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Preface

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

Since the first edition, the growth in audio engineering has made the revision a
mountainous undertaking, requiring almost two years of unrelenting endecavor. New
standards have been established, and the development of solid-state and integrated-
circuit devices has opened a wide vista not conceived ten years ago.

The pattermn of this edition closely follows the scheme of the first edition. However,
the book has been shortened to 25 sections. Section 26 of the first edition (Sterco-
phonic Recording and Reproduction of Disc Records) has been absorbed in other sec-
tions, as stereo Is » general part of the overal! picture and need not be treated as a
separate and distinct subject. The first edition received wlde acceptance and a large
market for it developed cutside the United States. Therefore the author has included
in this edition many {tems developed and manufactured in countries other than the
United States.

The question was once asked, “"Who remembers to bless the hands that miiked the
cow, when he eats the cheese?” As we enjoy the fruits of today's progress, we would
do well to remember men like Leon Scott, who in 1857 first scribed a sound wave,
using a stiff bristle attached to a diaphragm actuated by a hom. Between the years
of 1858 to 1862, Kocnig devoted a great part of his time to improving on Scott's inven-
tion and presented the results of his labors In London In 1862, which he termed
‘“Phonograms.” However, it remained for men like Edison, Berllner, and Johnson to
invent and develop the methods culminating in the cylindrical and disc records so
well known today. Valdemar Poulson, the Danish Edison, might be called the father
of present-day magnetic recording, and certainly Lord Rayleigh is the father of
acousties and its many phases, with Professor Wallace C. Sabine of Harvard Univer-
sity responsible for modern acoustics. It Is of interest to note that in 1711 John Shore
discovered the tuning fork, and in 1908 G. W. Plerce described in a paper, "A Simple
Method of Measuring the Intensity of Sound,” based on his work in measuring sound
intensities in auditoriums and of train whistles; thus was born the first sound-level
meter. All these men and many more, leave us forever in their debt.

Those of us who have been closely associated with the industry some 40 years more
or less, view with pride the progress that has been made. It is gratifying to observe
some of our original thinkIng and experiments becoming a reality with modern ma-
terials, components, and facilities. With this in mind, the author has included some
obsolete devices, which may still be in daily use, but mainly to offer information to
the experimenter. E.\"amples of this are the electret, which has been around for years
but is now being utilized as a microphone, and the fuel cell, discovered by Sir William
Grove in 1833, which is finding ils greatest application in the space age.

The author is decply indebted to the many engineers who have supplied informa-
tion for conwpiling this book, and to the many manufacturers who have freely fur-
nished photographs and technical data required to make this work a reality. Selection
of illustrations resolved into the problem of choosing items that would be typical
examples of a device, or in some instances where a manufacturer had included fea-
tures in an instrument that made it unique or of particular interest. The final selec-
tion was often difficult; today's market offers a wide variety of good cquipment.

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



lace Hamilton, of Trans-Canada Labceratories, Vancouver, B.C.; Mr. Jack V. Leahy, of
Radio Corp. of America; Mr. Frank E. Pontius, of Westrex Corp.; Mr. Michael Ret-
tinger, acoustical enginecr; Mr. Loren L. Ryder, of Ryder Sound Services; Mr, Ross H.
Snyder, of Hewlett-Packard Co.; and Mr. Waldon O. Watson, of University City
Studios; to mention but a few who made generous contributions. Also, the author is
indebted to the following societies for their journals and standards: Acoustical Society
of America; Audio Engineering Society; Electronic Industries Association: Institute of
Electrical and Electronic Engineers; Institute of High Fidelity; National Association
of Broadcasting; Society of Motion Picture and Television Engineers; and the United
States of America Standards Institute for their much-used reference sources. In addi-
tion, thanks to the publishers of the following: Audio; Broadcast Engineering; db, the
Sound Engineering Magazine; Electronic Instrument Digest; Electronics; Electronics
and Communications (Canada); Electronics World; Radlo Electronics; and Wireless
World {(England) for their cooperation. Special thanks are offered to my friend and
personal physician, Dr. Ronald McAdams, who indirectly contrihuted to this work.

The first edition of the Audio Cyclopedia has often been referred lo as “The Sound
Man's Bible.” If this name fits, the author offers this edition with the conviction that
it will serve even better.

Howaro M. TREMAINE,



Preface to First Edition

This book was prompted by the response to a series of lectures presented to naval
personnel by the author, in 1845, on “High Fidelity Sound Systems.” 1t is intended as
a practical engineering guide for the individual who has an understanding of elec-
tronics and destres to apply that knowledge to the recording and reproducing of sound.

In the pursuit of fidelity in sound recording and reproduction, numerous problems
have been encountered. While many of the problems have been overcome to a marked
degree and much credit is due the research workers whose efforts have thus far
advanced the art, a large number of problems stlll remaln to be solved.

The term “high fdelity” is often abused and loosely used, and equipment bearing
such a title assumes a great responsibility. Webster defines fidelity as “exactness, as
in a copy.” High quality sound systems require careful design and adequate test
equipment for their proper installation, adjustment, and maintenance.

The ultimate reproduction of sound waves is affected by many factors, cach con-
tributing its own particular type of distortion, which may be acoustical, electrical, or
mechanical. This distortion may manifest itself as [requency or pitch variations, har-
monic distortion, hum, or noise, and any or all of these factors may be interposed
between the original recording and the llstener.

An attempt has been made to compile sufficient data inte one book, In the form of
questions and answers, to synthesize sound systems generally, together with their
components and allied equipment, and the accepted methods of installation, testing,
and operation. Section 22, pertaining to test equipment, describes many pieces of
apparatus of different manufacturers. However, no evaluation of their individual
merits has been made, but their characteristics and operatlon are so described that
the audio engineer may readily determine which equipment will best meet his needs.

The various sections of this book cover the fundamental concepts of sound waves
and treat of their complexity, thelr hehavior, and the equipment associated with their
recording and reproduction. The illustrations offer workable circuits with practical
valnes. Section 3 discusses the devices used in the motion picture and recording in-
dustries for maintaining a constant speed and the control apparatus necessary to
achieve this end. Sections 5, 6, and 7, "Attenuators,” “Equalizers,” and “Wave Filters,”
include numerous devices and circults used for motion picture sound recording and
reproduction, which are equally adaptable to other types of recording and reproduc-
tion.

The improvement of sound mixers, from a simple two-position to an elaborate
hybrid-ccil design for motion picture rerccording, is described in Section 9. Audio
amplifiers are dealt with extensively in Section 12.

Motion picture projection equipment is discussed In Sectfon 19 from the stand-
point of the audic engineer,

Magnetic and optical Alin recording techniques are covered extensively in Sections
17 and 18 and will be of particular interest to those employed in both the motlon
picture and television industrics.

Section 23 discusses the techniques of audio frequency measurements, and Section
24, tbe techniques of installation, These two sections should appeal to the installation
and maintenance engineer because of their unusunl type of information.

Finally, Section 25, “General Information, Charts, and Tables,” contains much useful
data for ready reference, including many charts for simplifying mathematical design
procedures. Also, references will be found at the end of each sectlon.

The data within this hook is the result of over 30 years of experlence in audlo engi-
neering, particularly in the motion picture Industry. The author sincerely hopes the
material presented in this work will appeal to both the technician and the engineer.

