresis loops until
point c is reached, the point of zero magnetization. The value of H
necessary to produce the magnetization of point b need only equal
the peak value of the signal on the tape. But for an adequate
safety factor it is standard practice to have the initial cycles of the
field large enough to produce magnetic saturation. This will assure
that the erase will remove even the most heavily overmodulated
signals.

Complete demagnetization will occur only if a sufficient number
of field reversals have been gone through and if the decrease in
field strength has been gradual. Excellent erasing will result if a
hundred or more cycles are gone through with the same rate of
decrement, as for example proportional to 4100, —99, 498, —97,
...... —-3,+42,—1,0.

The recording process

The perfectly “clean” tape now passes to the recording electro-
magnet where it is magnetized in accordance with the instantan-
eous audio signal. But since the tape arrives in a demagnetized
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state, any effort to magnetize it will encounter the characteristics
of the normal magnetization curve of Figs. 921 and 922. Since this
curve is far from linear, the magnetized signal will also be non-
linear and hence distorted, as shown in Fig. 925.

However, it would be possible to record without distortion if
the signal were centered, not on the zero axis, but at the center of
the linear portion of the curve. Then the extremities of the work-
ing range would be just above the instep and below the knee of
Fig. 921. This could be accomplished simply by applying a d.c.

Fig. 926. Effect of mixing ultrasonic
bias and the audio signal.

bias, either negative or positive, of such value as to arrive at the
middle of either of the linear portions of the normal magnetiza-
tion curve of Fig. 922. This method was actually employed in
early magnetic recording systems, but it is apparent from the illus-
trations that the length of the linear portion of the curve is quite
small and the dynamic range of the signal would therefore be
severely restricted.

The ideal condition, then, would appear to be one in which
both linear portions of the curve could be used, and this is exactly
the result we achieve through the use of ultrasonic bias. The effect
of this process becomes evident when we consider Fig. 926. The
bias is mixed with the audio signal (not modulated by it) and in
this way the audio portion of the composite signal strikes both
linear portions — and only these portions — of the magnetization
curve. Since the bias is ideally neither recorded nor reproduced,
only the audio magnetizes the tape, but it does so without distor-
tion. The bias is therefore somewhat analogous to a chemical
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catalyst in that it helps in the performance of a certain reaction
without itself taking part in it.

This admittedly loose explanation is the essence of the most
generally accepted theory concerning the highly complex behavior
of ultrasonic bias in magnetic recording. But the entire subject is
still the center of some rather lively debate, and the art is still so
young that the theory just presented is far from immutable law.
It appears to satisfy most of the conditions as we know them, but
you should retain an open mind on the subject until more in-
formation is available.

The bias frequency should be several times the highest audio
frequency to be recorded to avoid the recording of any beat fre-
quencies. Bias frequencies in commercial practice will usually

20,

RN

+
AN\Y
A\
\
X
/

0V 100 500 L. ¢ 0
FREQ

AUDIO - RELATIVE 08 A=17,8-15C-9.5,  BIAS - AMP TURNS -A-2.4;8-3.2;C-8.
Fig. 927. Relationship between bias and frequency response.

range between 30 and 100 kc. Since such frequencies are quite
convenient for the erase voltage, it is usual practice to permit a
single oscillator provide the original signal for both applications.

The relationship between bias and frequency response is illus-
trated in Fig. 927. These particular curves were obtained with a
constant current flowing through the windings of the recording
head at all audio frequencies, and with the bias frequency fixed at
40 kc. It may be inferred from this that the higher the bias cur-
rent used, the poorer the high-frequency response relative to the
bass response. Pre-equalization is standard practice in magnetic
recording, however, aud the value of the bias voltage is not nor-
mally selected for the frequency characteristics it provides.

Optimum adjustinent of bias current is predicated upon mini-
mum distortion, and the relauonshlp between these two factors
and the output amplitude are shown in Fig. 928. When the input
signal is held constant while the bias voltage is varied, at low bias
values the output is also low while distortion is high. As the bias
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is increased the level also increases, but the distortion goes down
and finally reaches a minimum. Further increasing the bias causes
the distortion to rise again while the output continues its upward
swing. Finally the distortion reaches a secondary peak simultan-
eously with the peak in output. Then, as additional bias is applied,
both output and distortion decrease slowly.

The bias may be adjusted to the point of the valley in the dis-
tortion curve, but in practice this is seldom done. Such an adjust-
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Fig. 928. Effect of bias current on output and distortion.

ment is exceedingly critical, and the signal-to-noise ratio is not as
good as can be obtained elsewhere. Adjustment of low-speed (7.5
inches per second or less) home machines is usually made simply
for peak output, despite the fact that somewhat less distortion is
possible elsewhere. Since these machines exhibit a rather high
order of distortion inherently, there is little reason for adjusting
bias for the optimum tape condition. For professional equipment,
an adjustment much closer to the ideal may be effected simply by
choosing a bias current twice that required for maximum output.
More refined techniques involve the use of a distortion meter or
harmonic wave analyzer.