I wish to extend iny appreciation to Dr. George K. Teffeau for his valued sugges-
tions and assistance in editing this book, to Messrs. Jack Laing and Glenn Osborn, as



well as to Miss Janice Snyder, for their assistance in making tests for the sections on
“Magnetic Recording,” and *Optical Film Recerding.” I also wish to thank the follow-
ing individuals, manufacturers, and publishers for making much of the data and
photographs available for publication.

Lt Col. James L. Gaylord, former Commander of the USAF Lookout Mt. Labora-
tory; Lt. Col. James P. Warndorf, present Commander; Mr. Walson Jones, RCA Victor
Division, Hollywood, Calif.; Mr. Ralph Wight, Westrex Corp., Hollywood, Calil,;
Mr. J. N. A. Hawkins, Motlon Picture Research Council; Dr. Oliver Read, publisher of
Radio and Television News; Mr, C. G. McProud, Editor and Publisher of Audio maga-
zine; Mr. Hugo Gernsback, Editor and Publisher of Radio Electronics magazine; Jour-
nal of the Society of Motion Picture and Television Engineers; Journal of the Institute
of Radio Engineers; Journal of the Audic Engineering Soeiety; and Journal of the
Acoustical Society of America. My appreciation also to the many other contributors of
data and information.

Howaro M. TREMAINE
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Note

In an effort to reach worldwide understanding In published scientific and technical
work, standardization of terms is essential, The Institute of Electrical and Electronic
Engineers ([EEE) standards committee has adopted a number of new standards of
electrical nnits and svmbols. These were established in close cooperation with many
intemational organizations.

Where standards are quoted, the information has been extrapolated for the cssen-
tial details given. The term recommended Is used to signify accepted industry prac-
tice and Is not necessarily a standard.



Section 1

Basic Principles of Sound

To the audio engineer, an understanding of the basic princlples and behavlor of
sound generation as well as the response of the human ecar, frequency ranges and
the levels that are encountered in daily life, especially when recording, are equally
as important as the understanding of electronic circuitry. New aspects of sound
may be observed with the application of white- and black-seund techniques.
Shown are the variations of the Fletcher-Munson curves developed by Churcher
and King and Robinson and Dadson of England, and by Pollock of the United
States. General phenomena associated with the generation and propagation of
sound waves such as the Doppler effect, units of measurement, terminology, equa-
tions, ranges of musical instruments, and peak powers are included in this scction.

1.1  Whot is the deflnition of sound?
—It is a wave motion propagated in an
elastic medium, traveling In both trans-
verse and longitudinal directions, pro-
ducing an auditory sensation in the ear
by the change of pressure al the car.

1.2 How are sound waves produced?
—By a vibrating body in contact with
the air.

1.3 Whot is the peak-to-peak am-
plitude of o wavelormP—It is the value
ineasured from the positive peak to the
negative peak. (Sce Question 25.149.)

1.4 Whot is a compressional wave?
—A wave in an elastic medium such as
alr, which causes an element of the
medjum to change its volume without
undergoing rotation.

1.5 What is a longitudinol wave?—
A wave in which the direction of dis-
placement at each point of the medium
is normal to the wave front.

1.6 Whot is a sheor waveP—A wave
in an elastic inedium which causes an
element of the medium to change its
shape without changing its volume.

1.7 Whot is a transverse wove?—A
wave in which the direction of displace-
ment at each point of the medium is
parallel to the wave [ront.

1.8 What is a plane wave?—A wave
in which the wave fronts are parallel
plancs normal to the direction of propa-
gation.
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1.9 Whot is a spherical wave?—A
wave in which the wave fronts are con-
centric spheres.

1.10 What is o cylindrical wave?—
A wave in which the wave fronts are
coaxial cylinders.

1.17 What is o beatP—A periodic
variation resulting from the superposi~
tioning of waves having different fre-
quencies.

1.12 What is a simple sound source?
—It is a source which radiates sound
uniformly in all directions under free-
field conditions.

1.13 What is direct-sound rodia-
tion?—Sound emitted directly from the
sound source without reflections or
echoes.

1.14 What is the cffective acoustic
center of on acoustic gencentor?—lIt is
the point at which the spherically di-
vergent sound waves, observed at a re-
mote point, appear to diverge.

1.15 What is considered to be the
audible trequency range? —15 Hz to
20,000 Hz.

1.16 What is noise? —A random
sound composed of many different fre-
quencies not harmenically related. If
noise Is of too great an intcns'lly, it will
inpair the intelligibility of speech and
music, reducing the listening pleasure.
The average dweiling has a nolse level
of about 40 dB above the threshold of
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hearing. {Sec Question 1.117.) The noise
level of a business office will rise to
around 55 dB, while an average factory
will indicate about 80 dB. Noise meters
{see Question 22.94) do not measurc the
true noise present, because of the com-
plexity of the waveforms. As a rule,
noise meters are equipped with filters
and weighting networks, to simulate
the human ear hearing characteristics
at different levels above the threshold
of hearing. Weighting networks are dis-
cussed in Question 2.93.

1.17 What are intrasonic frequen-
ciesP—Frequencies below 15 Hz.

1.18 Whot are uitresonic frequen-
ciesP—Frequencies above the audible
range of 20,000 Hz.

1.19 What gre supersonics?—A
term used in aerodynamics to denote
a velocity greater than the velocity of
sound.

The term supersonics was formerly
used in acoustical engineering to desig-
nate frequencies above audibility. The
term ultrasonics has now replaced the
former term supersonics.

The Installations are gencrally of
high power and operate above 20,000
Hz, although at times they may be
operated at a lower frequency.

1.20 Whot are macrosonics?—Mac-
rosonics are the utilization of high-am-
plitude sound waves for cleaning small
metal parts, drilling, emulsification,
soldering, plating, and the aging of alco-
holic beverages.
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1.21 Whot is the encrgy distribution
of human spcech?—The greatest energy
lies between 200 and 4000 Hz, falling
off quite rapidly beyond 6000 Hz. This
characteristic is shown in Fig. 1-21.

1.22 Whot does the term timbre
mean?—It is the characteristic quality
of a musical instrument which permits
It to be distinguished from another.
Timbre depends on the harmonic or
overtone structure of the instrument.
If the harmonics are removed by the
use of filters, all instruments will sound
similar, except for the pitch.

1.23 What is a transducerP—A de-
vice actuated by power from one sys-
tem and supplying power to a second
systern. The actuating power may be
electrical, mechanical, or acoustical. A
loudspeaker is a typical example of an
electroacoustic transducer.

1.24 What is a passive transducer?
—A transducer whose output waves are
independent of any source of power and
are controlled by the actuating waves.

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

1.26 Define the term octave.—An
octave is eight notes of a musical scale,
and is the interval between two sounds
having a basic frequency ratio of two.
It is also the pitch interval between two
tones such that one tone may be re-
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Fig. 1-21, Encrgy distribution of the human voice.
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garded as duplicaling the basic musical
import of the other tone at the nearest
possible higher pitch. An Interval in
octaves, between any two frequencies,
is the logarithm to the base two (or
3.322 times the logarithm to the base 10)
of the frequency ratio, The frequency
ratio corresponding to an octave pitch
interval is approximately, but not al-
ways exaclly, 2:1.

1.27 What is o scmitone, or half-

step?—The same as a half-tone or any
interval between two tones equal to the
12th root of 2.

1.28 Whot is a tonc?—A sound

wave capable of exciting an auditory
sensation and having pitch. A sound
sensation having pitch,

1.29 Whot is a chromotic scale?—

A musical scale in which the intervals
are all half-tones or semitones.

1.30 What is a scale of equof tem-
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perament?—A musical scale divided into
twelve Intervals. It is obtained by alter-
nating the tones from the exact fre-
quency of just intonation as a result of
reducing the number of tones per
octave.

These frequency ratios are 1, F, F,
Fi;, Fo . .. to Fi,, where F is the 12th
root of 2 and F.. equals 2. The scale
conslsts of 12 equal intervals, including
half-tones. In Fig. 1-30 is shown the
keyboard of a conventional 88 note
piano with the tones indicated in hertz.
A (440 Hz) is designated A, and the oc-
taves above A, are desipnated A., A,
and A:. The octaves below A. are desig-
nated A, A:; A, and A.. The lowest
frequency is A, or 27.5 Hz, The highest
frequency is Ca, or 4186 Hz. The interval
between the black and white keys is
100-cents, or an equally tempered semi-
tone. (See Question 1.31.)
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The complete spectrum is designated
by starting at C., 16.351 Hz (not shown),
the lowest frequency heard by the av-
erage human ear, and counting the
octaves above from: this frequency up
to C*, 16,744 Hz (not shown).

1.31 What is g cent?—An interval
between two frequencies whose fre-
quency Is the 1200th root of 2. 1200
cents equals 12 equally tempered semi-
tones.

1.32 Whot is pitch?—The property
of a2 musical tone determined by its fre-
quency and intensity. The higher the
frequency the higher the pitch. (Sece
Question 1.77.)

1.33 Whot is the American stondard
of pitch?—By agreement, all musical in-
struments manfactured in the United
States are standardized to a frequeney
of 440 Hz for the tone of A,. This corre-
sponds to the 49th key on a standard
88-note piano. (See Question 1.30.)

1.34 What is a mel?—A unit of
pitch. A 1000-Hz tone at a level of 40 dB
above the threshold of hearing is equal
to 1000 mels.

The mel scale of pitch is logarithmic
ahove 1000 Hz and approximately linear
below 1000 Hz. Any sound heard by an
auditor and judged to be "n” times that
of 1 mel is “n" mels.

1.35 Dctine the term microbar.—
The microbar is a unit of measurement
of sound pressure. One microbar is
equal to the sound pressure of 1 dyne

THE AUDIO CYCLOPEDIA

per square centimeter, or to a sound
level of 74 dB above the threshold of
hearing (0.0002 microbar). It is also
equal to approximately one-millionth of
normal atmospheric pressure. Normal
atmospheric pressure equals 1,013,250
microbars. One bar equals 10" dynes per
centimeter. At one time, the term bar
was used to mean 1 dyne per square
centimeter. This is no longer used. (See
Question 1.82.)

1.36 Define threshold of pain.—The
threshold of pain is the minimum value
of sound pressure of a given frequency
that will cause discomfort or pain to a
listener 50 percent of the time, as shown
in Fig. 1-36. Discomfort starts around
a sound level of 118 dB, if the frequency
falls within the range of 200 to 10,000
Hz. Actual pain starts around 140 dB in
the same frequency range. It is inter-
esting to note a sound level of 1 pound
per-square-foot is equal to plus 1476
dB; 1 pound per-square-inch to 170.8
dB; and 1 atmosphere to 1341 d¢B—all
being referred to 0.0002 microbar.

1.37 Whot does the term damping
mean?—It is the introduction of friction
or some other type loss, to reduce the
vibration of a moving body. Undamped
and damped waveforms are shown in
Fig. 1.37.

1.38 Whot is critical damping?—A
value of damping which will result in
the rnost rapid response possible with-
out overshooting or no indication of os-
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(z) Undamped.

[ —

{b) Damped.

Fig. 1.37. Undomped and damped

woveforms,

cillation, is referred to as critleal damp-
ing. It i1s the point of change between
aperiodie and periodic damping.

1.39 What is periodic domping?—A
system in which the damping is so great
that, if the system is subjected to a sin-
gle disturbance, it will come to rest.

1.40 What is operiodic domping?—
Aperiodic damping occurs when the
amount of damping is so large that if
the system is subjected to a single dis-
turbance, either constant or instanta-
neous, the system comes to rest without
passing through that position. While an
aperiodically damped system is not
strictly an oscillatory one, it has such
properties that it could become an os~
clllating system If the damping was
removed.

1.41 Define the term dync per
square centimeter—One dyne per square
centimeter is the unit of force used In
acoustical measureinents and is the
force that will give an acceleration of
one centimeter per second, during each
second it is operating, to a muss of one
gram. One million dynes per square
centimeter is equal to one bar. (See
Question 1.125.)

1.42 Whot is a bar?—A unit of
sound pressure equal to 10° microbars
or 10° dynes per square centimeter.

1.43 What is superpositioning?—
The combination of two or more fre-
quencies, or the superimposing of one
or more frequencies upon another fre-
quency. (See Question 1.11.)

1.44 What is o sine waveP—A wave
which rises from zero to maxlmum In
one direction, returns to zero in a cor-
responding, gradual, nonuniform man-
ner, reverses direction and falis below
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zero to an equal maximum, and returns
to zero again during one complete cycle.
A typleal sine wave development is
shown in Fig. 1-44.

1.45 What is o sinusoidol wave-
formP—An alternating current wave
which varies in proportion to the sine
of an angle. It is another name for the
sine wave described in Question 1.44.

1.46 Dcfine the terms cycles per
second ond hertz.—A complete turn of
events. For a sine wave, it Is the com-
plete sequence of the rise from zero to
maximum and return te zero, the rise
to maximum iIn the opposlte direction,
and the return to zero agaln, as shown
in Fig, 1-44,

ONE
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Fig. 1-44. Development of o sine wave.

The common term for measurements,
when dealing with frequency, was in
cycles per second, abbreviated ¢ps. In
1965, the term cycles per second was
changed to hertz in honor of Heinrich
Rudolph Hertz, an early German physi-
cist. One eycle per second is stated as
1 Hz; 1 kilocycle as 1 kHz; 1 inegacycle
as 1 MHz, ctc. Either tenin is used, but
hertz is preferred.

1.47 Whet is an alternation?—One-~
haif of a eycle. As an example; a 60-Hz
current hos 120 alternations per second,
siinilar to that shown in Fig. 1-44.

1.48 What does the term frequency
mean?—The number of cycles or vibra-
tions in a glven unit of time.

1.49 Whot is o wavelangth?—It is
the distance from a given point on one
wave to a corresponding point on the
next wave, regardless of the frequency.
Example: One wavelength in Fig. 1-44
is the distance from zero degrees to 350
degrees.

1.50 State the formula lor colculat-
ing the wavelength of sound in air.—Ex-~
periments Indicate the velocity of sound
in air, at any frequency, is approxi-
mately 1127 feet per second, 343.4 me-
ters per second, or 767.54 miles per
hour. The velocity will vary slightly
with changes In temperature, increas-
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ing about 1.1 feet per second for 1 de-
gree Fahrenheit, going from 1099 ft per
second at 32° F to 1130 fecet per second
at 70° F. The wavelength of sound in
air Is equal to the velocity divided by
the frequency in hertz. Example:
What is the wavelength of 40 hertz?

V 3434
A= T="w = 8.58 meters.
where,

V is the velocity of sound in air,
f Is the frequency in hertz, at 20° F.

The wavelength for various frequencies
in air may be determined from the
graph in Fig. 1-50. The graph is entered
at the lower edge for a given frequency
and followed upward to where it inter-
sects the diagonal line. Wavelength is
then read In feet from the left margin,
or in centimeters or Inches frem the
right margin.