Methods of magnetization

Three distinct methods for magnetizing the tape or other nate-
rial have been devised. Classified according to the direction of
magnetization (that is, depending upon the orientation of the
recording head gap with respect to the tape) they are known as
longitudinal, lateral and perpendicular or transverse.
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In longitudinal magnetization (Fig. 929-a) the head gap extends
across the width of the tape and the direction of magnetization is
along its length. This was the original method employed by Poul-
sen, and is still used almost exclusively in commercial machines.
Its principles may be understood by recalling that any magnetic
material is really a large number of tiny magnets of molecular size.
In the unmagnetized state these have a random distribution so
that their fields cancel each other and no external indication of
magnetism exists.

When a demnagnetized recording medium, such as a length of
tape, is moved past a recording electromagnet, the small magnetic
particles of which the tape consists are all rotated so as to align
themselves with the instantaneous direction of the magnetic field
which excites them. Then the magnitude and polarity of their
own magnetic field will depend upon the magnitude and polarity
of the current through the coil of the recording head. Thus after
the tape has passed over the recording-head gap, it will consist of a
number of very short sections, each of them in effect a narrow line
of magnets all pointing in the same direction. Since these succes-
sive lines of magnetization, when taken as a whole, will have var-
ious opposing directions in accordance with the signal, the tape
will exhibit little or no external inagnetic effect, except when these
lines are scanned onc at a time by a playback head.

Lateral magnetization, as shown in Fig. 929-b, has the head
moved 90°, so that the gap is parallel with the length of the tape.
High-frequency response is very poor with this method and it is
normally used as a secondary type in conjunction with longitud-
inal magnetization. It is useful in this case for applying cueing or
synchronizing signals. which are not detected by the longitudinal
playback head, but which are picked up by a separate lateral play-
back head and transmitted to a control device of some sort. Quite
frequently employed in motion-picture photography, especially for
television, this method helps maintain perfect synchronism be-
tween recorder or playback and camera or projector.

In transverse magnetization the poles of the recording head are
on opposite sides of the tape, so that the magnetization is in the
direction of the tape thickness and perpendicular to its surface.
It has been claimed that a wider frequency range is possible at
lower speeds with this method, but its critical operating adjust-
ment has prevented its wide use. Furthermore, to be practical with
tape the oxide would have to impregnate the medium, but all
commercial recording stock manufactured in the United States
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has the oxide coated on one side of the base. And finally, even if
impregnated tape were used, recording it in this manner would
remove all magnetic isolation between adjacent layers on a reel.
and there would probably be a great amount of layer-to-layer
transfer of magnetic fields. This phenomenon, which sometimes
occurs even with longitudinally magnetized coated tape, is often
referred to as print-through and results in “ghost” and “echo”
effects.

The recording medium

The ideal recording tape would be practically the equivalent
ol a homogeneous magnetic fluid, uniformly coated on or impreg-

ToP FRONT ToP

RECORDING HEAD

a ] ¢
LONGITUDINAL LATERAL TRANSVERSE

Fig. 929-a. -b. -c. Longitudinal, lateral. and transverse magnetization.

nated in a base carrvier of high tensile strength, perfectly smooth
and with absolutely no shrinkage or expansion. The magnetic
material itself would be extremely sensitive and would exhibit no
frequency discrimination or other distortion effects anywhere
within the audible range.

Several types of coated and impregnated tape were developed in
Germany after World War I1. All of them used finely powdered
red iron oxide for the magnetic material, a chemical compound of
iron and oxygen having the formula Fe.,. This is still the basis
of most tape manufactured in the United States, although some
work has been done with black iron oxide (Fes(),). More recently
certain additives have been introduced with a considerable degree
of success to provide greater sensitivity. But the precise nature of
these additional materials is regarded as a trade secret by the manu-
facturers who have developed them.

All of the widely used tapes in the United States are of the
coated type in which the powdered oxide and a suitable binder are
applied to one side of a smooth ribbon of paper or plastic. The
character of this base is of extreme importance, for unless it is
perfectly smooth the coating will likewise be rough and cause
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noise in the output. This is why the smoother plastic base pro-
vides a better signal-to-noise ratio than paper tape with the same
coating. Paper does have the advantage of somewhat better dimen-
sional stability, but the plastic type is generally of such better
quality that paper recording tape is not very popular.

The tape base is 14-inch wide and on the average is 1.5 mils
thick, coated with about 0.5 mil of magnetic material, most of
which is binder. There is known to be a strong correlation between
frequency response and tape coating thickness, a thinner coating
providing a better high-frequency response. Consequently a great
deal of effort has been expended on developing thinner and more
sensitive coatings, more effective binders with less bulk and thin-
ner bases with adequate strength and stability.