1.51 Deline an eigentone.—Jt is a
resonance in an enclosure, caused by
the presence of parallel walls, which
causes the generation of standing wave-
forms. A room of cubical dimenslons
{(dimensions equal in all directions)
would have the same resonant frequen-
cies in all directions. This is why good
acoustical design does not employ par-
allel walls, and uses given ratios for
length, width, and height.

1.52 What Is o tundamental fre-
quehcyP—The principal component of a
complex waveform or the component
having the lowest frequency. Using the
physical definition, the fundamental
frequency is called the first harmonie,
F.. In musical terms, the first multiple
above the fundamental Is called the
first harmonic, F'. (See Question 1.57.)

1.53 Whot is an overtone?—A har-
monic of the fundamental frequency of
a complex waveform.

1.54 Whot is an odd harmonic?—
Any frequency that is an odd multiple
of the fundamental frequency, such as
1, 3, or 5 times the fundamental

1.55 What Is an even harmonic?—
Any harmonic that is an even multiple
of the fundamental frequency, such as
2, 4, or 6 times the fundamental.

1.56 What is o subhormonic?—Sub-
harmonics are obtained mathematically
by dividing the fundainental [requency
by the desired number harmonic. The
second subharmonic of 500 Hz is 250 Hz.

1.57 HMow are the hormonics of o
given frequency determined?—Any
specified harmonic may be determined
by multiplying the fundamental by the
number of the desired harmonic. Ex-
ample: The third harmonic of 100 Hz is
300 Hz. This is in physical terminology.
{See Question 1.52.)
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1.58 Whot are the characteristics of
the various octaves between 16 and
16,000 Hz?—The frequencies between
16 and 32 Hz are called the first octave
and are the frequencles in which the
lowest swell tones of an organ are
heard, and where the threshold of feel-
ing exists.

Frequencies between 32 and 512 Hz
are referred to as the second, third,
fourth, and ffth octaves. This is the
rhythm section where the lower and
upper bass frequencies are found. If the
response in the second and third oc-
taves is accentuated, the reproduction
will be reverberant and become objec-
tionable to the true music lover. With
the proper frequency response, the low
frequencies of the drums and piano will
be reproduced in their proper perspec-
tive.

From 512 to 2048 Hz are the sixth
and seventh octaves. If speech is limited
to this frequency range, it will have a
telephonelike quality, because the hu-
man ear starts to approach its maxi-
mum sensitivity around 2000 Hz and
continues up to 4000 Hz. If the response
of the sixth octave is accentuated with
respect to other parts of the frequency
response, the quality of reproduction
will have a homlike quality. Also, if
the response is increased between 1000
and 2000 Hz, the reproduction becomes
tinny. Over accentuation of both the
sixth and seventh octaves is one of the
causes of listener fatigue.

Aceentuating the eighth and ninth
octaves, 2048 to 8192 Hz, adds presence
to the program material and creates the
[lusion that a person speaking Is pres-
ent in the room. Within these frequen-
cles lie the labial and fricative sounds.
Labial sounds are those made with the
lips and fricative those cause by the
rustling of the breath as sound is
emitted by the mouth. As a rule, re-
cording systems are equipped with
equallzers for controlling the amount of
presence. (See Questions 6106 and
6.107))

The tenth octave occupies the region
between 8192 and 16,000 Hz. These fre-
guencies add brillance to the reproduc-
tion, reproducing the tinkling of bells
and the higher frequencies of the tri-
angle, cymbal, and other instruments. It
has been proved by exhaustive listen-
ing tests that for high quality repro-
duction of musie, the correet balance
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Letween the lowest and highest fre-
quencles is obtained when the highest
frequency multiplied by the lowest fre-
quency cquals 600,000,

Thus, a reproducing system with a
low frequency response of 40 Hz and an
upper frequency of 15,000 Hz will meet
these requirements.

1.59 Wheat is vibrato?—Frequency
modulation of a tone or the musical em-
bellishment of a tone. It is employed by
vocalists and musical artists to enhance
the presentation. The average rate of
vibrato is 5 to 7 Haz.

1.60 What is tremolo?—Amplitude
modulation of a tone. In an organ, the
tone is modulated by a mechanical de-
vice.

1.61 Whot do the terms consonance
and dissanance meon?—If two or more
tones are sounded simultaneously and
they are pleasing to the ear, they are
consonant; if displeasing, they are said
to be dissonant.

At times, the term mistuned conso-
nance may be used in contrast to beats
of nearly identical frequencies, which
are termed Imperfect unisons. The term
mistuned consonants refers to beats be-
tween a given frequency and another
frequency which is not quite in har-
monic relationship with the former,
such as 500 Hz and 1002 Hz.

1.62 What is @ chord?—A combina-
tilon of three to seven tones harmonli-
cally related and sounded simulta-
ncously.

1.63 Detine foudness.—It Is the in-
tensity of the sound stimulus and,
chiefly, a function of sound pressure.
However, it is also dependent on the
frequency and the complexity of the
wavelorm.

At times it may be advanlageous to
express the change in loudness in per-
centage. To do so, the level of the origi-
nal sound must be known. The graph
in Tig. 1-63A gives an approximate an-
swer for dlfferent values of the original
sound level. The tabulations in Fig.
1-63B were taken fram Fig. 1-63A, for
reductions of 6 and 10 dB.

1.64 How arc the wavefarms of pro-
gram material classified?—They are of
a complex nature and seldom of sine-
wave characteristic. Typical complex
waveforms are tllustrated In Figs. 1-64A
and B.

1.65 Describe the construction of a
complex waveform,—A waveform con-
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s'sting of a fundamental frequency and
its harmonics. or other frequencies,
superimposed. When a complex wave-
form is viewed on an oscilloscope, it
appears as shown In Figs. 1-64A and B.
The waveform In Fig. 1-64A is typical
of a symphony orchestra, whilec that in
Fig. 1-64B Is typleal of speech wave-

A A

Fig. 1-64A, Wavctorm of o symphony
archestro as vicwed an on oscilloscope.

Fig. 1-64B. A typicol spcech oscillogrom

showing the encrgy or omplitude of the

pesitive and ncgative peoks which are
not symmcericol.
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forms. It will be noted that nelther of
the waveforms is of sine-wave char-
acter. The speech waveform Indicates
considerably more amplitude above the
line than below; therefore, when trans-
mitting or recording such waveforms,
the system must be capable of trans-
mitting or recording the maximum am-
plitudes without overloading.

Because the maxirmum peaks arc 8 to
14 dB above the average level indicated
by a VU meter, it is necessary that this
be taken into consideration when sct-
ting up a recording channel, If this is
not done, serious overioad will occur.
This latter subject is discussed in Ques-
tions 10.27 and 10.28.

1.66 What is o partial?—A physical
component of & complex waveform. It
may be a frequency higher or lower
than the fundainental frequency, and
may or may not be harmonically re-
lated to the fundamental.

1.67 Define velume ronge.—It is
the diflerence In amplitude between the
softest and loudest passages in a re-
cording or a live pickup. In a recordlng
system, the signal-to-noise ratio of the
system determines the maximum vol-
ume or dynamic range ol that system.
For a live pickup, the volume range is
limited by the ambient noise level of
the recording studio and the system
noise combined (Flg. 1-67). Signal-to-
noise measurements are discussed in
Section 23.

! |
8 8
ifa. 3
L2 :‘g éU
¥ 43
AMBIENT §a 5
NOISE LEVEL OF e \Mlmw
STUOI0
NOISE LEVEL OF
SYSTEM

Fig. 1-67. The dynamic, or volume,

range of o recording system Is limited by

its own signal-te-neise rotie, and the
ambicnt noise level of the studia.

1.68 What is the range of the hu-
mon voice in cctaves?—When singing,
about two octaves; however, fcmale
voices have been known to cover a
four-octave range.

1.69 Whot is the effect of removing
the lower frequencics from the human
volce?—Because the greater portionh of
human speech intelligibility lies above
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800 Hz. the lower frequencies may be This relationship should set to rest
removed without affecting intelligibil- the contention that the decibel is used
ity. Removing the higher frequencles in acoustic measurements because the
reduces the inteliigibility to the point human ear responds to the intensity of
where speech becomes unintelligible. sound logarithmically. At no level is a
Articulation tests indicate that, when logarithmic characteristic indicated; ac-
freqnencies above 1550 Hz arc removed, tually, the loudness is approximately
the intelligibility falls off 65 percent. proportional to the sound pressure
The reproduction of speech may be ralsed to the 0.6 power,
limited to a bandwidth of 256 to 3500 1.71 What is the frequency ronge
Hz with a high degree of intelligibility, of o telephone system for the transmis-
For motion-picture dialogue recording, slon of speech?—For quality reprodue-
frequencies below 800 Hz arc slowly tion of the human voice, a telephone
rolled off to where 100 Hz is down 8 to receiver must exhibit good frequency
12 dB, with reference to 1000 Hz, The response across a bandwldth of about
midrange high frequencies urce accen- 3000 Hz, or from 200 to 3400 Hz. The
tuated 4 to 6 dB to add presence to the intensity of normal conversation, heard
speaking voice., This characteristic is at a distance of 3 feet, is on the order
shown graphically in Fig. 18-81. of 60 to 70 dB above the threshold of
1.70 Does the human cor hear ofl hearing. The frequency response for
frequencies with the same intensity?— a modern telephone receiver and for
No, the human ear is less sensitive at one manufactured in 1905 is shown in
both the lower and upper ends of the Fig. 1-71.
frequency spectrum, and this charac- 1.72 What is meant by an inhar-
teristic varies with both age and sex as monic frequency?—A frequency which
shown in Fig. 1-99A and Fig, 1-99B. is not a rutionai multiple of another
The human ear shows its greatest sensi- frequency.
tivity between 50¢ and 6000 Hz. As an 1.73 Whoat is instantaneous speech
example, at the lower intensitics, the power?—The rate at which sound en-
judged loudness of a 1000-Hz tone var- ergy Is helng radiated by a speech
ies approximately in proportion to the source at any given instant.
square of the sound pressurc. At the 1.74 What is peck speech power?—
higher intensities, the loudness varles The maximum value of the instanta-
approximately as two=thirds power of neous speech power within a given time
the sound pressure. interval,
oK 60
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manufactured In 1905, (Courtesy, Bell
Tclephone Record)

1.75 What is average speech power?
—The average value of the Instanta-
neous speech power for a given inter-
val

1.76 What arc equul loudness con-
toursP—A group of sensitivity curves
plotted for the human ear showing its
characteristic for different Intensity
levels between the threshold of hearing
and the threshold of feeling. These data
are often referred to as equal loudness
contours. The reference frequency is
1000 Haz.

The curves of Fig. 1-76A made by
Fletcher and Munson of the Bell Tele-
phone Laboratories, arc generally ac-
cepted throughout the sound Industry
as a basis for the design of devices con-
cerned with human hearing. The curves
given in Fig. 1-76B were made by
Churcher and King of England; those
in Fig. 1-76C hy Robinson and Dadson
also of England; and those of Fig. 1-76D
by Pollack of the United States. Al-
though these curves differ somewhat,
they all glve the same general informa-
tion, and are in fairly close agreement
with the Fletcher-Munson curves, ex-
cept for the diferences at the higher
and lower f{requencies. The dotted line
in Fig. 1-76C is the minimum audio fre-
quency (MAF) that can be heard by
the human ecar. The curves of Fig.
1-76D by Pollack were made in 1952
using relatively narrow bhands of ran-
dom noise,

Referring to Fig. 1-76A, it will be ob-
served that the contours are not equally
spaced, but generally converge at the
lower frequencics. This characteristic
causes a change in the quality of repro-
duced sound when the volume level is
changed. As an cxample: Consider a
systemn carrying two pure tones of equal
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loudness, 1000 Hz and 50 Hz. Let the
1000-Hz tone have an intensity level of
plus 80 dB (re 0.0002 microbar). Fol-
lowing this curve out to 50 Hz it indi-
cates that an intensity level of plus 85
dB is required to make the 50-Hz tone
sound as loud as the 1000-Hz tone, or a
difference of 5 dB. Assume now that the
gain of the system is lowered to where
the 1000-Hz tone has an intensity level
of plus 40 dB. By following this curve
out to 50 Hz, it can be scen that the in-
tensity must be increased to 72 dB to
equal the loudness of the 1000-Hz tone,
or an increase of 32 dB. It will be noted
that in lowering the level, the balance
between the low- and inlddle-range
frequencies has been destroyed, ard to
the ear It appears that the low fre-
quency responsc is lacking. This is the
principal reason for including a loud-
ness control in home reproducing
equipment, 1t also emphasizes the need
for establishing a monitor level in a re-
cording studio and maintaining it from
day to day to assure uniformity of pro-
duct. {See Question 5.65.)

Weighting networks used in sound-
level meters (sce Question 293) are
based on the Fletcher-Munson mea-
surements, bul modified to take into
account the random nature of a sound
field in an enclosure.

1.77 Why do sounds heard by the
human c¢at increase and decrease in
pitch as the intensity of the sound is
varied?—1t is caused by the nonlinear-
ity of the human ear. It has been de-
termined experimentally that the pitch
is related to the basilar membrane, a
delicate part of the cochlea, a spiral,
cylindrical tube forming the innermost
of the threc portions of the labyrinth
of the human car. Because of the struc-
ture of this membrane, the relationship
between pitch and frequency is not
exactly linear.

If the intensity of 100 Hz is increased
from a loudness of 40 ta 100, the pitch
will be decreased about 10 percent. At
a frequency of 500 Hz, the pitch will
be changed ahbout 2 percent for the
same increase of Intensity.

1.78 What Is a consonant?—A
speech sound characterized in enuncia-
tion by constriction of the breath chan-
nel. Letters such as P, G, N, L, R, and
W are called consonants.

1.79 Whot are sibilants?—High-
frequency sounds uttered with a hiss-
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ing effect. The letters S and Z and the
combinations SH, ZH, and CH are typi-
cal examples of sibilant sounds. These
sounds are a constant source of annoy-
ance to the recording engineer,

For motion-picture recording, sibi-
lant sounds are attenuated by the use of
a “de-esser” installed in a compressor
amplifier, as described in Questlons
18.89 and 18.91.

1.80 Whot is tha sound pressure one
foot from the mouth of o person speak-
ing in @ normal tone of voiceP—Approx-
imately one dyne per square centime-
ter. For a shout, the pressure may rise
to 10 dynes per square centimeter,
while a whisper may fall to 0.10 dyne
per square centimeter.