Not very much can be done in the way of making the base thin-
ner which doesn’t involve mechanical troubles as well as increased
layer-to-layer transfer, but a high-remanance coating has been
recently devised which has made it possible to reduce its thickness
to only 0.3 mil while still retaining full output and sensitivity.
Improvements in the base have made it possible for its thickness
to be reduced to 1.0 mil. By reducing both thickness dimensions
while still retaining the same performance, an increased playing
time of 507, is gained for that much more tape can be accommo-
dated on any given reel.

Layer-to-layer signal transfer

When a length of recorded tape is wound on a reel, each layer
of tape will fall under the magnetic influence of the adjacent lay-
crs. The amount of magnetization induced between layers is
ordinarily undetectable in reproduction, but in some instances
may be nearly as loud as the signal itself. This effect is nonlinear,
like recording without bias. For each decrease of 1 db in recording
level, the interlayer transfer level will drop about 2 db. Thus print.
through is a much more serious problem in the case of very heavy
modulation and overloading and much trouble can be avoided
simply by keeping the level within bounds.

The effect beconies more noticeable after the tape has been
stored for a period of time. It is also accelerated by high tempera-
tures, increasing by about 1 db for every temperature increase of
10°F. Thus, it is wise to store recorded reels in a cool place.

Nearby magnetic fields will not only induce noises, but they
will sometiines increase the transfer level by as much as 30 to 40
db. It is therefore extremely important to keep the recorded reels
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well away from any sources of stray fields, such as magnets, motors,
generators and high-tension power lines. When the precautions
against overmodulation, excessive temperature and stray fields are
all carefully observed, the print-through problem is seldom of any
real consequence.

Tape frequency characteristics

Since a voltage will be induced in a conductor whenever it cuts
magnetic lines of force, the playback process simply involves pull-
ing the recorded tape past the surface of a specially designed elec-
tromagnet known as the reproduce head. The induced voltage
follows the usual laws of magnetism and is directly proportional
to the rate of flux cutting, the higher frequencies with their more
rapid magnetic reversals inducing higher voltages in the reproducc
head. Since doubling the frequency simultaneously doubles the
voltage, it is characteristic of tape that its frequency response has
a rise of 6 db per octave. This is true only up to a point, however,
and at the higher frequencies beyond this, other factors which
enter into the playback process tend to counteract this character-
istic.

Whenever a magnetic material leaves the influence of its excit-
ing fields, its actual residual magnetism will fall slightly below the
maximum strength of the excitation. This is due in part to some
interaction between the opposite poles of the infinitely small mag-
nets in the material and is known as self-demagnetization. Its
effects in recording are more pronounced at the higher frequen-
cies, thus reducing the treble response. And there are the usual
eddy currents and other iron losses typical in magnetic pheno-
mena, all of which tend to pull down the high-frequency response
even farther.

Frequency response in reproduction is also largely dependent
upon the dimensions of the playback-head gap. At the higher fre-
quencies the gap will approach or even exceed the dimension of
one wavelength, and beyond this point the frequency response is
seriously impaired. The recording-head gap is not as critical.
Machines which have separate record and playback heads may
have a record-head gap of around | mil and the reproduce-head
gap in the order of 0.25 to 0.5 mil. Ideally then, the gap should be
as small as possible, but there are practical limits. A very small gap
dimension approaches the state of a magnetic short, with the signal
applied to the tape being very small or even nonexistent. There

215




are also the problems of manufacturing which make such a head
very expensive, if not impossible, to build.

The contact between tape and reproduce head must be very
close for optimum response. Likewise the alignment of the head
gap with respect to the tape is very important. Since the method
of magnetization is longitudinal, the head gap should be at pre-
cisely 90° relative to the direction of tape travel. This angle would
not be so critical, were it not for purposes of standardization. If
this procedure is not followed, a tape recorded on one machine
and then played back on another having some angular displace-
ment of the gap would reproduce rather badly, particularly at the
high end. These relationships are illustrated in Fig. 930. We would
obtain the same difficulty, of course, in a machine having separate

AZINUTH MISALIGNNENT

Fig. 930. Angular displacement of the record
head will produce distortion.

record and reproduce heads not perfectly aligned with each other.

The azimuth (angular) adjustment may be checked by repro-
ducing a special azimuth tape available from manufacturers of
most professional tape machines. The reproduce head is simply
adjusted for maximum output at all frequencies. The record head
may then be adjusted to conform to the playback-head azimuth
by recording a series of high-frequency tones and noting the effect
on the reproduced output as the record-head adjustment is varied.