1.81 How does a typical speech
waveform appear on an oscilloscope?—
A typical waveform was shown in Fig.
1-64B. It will be noted that the ampli-
tudes of the positive peaks are greater
than for the negative peaks, because the
human voice is not of a true sine-wave
character.

1.82 Define the threshold of heor-
ing.—It is the sound level for a given
frequency that the average human ear
can just hear 50 pervent of the time.
The threshold of hearing is relative to a
sound pressure of 0.000204 dyue per
square centimeter, which equals 0.0002
microbar or 10-'* watt per square centl-
meter. (See Questions 1.35 and 1.41. The
point in space must be specified.)

1.83 What Is the dynamic ronge of
the human ear?—120 dB, or a ratio of
one {rillion-to-one. A high quality
magnetic-tape recording system has
only a dynamic range of 60 dB, or one
million-to-one.

1.84 What is an articulation test?—
A quantitative measurement of the in-
telligibility of human speech. The test
is conducted by reading selected sen-
tences to a group of listeners. A score
is kept by each listener as to the intel-
ligibility of each sentence, word, and
syllable. Such tests are used in the test-
ing of telephone and other communica-
tion equipment.

1.85 Whot Is the overage deflection
of the human ear drum for sounds of
different intensitiesP—The variation in
deflection is from 10 to 40 millionths of
an inch. -

1.86 How are ocoustic powers
added?—If the level is given in decibels,
it Is converted to power, added or sub-
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tracted as the case may be, and then
converted back to decibels.

1.87 How much must the Joudness
of o sound be increosed to make it sound
twice os loud to the human car—Physi-
ologists have devised a scale of loud-
ness, which rank-orders sound from soft
to loud in units of sones. The physical
quantity measured is the sound pres-
surc level. One thousand Hz is used as
a reference frequency, at a sound pres-
sure of 40 dB above the threshold of
hearing (0.0002 microbar); this is taken
to be 1 sone. Doubling the loudness is
equal to 2 sones. The relationship of
sones versus sound pressure is shown in
the graph of Fig. 1-128. At the low in-
tensities, the loudness of the 1000-Hz
tone varies approximately in proportion
to the square of the sound pressure,
whlle at the higher intensities it varies
approximately two-thirds power of the
sound pressure. (See Question 1.70).

1.88 If two tones of the same fre-
quency ond intensity ate sounded simui-
tancously, is the sound intensity twice
as loud as for o single tone?—No. The
overall level of intensity will only be
iucreased 3 dB. Fig. 1-88 is a chart
for adding acoustic powers. Assume two
tones, one plus 30 dBm and one plus
22 dBm, are to be added. What is the
acoustical power for the two, In deci-
bels? Since 30 dBm minus 22 dBm is a
difference of 8 dB, enter the chart at
the bottom for 8 dB and follow the line
upward to the intersection of the curve.
The value read at the left of the chart,
in this case 0.65 dB, is added to the
higher power. Thus, the overall level
for the two powers Is 30.65 dBm.

This chart may be used for adding
measured noise levels or for any prob-
lem of a similar nature.

1.89 What is a whole tone?—The
interval between two sounds whose
basic frequencies are a ratio approxi-
mately cqual to the sixth root of two.

1.90 Define velocity.—It is the time
rate of change of position. Unless angu-
lar velocity is stated, the term is under-
stood to mean linear velocity,

1.91 Whot is the velocity of sound
through solid materials?—

See Fig. 1-91.

1.92 Whoat Is the frequency range
through water?—From 2 Hz to 50 mega-
hertz (50,000,000 Hz).

1.93  Does the velocity of sound de-
pend on frequency?—No. The velocity
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Material Feet per second

Aluminum 16,740
Brick 12,500
Copper 11,670
Carbon dioxide 848
Glass 16,830
Iron 5130
Lead 4026
Pine (dlrection of grain) 10,300
Silver 8553
Water 4728
Steel 16,500

Fig. 1-91. Velocity of sound.

of sound is governed by the medium of
transmission, the temperature, and the
Intensity of the sound.

1.94 Show the atteanuation of high
frequency sound waves in air.—Sound
waves are affected by distance, humid-
ity, and frequency. The attenuation in
afr for several frequencles, at different
humidities, is shown in Fig, 1-94.

1.95 What is the decay rote of
saund?—The time required by a sound
to diminish from its original intensity
to the threshold of hearing, or one-
millionth of its original intensity.

1.96 How is decay rate measurcd?
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—Generally by an oscillator and an
automatle graphic recorder, {See Ques-
tion 22112, The recorder measures the
decay rate in milliseconds, The intensity
level at the end of a given decay period,
in decibels, is:
dB =10 I;Ogugl
where,

P, !s the origlnal intensity in watts,
P. the diminished intensity in watts.

1.97 Whot is the acccleration of o
sound wave?—The time-rate of change
of the velocity of the point.
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1.98 What is particle velocity?—It
is the velocity of a given infindtesimal
part of the medinm, with reference to
the medium as a whole, duec to the
sound wave. The unit of measurement
is the centimeter.

This relationship is shown graphi-
cally In Fig. 1-98. For example, to find
the velocity for a sound pressure of
3 dynes/cm? in water, enter the chart at
the lower left edge at 3 dynes, and fol-
low the vertical line upward until it in-
tersects the diagonal line for water;
read the velocity at the right margin
0.02 cm/second.

1.99 Show the hearing losses with
age for the human ear—~In 1939 The
Bell Telephone Laboratories conducted
tests at both the New York World's Fair
and San Francisco Exposition to deter-
miue the effect of age on the hearing of
the human ear. Over one-half million
records were made in five age groups,
10-19, 20-29, 30-39, 40-49, and 50-59. The
resuits of these tests are shown in Fig.
1-99A and Fig. 1-998. It will be noted
that the high-frequency loss is less with
age for women as compared to men;
however, this is reversed at the lower
frequencles.

1.100 What law does the growth
and decay of a musical instrument fol-
Jlow?—Generally, the exponential law

affecting the time required for a tone to
reach its fullest Intensity and then de-
creasc to a given level of intensity.

1.101 What is meant by the term
in phasep—The state or condition exist-
ing when two devices or sound waves
are in perfect synchronization.

1.102 Exploin the relaticnship of
acoustic power to the inteasity of sound.
—The Intensity of sound, independent
of its {requency, is proportional to the
average of the square of the pressure
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Fig. 1.99A, Typicol heoring lotses for
men. {Courtesy, General Radio Co.)
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‘taken over a complete pressure cycle.
Intensity is decfined as the power in
watts that Is transmitted across one
square centimeter of wavefront, per-
pendicular to the direction in which the
sound is traveling. The power of even
the most intense sound expressed in
watts is extremely small. The unit of
acoustical intensity is 10" watts per
square centimeter. This intenslty is
slightly less than the least intensity of a
1000-Hz tone whieh is audible to the
human car. Even a painfully intense
sound has the intensity of only 1/1000
watt per square centimeter. The square
root of the average squave (root-mecan-
square) of the sound pressure that cor-
responds to 107" watt per square cen-
timeter, is 0.0002 dyne per square centi-
meter. A dyne is the force equal to
1/980 of the weight of a gram. There-
fore, an rms sound pressure of 0.0002
dyne per square centimeter is equal lo
about two-millionths of a gram weight
per square centimeter. The intensity of
sound is generally expressed in 10
walt units, and sound pressure in 0.0002
dyne per square centimeter.