Recording speed

The speed of tape travel has a considerable effect in determin-
ing the high-frequency response. A higher speed will increase
ratio of the shortest audio wavelength to the dimension of the
reproduce-head gap and it will also reduce the self-demagnetiza-
tion. The frequency of maximum response (see Fig. 927) varies
directly with the speed so that doubling the speed will raise this
peak exactly an octave. From the standpoint of frequency re-
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sponse, it is obviously desirable to use as high a speed as possible.
A higher speed, however, requires greater tape consurnption for
the same amount of program time, and so the speed will depend
largely upon the requirements of the service to which the equip-
ment is to be put.

The original German equipment operated at a speed very close
to 30 inches per second, and this was the speed adopted for the first
professional machines introduced into the United States. This
speed is seldom used any longer, except for the most exacting
professional applications; 15 i.p.s. is now at least as good as 30
i.p.s. was when first introduced. All other tape speeds presently in

TAPE LENGTH, RECORDING TIME, MINUTES FOR TAPE
FEET SPEEDS IN INCHES PER SEC.
1 7/8 3 ¥4 71/2 15 30
150 15 71/2 3 3/4 = =
300 30 15 7 1/2 3 3/4 =
600 60 30 15 71/2 3 3/4
1200 120 60 30 15 71/2
2400 - = 60 30 5
4800 = - - 60 30

Fig. 931. Relationship between tape speed, length, and playing time.

use are submultiples of 30 i.ps., and the relationship between
these various speeds, tape lengths and playing times is shown in the
table of Fig. 931. The speed now used for most professional appli-
cations is 15 i.p.s. while 714 i.p.s. is employed in the majority of
home machines. The slower speeds, however, are quite adequate
for certain speech uses where maximum fidelity and intelligibility
are not required.

Tape equalization

It is obvious that the 6-db-per-octave characteristic of unequal-
ized recording tape, such as is shown in the typical curves of Fig.
927 is not satisfactory for reproducing purposes. To achieve any-
thing approaching a flat characteristic in reproduction, a consider-
able amount of playback equalization would be necessary. At 6 db
per octave, the difference between the recorded levels at 1,000 and
50 c.p.s., for example, is 24 db. But a bass boost which would flat-
ten this characteristic would also bring up with it a large amount
of hum and rumble as well.

A much more practical method is a system of pre-equalization
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which is ideally based upon the overload vs. frequency character-
istics of the tape. The intent of this is simply to put as much signal
as possible on the tape at all frequencies .This will involve pre-
empbhasis at both the high and low frequencies and, since the peak
response varies by an octave for each doubling of the tape speed,
a different equalization characteristic must be employed for every
speed. Unfortunately, there has been nearly as much disparity in
equalization characteristics between tape machines of different
manufacturers as there once was in disc recording characteristics.
For this reason, a recording made on a given machine and played
on another of a different type may often given disappointing
results.

Magnetic recording is widely used in radio and television broad-
casting, phonograph records and pre-recorded tape and literally
thousands of applications in commerce, education and the home.
It has been employed successfully for the recording of television
picture signals in full color and new uses are being discovered for
it every day with the end nowhere in sight. It is without question
the most outstanding and important development in the audio
art for several decades.

218




A-Battery SO |
A.C. Component SN ¥
A.C. Erase . S - . 208
Acoustic:
Labyrinth S - 143
n . .. 154
Phase Inverter . 141
Transformer 148
A, Middle . - . -~ 17
Alr Friction 133
Afr, S8ound in .. 134
Ampllﬂcatlon Push-Pull . - 49
Amplification, Stage of 40
Amplifier:
Class-A ... R 36
Class-AB 37
Class-AB1 39
Class-AB, 39
Class-B ... ... . 36
Design, Principles of . . 64
Direct Couple 40
Generator oncept of ; 61
redance -Coupled ;;
Power - 34
Resistance- Coupled . 65
Transformer- Coupled 45
Voltage . 34
Amplifiers:
Audio Frequency ... - 33
Classes of . 34
Equalizer . 132
Amplitude Distortion . 82
Anode 69
Antilogarithm 26
Attack Time . 58
Attenuation Rate 166
Attenuator Design .. 97
Attenuators, Mixer Type ____ 108
Attenuators, Variable 104
Audio Amplifier Systems 42
Audio Frequency Amplifiers 33
Baffle . ..-139, 140
Baftle, Directional 147
Band Elimination Filter .....108, 115, 121
Band-Pass Filter ... 108, 114
Base, Logarithmic .. ... 22
Bass, False 14
Bass Reflex Enclo:uro - 141
B-Battery - 70
Beats = 9
Behavior of 7
Bel .. .. R - 26
Belt-Driven Motor .. 182
Belt-Driven Turntable -~ 184
Bias:
Cathode 70
Current, Ultrasonic ... 210
Frequency, Ultrasonic —1 ]
Ultrasonic ... . 208, 209
Bimorph Element 1

Binaural System ...
Bleeder
Bounce, Cutter . ...
Brass Instruments ... _
Breakaway Point R
Bridged-T Equalizer .
Building-Out Resistors
Burnishing S

C Battery 170
Capacitor- lnput Fillters 11
Capstan Driv ~. 208
Cardioid Characteﬂatlc 169
Cardioid Response 168
Carbon Microphone 162
Cascade Connection 40
Cathode 70
Cathode Bias 70
Ceiling Control 59
Characteristic:
Hearing 13
Logarithmic - .. 25
Musical S S ]
Recording 120, 187, 193
Tape Frequency .. 2158
Choke, Fiiter 78
Choke-Input Filters 7
Chromatic Scale .. 17
Class-A Amplifier e 35
Class-AB Amplifier 37
Class-AB:1 Amplifier 39
Class-ABy; Amplifler - 39
Class-B Amplifier 36
Classes of Audio Amplifiers 34
Coaxial Speaker 154
Coercive Force 205
Coil, Voice 137
Cobination Tones 88
Common Logarithms 22
Composite Filter 119
Complementary Systems 164
Complex Tones 12
Complex Waves 10
Component, D.C. 47
Compression:
radual 60
Ratio 58
Sound Cycle 136
Volume 66
Condenser Microphone 172
Cone Resonance 139
Constant:
Amplitude Characteristic 187
Amplitude Recording 188
Amplitude va. Constant Velocity 190
B Network 131
K L-Section 111
K Network 111
Resistance Method 158
Resistance Networks 159
Velocity Characteristic .. 187
Velocity Recording . 189
Construction, Enclosure o 142
Control:
Ceiling = 59
Grid S 89
Loudness ... - 82
Tone . .o o 122
Conversion Curves ... 66
Conversfon Factor, Voltaxe — 66
Coupling S 40
Coupling, lnterstaxo - 41
Coupling, Resistance 42
Cross Modulation — 87
Crossover Frequency 156
Crossover Networks 164



Crystal Cutters ... .. .. 188
Crystal Microphone ... 163
Current, Peak 5
Cutoft Frequency .. 110
Gutting Stylus — 184
uttlnx tylus
Cycle 11
Cycle, Compression Sound 136
Damping Factor . __. ... 88
Db 26
D.C. Cor t 47
D.C. Pulsatlng R 75
Dead Spots 9
Decibel 26
Decoupling Filter ———— . 48
Degeneration 48
De-emphasis 121
De-esger 69
Demagnetization of Tape ... . 208
Demaznetlutlon. Selt . ... e 218
Design
Ampllﬂer. Principles of e 84
Attenuator 97
ualizer 127
Filter 111
Diagram, Level . . ___ 30
Dlalogue Equalization . ... 122, 166
Diameter Equaligation ... 19§
Diamond Stylus ... ... 184
Diaphragm Unit, Microphone 183
Diftraction of Sound ... . — 8
Diode, Dual 14
Direct-Coupled Amplifier ... 40
Direct Current, Pulsating ... = 175
Direct Drive 181
Direct Radiator ... 138
Directional Baffle ... . 147
Directivity Pattern, Dynamic
Microphone .. . 166
Disc:
Distortion 1968
Recording 179
Recordlng Head .. . 186
Warp 200
Dlscharge urve, Exponential ...___.. 176
Displacement Stylus ... 190
Distortion:
Amplitude 82
Cross-Modulation ___. 87
Disc 198
FM 91
Forms of 81
Frequency ... — 82, 84
Harmonic 50, 82, 84, 85
Intermodulation ... 86, 87
Phase 86
Scale . - 82
‘Waveform 60
Dividing Networks _ 156
Double-Button Carbon Microphone .. 163
Drive:
Capstan 208
ction 182
Mechanism 180
Dual-Diode 4
Dynamic Microphone — 164
Dynamic Speaker ... . 137
Dyne 19
Electroacoustic Transducer ... ... 133
Electromagnet, Erase R— ]
Electron Emission ... ... . 89
Electronic Power Supplies . ... 69
Element, Bimorph ... 163
Emlsslon. Thermionic ... 69
Enclosure, Bass Reflex ... .. .. 141
Enclosure, Construction ... ________ 142
Equilibrium 138
Equilizsation:
Dialogue 122, 166
Diameter ... e .. 196
Microphone Speech JRS——— {1 |
Tape 217
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Equalizers:
Amplifiers 132
Bridged-T 125
Characteristics 124
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Expansion. Volume ..
Exponential:

Discharge Curve
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Horn, Designing &8 ... 151
Exponents:

Adadition of 21

Division of ... .. 21

Fractional .. - 23

Principles of ... ... 21
Faders .. 104
False Bass 14
Feather-Edge Stylus - 185
Feed Mechanism ... 183
Feed, Shunt 47
Feedback, Inverse . ___________ 53
Feedback Positive ... B3
Feedback Regenerative ... 53
Fliament 170
Filament Voltage . ... . __ . 170
Filter:

Band-Pass .