1.103 Define intensity and intensity
fevel.—As an acoustical device, the hu-
man_ear is unsurpassed In the range of
intensitles to which it will respond,
without Leing danaged, as well as In its
extremne sensitivity to faint sounds,
However, the ear is relatlvely insensi-
tive to changes In intensity. Roughly
speaking, the intensity of a sound must
be increased by approximately 26 per-
cent, in order for the ear to reglster a
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Fig. 1-103, Graphical plot showing the
relationship of intensity to inteasity
level.

change in the loudness sensation pro-
duced.

The graph in Fig. 1-103, illustrates
the relationship between intensity and
intensity level. The ordinates of the
points on the straight line are ten times
the logarithms of the numhers of the
horizontal scale. Thus, intensity level is
plotted versus intensity. The first ver-
tical scale corresponds to levels of in-
tensities from 1 to 10, the second from
10 to 100, the third from 100 to 1000, etc.
The graph may be extended to give the
Intensity level of any intensity by mul-
tiplying the intensity by 10, which raises
the intensity level by 10 dB. Thus, the
intensity level for 2.5 is 4 decibels; for
25 it Is 14 dB; for 250 it is 24 dB; for
2,500,000 it is 64 dB.

1.104 What is the relationship of
distance to the intensity of a sound
wave?—Sound in free space follows an
inverse-square law; that is, the inten-
sity of the scund varies as the sguare
of the distance. If an observer moves
to twice the distance from the sound
source, the intensity will decrease to
one-quarter the original intensity. If
the distance is Increased to ten times,
the intensity will be reduced to one
one-hundredth that of the original in-
tensity.

This rclationship exists because the
area covered by the sound wave in-
creases as the square of the distance.
The sound ecnergy is spread out over a
greater area; therefore, the energy Is
decreased inversely by the same
amount.

1.105 What is the relationship of a
sound wave ln air to o sine wave?—The
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energy of the sound wave in air is pro-
portional to the rms value of the sinc
wive.

1.166 What Is static pressure?—
The pressure existing in a medlum
when no sound waves are present. The
pressure is expressed in microbars.

1.167 Whaot is instantancous sound
pressure?—It is the total Instantaneous
pressure at a point minus the statlc
pressure at that point. Instantancous
sound pressure is stated in microbars.

1.108 Whot is the moximum sound
pressure? —The  maximum  absolute
value of the instantancous sound pres-
sure occurring durlng a given eycle,
stated in microbars.

1.109 What is peak sound pressure?
—The maximum absolute value of the
instantaneous sound pressure In a given
interval, stated In microbars.

1.110 What is eflective sound pres-
sure?—It is the mns value of the in-
stantaneous sound pressures, over a
given time Interval, at a given point.
In the case of periodic sound pressures,
the Interval must be an integral num-
ber of periods or an interval longer
than one period

1.111 How orc sound pressure lovels
stated?—The level, in decibels, of a
sound is 20 times the logarithm to the
base 10 of the ratio of the pressure of
the sound to the reference pressure.
Relerence pressures in common use are:

(a) 2 X 107* microbar,
(b) 1 microbar.

Reference pressure {a) is the one most
commonly used for the calibration of
microphones and sound level measur-
ing instruments.

1.112 What is the sound power of o
sourceP=The total sound encrgy radi-
ated by the source per unit of time. The
commonly used unit is the crg per sec~
ond, but it may also be expressed in
watts.

1.113 Whet is the dynamic range of
a full symphony orchestra?—From 20 dB
to 100 dB above the threshold of hear-
ing. The lowest level will be affected by
the ambient nolse level of the audi-
torium.

1.114 How ore sound pressures
meosured?—In microbars. Onc¢ micro-
bar equals a pressure of one dync per
square ccntimeter, or approximately
onc-milllonth of the normal atmos-
pheric pressure.
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1.115  What is a sympathetic vibro-
tion?—An undamped body set In vibra-
tion on a certain frequency by airborne
sound waves or building vibrations.

1.116 Whot are Fletcher-Munson
contours?—A group of ear characteris-
tics plotted with reference to frequency
and pressure, starting at the threshold
of hearing. These curves are illustrated
in Fig. 1-76A.

1.117 Show typical sound levels cn-
countered in daily lite.—~The sound lev-
els encountered in daily life are many
and vary over a large range of sound
pressures. In Fig. 1-117A are shown
typical overall sound levels referenced
to the threshold of hearing. Typlcsal
acoustic power levels for wvarious
sources are shown in Fig. 1-117B. These
latter levels bear no simple relation to
those shown in Fig. 1-117A.

It is generally more convenient to ex-
press the ratio between two sound pres-
sures In decibels. Since sound pressure
Is generally proportional to the square
root of the sound power, the sound
pressure ratlo for a given number of
decibels is the square root of the corre-
sponding power ratic. For example, if
one sound pressure s twice another, the
nwnber of decibels is 8; if it is 100 times
as great, it is 40 dB. Sound pressure can
also be cxpressed as sound pressure
level with respect to a reference sound
pressure. For airborne sound, this ref-
erence is generally 0.0002 microbar, The
definition of sound pressure level
(SPL) is:

SPL = ZoLog»W;’Oz =dB

where,

P is the root-mean-square sound
pressure In microbars.

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

1
0.00025 = 4000

20Log. 4000 = 20 x 3.60 = 72.0dB

A chart for converting decibels to
pounds per square inch rms pressure, or
vice versa Is given in Fig. 1-117C.

1.118 What effect does the non-
lincority of the human ear have on hear-
ing?—If a pure sine wave is impressed
on the human car and the intensity Is
increased, harmonlics of the fundamen-
tal frequency appear.
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Fig. 1-117 A, Typical overall sound levels encountered in doily life. The levels ore in
refercnce to 0.0002 microbar. (Courtesy, General Radio Co.)

Since the human ear is nonlinear,
maultiple tones cause the generation of
sum and difference frequencies thus
creating distortion (see Question 1.77).
Using a harmonic wave analyzer, New-
man, Stevens, and Davis were able to
detect the presence of 66 diflerent fre-
quencies in the electrical response from
the cochlea of a cat's ear, when stimu-
lated with 700 and 1200 Hz at a SPL of
30 dB above the threshold of hearing.

This indicates the complexity of the
ear and the great number of [requen-
cies generated for only the application
of two frequencies. As the number of

tones are increased, so are the sum and
difference frequencies. Thus, the num-
ber of frequencics generated by the ear
is tremendeous when listening to a full
orchestra, A table of frequencies gener-
ated by a cat's ear Is given In Fig. 1-118.
This phenomenon is termed gural har-
monics.