—— - T § ¥ )
Band Elimination .. _

Capacitor-Input ...
haracteristics

haracteristics, M-Derived .___
hoke ... . 76
Choke-Input ... .. T
Composite
Decoupling
Des|

SIgN
High-Pass
Low-P&BB ... ..
M-Derived ...
Multisection
Networks
Uniform

Filtering
Flashover
Flat Baffle
Flutter 1

Flutter, Perceptionof . ..90 92
Flux Density 2

FM Distortion
Folded Horn ...
Force, Coercive

Forms of Sound
Four-Pole Motor
Friction, Air .. ..
Fractional Exponents ..
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Frequency:
Crossover 166
Cutoft 110
Distortion 82, 84
Record _ ... 198
Response Curve Velocity
Microphone ... — 168
Ripple

Ultrasonic Bias ...
Friction Drive ...
Full Series Equallzer
Full Shunt Equalizer _
Full-Wave Rectifler ... ...

Gain
Gain per Stage
Gap, Head .

Gap, Playback Head ..
Gargle
Gilbert




Grid:

Blas, Excessive ... 50
Blas, Insufficlent .. - 50
Control 69
Screen 70
Groove Inspection, Record ... .. . 197
Half-8ection .. 109
Half-Section, M-Derived e 121
Half-Wave kectlﬂcauon - 3
Harmonic Distortion .. ___50, 82 84, 85
Harmonics 12
Hash ___ 86, 89
Head Gap 212
Hearing, Characteristics of ______ 13

Helmholtz Resonator ... 143
High-Level Mixers ...
High-Frequency Speaker
High-Pass Filter .. ___ .
Hill and Dale Recording
Horn:

Design . ... . . 150
Ex‘ponentlal [ 150
147, 153
Shape 151
Type Speakers ____._________ 148
Hum B 33, 51, 92
Hysteresls . SR {3
Hysteresis Synchronous Motor ...180, 181
M SR — R ) |
Image Impedance, Mild-Serfes ... 118
Impedance:
Coupled Amplifier .. 44
Dynamic Microphone ... ... . 165
Mid-Shunt _ 110
Mid-Serjes 110
QOutput, Crystal Mlcrophone e 164
Indicator, Neon Tube 32
Indicator, Volume . 32
Insertion Loss .. 96
Inspection of Record “Grooves ... . 197
Instruments:
Brass .. 18
Measurin 30
Orchestra 18
Percussion 18
Plucked _.__.. .. 18
Reed 18
Intensity of Sound JRIUSURUUOR | )
Interference Effec . 9
Intermodulation Dlstortlon .88, 87
Interpolation . 28
Interstage Courllng . 41
Intervals, Semitone . 17
Inverse Feedback ... 53
Inverse Peak Voltage _. %
Inversion, Phase .. ... ... 51

Inverter, Acoustic Phase .
Isolation Pads ... .. ... 102
Labyrinth, Acoustic ... ... .. 143
Lateral Magnetization .

Lateral System of Recordlng R
Lattice ualizer .

. 1
Layer-to-Layer Signal “Transfer . 214
Level:

Diagrams ... ... J— ... 30
Overload 60
Reference ... SR |
Standard References ... . - 29
Zero ...

Limiting, Volume ... ...
Lln%s of Magnetic Flux .

Plate ..
Speaker .. . ... ...
Logarithmic Units of Measur
Logarithms, Common ... .

Logarithms, Principles of ... T
Log;l ples of 22
Longltudlnal Masnetlsatlon ............ 211
Loss, Insertion 96

Loudness 11
Loudness Control ... — 82
Loudspeaker:
Coaxial 154
Cone 137
Dynamic 187
Enclosures 139
High-Frequency .. . . 154
Horn-Type 148
Load 138
Systems 133
Loudspeakers, Multiple .. 153
Louds eakers, Phasing 15§
equency Shelf . 193
Low Level Mixers 107
Low-Pass Filter . ... 108, 111
L-Pad 100
LP_ Recording 183
L-Section __. 109
L-Section, Constant-K ... 111
Magnetic:
Cutters _. 186
Distortion . .. . 208
Force 204
Principles 204
Recording 203
Tape 213
Magnetization Curve ... 204, 206
Magnetization, Methods of . 211
Magnetomotive Force .. 204
Major Triad 18
Mantissa 25
Mantissa, Table of ... _— 2
Maskin 14
Maxwell . 204
M-Derived:
Filter 115
Filter Characteristics ... 118
Half Section ... 121
Section 116
Mean Free Path ... ... __ 134

Measurement, Logarithmlic Units of 20

Measurement, Sound ... . 19
Measuring Instruments - 30
Mechanism, Drive ... oo 180
Mechanlsm. Feed .. i 183
Mechanophase Prlnclple E—— ¥ |
Meter:

I 30
Volume Unit ... 31, 56
VU . 31, 66

Microgroove Recording ... 188

Microphone:
Carbon Button ... ... . 162
Cardioid Response of 7 168
Characteristics ... 174
Condenser 172
Crystal 163
Diaphragm Unit ... 163
Double-Button Carbon ... 163
Dynamic 164
Placement ... . 177
Pressure Gradient 166
Sound-Cell pe 163
Speech Equalization of 167
Techniques S
Velocity

Microscopic Inspection
Mid-Series Impedance ... .
Mid-Shunt Impedance ... __
Middle A
Minimum Loss Pads
Minor Scales __
Mixer Circuits ...

Mixer-Type Attenuator ... . -— 108
Mixers:
High-Level ... .. 107
Low-Level . e 107
Series-Parallel .. . 107
Mode of Vibration .. . - 139

Modulation, Cross .. . - 87
Monaural System -




Motor:

Belt-Drive 182
Four-Pole _..._. 180
Hysteresis Synchronous . 7180, 181
Turntable 181
Two-Pole 180
Velocity 189
Motorboating ... S ¥ |
Multlcellular Mouth . . e 154
Multiple Speaker Arrangements ... 154
Muitiple Speakers ... .. ... . . .. 182
Multisection Filters ... e 119
Music, Characteristics of e 10
Mualc. Physics of . .. 15
Musical lnslruments.
Peak Powers of 178

Musical Octave ...

Nature of Sounad ... ...
Negative Feedback ... 53
Neon Tube Indicator ... .. ... 32
Neper 28
Networks:
Comblnlni(and Splitting ...
Constant S -
Constant Resistance ... .
Crossover
Dividing
Filter .
1solation
Nodes ...
Noise:
Amplifier . 92
Deacriptlon of 10
Sources of . S ———— 93
Tape - 208
Obliteration . . ... 207
Octave, Musical .. ... ... 13
Octave Ratio 16
Operate Tine ... B8
Operating Point ... e 38
Optical Slit 154
Orchestra, Instruments of ... 18
Oscilloscope as a Volume Indicator 32
Output, Power
Overhang . 184
Overload Level . 60
Pads:
}:wlatlon ............................... - }&2}
-Type
Ml’tlu?mum Loss ... . 100
T-Type 97
Paper ge e 214
Passive ements 132
Peak Current ... %
Peak Plate Curren 5

Peak Powers of Musical lnstruments 178
Peak Voltage, Inverse .. ..

Percentage, Ripple .. - I}
Fercussion Instruments ... ... ... 18
Permeability .. 204
Perpendlcular Magnetisation ... 211
Phase:
Distortion ... — 86
Inversion 51
Shift . 86
Splitting 51
Phasing, Speaker _ ... .. 188
Physics of Music .. 15
Pi Section 109
Pinch Effect 196
Piston Effect 135
Pitch _. ... 11, 183
Plastic Tape 203
Plate ... 69
Plate Load . —_— 43

Plate Resistance ..
Playback Head Gap .
Playback Stylus ... . . 184
Plucked Instruments . .

Positive Feedback .._
Post-Equalization
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Power:
Amplifier 34
Output 63
Ratlo 96
Supplies, Eleclronlc i 89
Transformer ... ... ... 11
Pre-Emphasis S121
Pre-Equalization ... 121
Pre-Equalization Tape _..__._217, 218
Pressure-Gradlent Microphone __.__._ 166
Pulntln* 15
Push-Pull Ampllﬂcatlon ................ -~ 49
Radiator, Direct . oo 138
Rarefaction 136
Ratio, Power 96
Reactance Tube ... ... ... 132
Reciprocating Flare . ... .. 154

Record:
Faults .. . 200
Frequency ... 198
Groove Inspection ... . 197
Groove Spacing 183

Recording:

Constant Amplitude ... ... . 188
Characteristics ... .____..._120, 187, 193
Constant Velocity ... ... 189
Disc 179
Disc Material ... . 180
LP 183
Magnetic 203
Medium 213
Microgroove . 183
Process 208
Sound 179
Speed of Tape ... . ... ... 216
Styli 184
Systems, Tape ... ... 206
Vertical 180
Rectification 12
Rectification, Half-Wave . 13
Rectifler ... _. 34
Rectifler, Full-Wave .. 3
Reed Instruments .. 18
Reference Level, Standard 29
Reference Levels ... __ . __ - e 28
Reflex, Bass 141
Regeneration ... — 48
Regenerallve Feedback . B3
Fulatlon Voltage ... 1
ase Time 58
Reluclnnce 204
Remanence 205
Reproducing Stylf 184
Resistance- Coupled Amplifier . 65
Rexistance Coupling ... 42
Resistance Plate .. .. 63
Resistor, Bulldlng-om 108
Resonance ... 84
Resonance, Cone ... 139
Rexonator, Helmholtz . 143
Response, Transient ... 86
Ringing 86

Ripple:
Frequency
Percentage
Voltage ... ...
Roll Off ... .. ..
Sapphire Stylus ... 184
Saturation 47
Scale:
Chromatic - 17
Distortion 82
Minor 18
Tempered 17
Screen Grid ... —— 70
Section, M- Derlved 116
Sections ... 109
Self - Demagnetl:atlon . 215
Semitone Intervals .. .. 17
Sensitivity, Crystal Mlcrophone e 164




Series:

Equaliger, Full ... .. 136
Impedance ualizger __ . . 126
Impedance fd- e 110
Parallel Mixer 107
sShelf, Low-Frequency . ... 193
Shift, Phase 86
Shot Effect 93
Shunt
41
Equall:er Fall 126
lmpednnce. Mid- 110
Signal:
Excessive 50
To Noise Ratio ... ... .92, 120
Transfer, Layer to Layer ... 214
Sound

Behavior of .
Cell Type Mlcrophone
Chamber ___. R
Diftraction 8
Forms of ... ... 9
In Alr ..
Intensity of . ..
Level Calculation
Measurement of .
Nature of ... ...
Recording ..
Velocity of . ..

Sounds, Speech ...

Speaker:

Coaxfal ... .. 164
Cone -
Dynamic

Enclosures . S
Hl(h Frequency [

Pha‘alng

peec! R —
gpeegh ?ognds I
peed of Tape

Splitting, Phase

Squawker -
Stage of Amplification _
Standard Reference Level .
Stereophonic System 83

Styli, Recording and Reproduclng 184
Stylus:
Cutting .
Diamond . ..
Displacement
Feather-Edge
Playback _ ..
Sapphire ...
subharmonlcs
Subjective Tones .
T-Equalizer .. .. 125
-Pad . - 97
T-Section ... ... .. 109
Tape:
Demagnetization of ... . 208
Equalization .. 217
Frequency Chaucterlutlcs 216
Magnetic ... 213
Nolse . ... ... 208
Paper 214
Plastic . ... e —— —
Pre- Equallutlon “of . 217, 218
Recording Speed ... ... 216
Recording Systems ... 206
Thickness 214
Tempered Scale .. . 17
Thermal Agitation 94
Thermionic Emission 69

Tlmbre 12
p Up 120
'I‘Ip Up Characteristic e 192
Tone Arm Offset Angle e 184
Tone Control - 122
Tones:
Combination ... .. ... 88
Complex . 12
Subjective ... . 14
Tracking Error ... — 184

Transfer, Layer-to- i;ayer Slgnal ... 214
Transformer:

Acoustic ... .. 148

Coupled Ampllﬂer . - 45

Power - . T
Transient Response . 86
Transmission Curve ... 120
Transmission Unit 26
Transverse Magnetlsatlon [ 211
Triad, Major ... ... 18
Turntable

Turntable, Belt Driven

Turntable Motors
Tweeter [ —
Two-Pole Motor . e 180

Ultrasonic:
Bias . ... [
Bias Current ..
Bias Frequency

Uniform Filter ...

UUnit, Transmission

Variable Attenuators .. e 104
Variable Equalizers . ... . 130
Velocity:
Microphone .. 166
Microphone, Frequency Response
Curve — 168
Motor - — .S}
Response Curve, Dynamlc
Icrophone JE mg

Vertlcal Recordlng [
VI Meter - B B
Vibration, Zero -
Visual Groove lnspectlon

Voice Cofl o .
Voice Coil Force ..

Voltage:
Amplifier .. . 34
Conversion Factor 66
Divider . 79
Filament 70
Peak Inverse 5
Regulation ... 1
Ripple P 76
Volume:
Compression, Limiting and
xpansfon ... ... BB
Indicators 32
Indicator, Scope 32
Unit Meter 56
VU Meters 56

Wwarpifig of Disc ... ...
Watt

Waveform Dlstortlon -
Waves __ s
Waves. Complex
Whiskers . .

Zero level _ ...
Zero Vibration 16
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42—-HIGH-FIDELITY TECHNIQUES. A guide to
hi-f for those who want to get inlo audio. A
hondbook to help you get top perfoimance from
your equipment. If you like to work at high
fidelity, try new systems, then this informative
book is for you. 112 pages $1.00

43--MODEL CONTROL BY RADIO. Remote con-
trol of madel planes, boots, outes. Easy to
understand ond build. Completely covars theory
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theQry that e as eosy ‘o read 3¢ a novel
Describes *he action of radio ¢ireuits ‘n a quick-
to.gresp mar aer., ng wilr elensentasy, con.
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behind the construction of sweep and maorker
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Thoraughly illustrated with actual
224 poges.
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