1.119 Whot effect does nonlinear
reproduetion have on the human earP—
Nonlinear reproduction induces har-
monics not present in the original pro-
gram material. If the high frequency
response s reduced, an Increase of dis-
tortion can be tolerated,
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Starting from a very low value of
distortion and slowly iIncreasing the
harmonic distortion will cause the third
harmonie¢ to become audible, at low
levels, with a value of about 1.25 per-
cent. The second harmonic may be in-
creased to approximately 5 percent be-

fore it becomes annoying, Reproducing
systems with a high-frequency cutoff of
6000 Hz may tolerate distortion up to
10 percent, while a system extending to
15,000 Hz can not tolerate over 2 per-
cent total harmonic distortion. A good
rule to follow is: Before increasing the
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Fig. 1-117C. Conversion chart, decibels to pounds per square inch.
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Response Response
in % of in % of
Frequency Fundamentels Source Frequency Fundamentals Source
100 20 3f, — 5. 3700 11 8f, — 5f
200 79 2fs—hh 3800 22 2fy + 24,
300 37 2fi — 3fs 3300 0.84 5fy = 3fs
400 0.58 4f, — 2f, 4000 0.47 4f = 1
500 4.0 fr—fa 4100 14 4f — 1.
700 100.0 ## 4200 06 6f:
800 33 3fi — 41, 4300 1.0 3t 4+ 4
900 1.0 3f:— h 4400 0.42 6f — 4f-
1000 13 2f, — 2f: 4500 23 3f, — 2f;
1200 160.0 fi 4600 1.0 Sfy = 2fs
1300 18 4, — 5f, 4700 042 $fs — f1
1400 3.1 2fs 4800 0.32 af,
1500 13 3f, — 3. 4900 0.33 s
1600 016 if: —fi 5000 2.1 3 — 2fa
1100 18.0 2}: e !: 5100 1.4 6f| = Sf.
1800 083 5f, — 6f: 5200 0.45 4f, — 2f,
1900 32 fo=f: 5300 0.2 5fi = fa
2160 11 3. 5500 0.38 iy — f
2200 32 3f, — 2f: 5800 0.67 T = 4f.
2300 0.17 56 — i 5700 0.97 3fi + 3£,
2400 30 2f 55800 033 Sf: 4 2,
2600 80 2f-4 1 6000 0.1 5f
2700 3.5 4f, — 3f. 6100 0.28 4 fi
2800 20 4f, 6200 0.45 i+ 2fs
2900 25 3, —f. 6400 0.37 1f: 4 3f,
3000 0.2 6f, — 6fa 6500 033 6fy — fa
3100 10.0 2h + f- 6600 Q.12 6fs 4+ 2f
3200 1.3 5 — 4f: 6700 0.25 St + f2
3300 12 .4+ H 6900 0.67 4 4 3f.
3400 13 i, — 2f: 7100 04 5fe 4 3h1
3500 0.2 5f- 7200 0.15 6f,
3600 18 3f, T600 0.3 4fs 4 4, |

Fig. 1-118. Sum and diffcrence frequencies measured from the cochlea of g cats cat,
when stimuloted by frequencics of 700 Hz (f,) and 1200 Hx (f,) (after Newman,
Stevens, ond Dovis).

frequeney range of any reproducing
system, reduce the harmonic distortion
to a negligible amount.

1.120 What Is the relotionship of o
fundomental frequency to its harmonics?
—A fundamental tone with its harmon-
ics up to an Including the sixth har-
monie, is shown in Fig. 1-120.

1.12) What is a free-ficldP—A
sound field free from reflecting sur-
faces, or sound In free space.

1.122 Whet s a node or nodal
point?—A point on a vibrating body
that is free from vibration, or a point of
zero potential in an electrical circuit,
with respect to ground.

1.123 What Is a nodol diogram?—
A diagram of a stretched diaphragm
showing the points of maximum and

P, ———— T,
Py e W
Fy '(—r\gi,)’g Hy
Po e~ Hy
‘sWu,
F§ = SR Hy,

Fig. 1-120. A ftundomental frequency
ond its harmanics.

minimum vibration for a given set of
conditions. Such patterns are made by
vibrating a diaphragm having a light
covering of sand on its surface. The
sand will assume a pattern indicating
the varlous points of vibration.
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Fig. 1-124, The Doppler cHect, showing how the frequency of o troin whistle s
affected os the train opprooches and recedes from the obscrver.

1.124 What is the Doppler etfect?—
The change in pitch of a sound heard
by an observer when the scund source
is In motion. An example of the Doppler
efllect will be noted when a train blow-
ing its whistle approaches an observer.
The sound appears to increase in loud-
ness and pltch. After passing the ob-
server. the pitch and intensity drop
quite rapidly until the sound fades out
completely,

The increase in pitch Is caused by
compressien of the sound wave as a re-
sult of the forward motion of the train

being added to the velocity of the
sound wave. Conversely, as the train
moves away from the observer, the
pitch dcereases because the speed of
recession is subtracted from the normal
velocity of the sound wave, resulting m
a lewer pitch. This effect is illustrated
in Flg. 1-124.

1.125 Decfine the term dyne—The
dyne is a unit of force used in acoustic
measurements. Approximately 450,000
dynes equal one pound of force, and
68,944 dynes per square centimeter
equal one pound of force per square
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™}
2 EESEY == ] 80
g, I
[ 10— -+ 70
g8 5
32 o e W — | -
w 5O — 4 — .0_.% %— al 4+ —ﬂ- -t 50
A il w
¢ afl
g so— L+ | 3 l 30
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Fig. 1-128, Sound pressure in dB versus sones.
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inch. One dyne will exert a pressure of
0.000036 ounce on a surface one centi-
meter square.

1.126 Whot ore the ocoustic pres-
sures generated in average mugsic repro-
duction?—About 0,005 to 240 dynes per
square centimeter,

1.127 What is mcant by the term
bone conduction?—Sound conduction to
the inner ear by the cranial bone rather
than by air to the car drum.

1.128 Deline the sone.—It is a unit
of loudness graduated in equal steps
and is used in the measurement of the
human ear characteristics. One sone is
equal to 10 microwatt per ¢entimeter
squared. The loudness of a 1000-Hz tone
40 dB above the threshold of hearing is
equal to one sone. A tone twice as loud
cquals two sones, and so on. A millisone
is one thousandth of a sonc and is often
referred to as a loudness unit. A graph
for converting decibels to sones and
vice versa is shown in Flg. 1-128.

1.129 Detine the phon.—The phon
is a unit for measuring the loudness
level of o pure tone {sometimes called
a loudness unit). Because the human
ear does not hear on a lincar scale, dou-
bling the Intensity of a sound does not
result in doubling the intensity of the
sound at the ear. A true loudness scale
would be one that doubles the sensation
at the ear when the Intensity of the
sound is doubled. Such a scale is the
loudness scale, Its unit of measurement
is the phon, with a reference frequency
of 1000 Hz.

A graphical plot of phons versus
somes appears in Fig. 1-129. A simplified
relation between loudness in sones and
the loudness level in phons has been
standardized intermationally (ISO/R131-
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1959), and is useful to the audio engi-
neer. The relation of sones to phons

may be expressed as:
-_I-ﬂ’
S=2z
where,
S is the loudness in sones,
P is the loudness level in phons.

This relationship is a good approxima-
tion to the psychuacoustical data but
not accurate enough for research on the
subjective aspects of hearing. For ex-
ample, given a loudness level of 81
phons, in the 41 column In the 80 row,
read 17.1 sones.

The loudness scale is employed by
comparing the intensity of a tone to the
reference frequency. Tones between 800
and 2000 Hz show little difference In
loudness. Frequencies that are between
2000 Hz and 8000 Hz show a slight loss.
Above a frequency of 8000 Hz, the in-
tensity decreases as the frequeney is
Increased.

Frequencies below 5@ Hz require the
intensity to be inereased 250,000 times
to make them equal in loudness to the
reference frequency of 1000 Hz. The
loudness level in phons of a sound is
numerically equal to the sound pres-
sure In decibels relative to 0.0002 mi-
crobar at 1000 Hz. A level of 40 phons
equals one sone, when referred to 0.0002
microbar.

1.130 What is
quency?—A frequency which is the di-
rect result of two other {requencies be-
ing sounded simultancously, and is the
sum of the two frequencies.

1.131
of mugicol instruments as compared to
the frequency ronges of the
voice, broodeast, and recording systems?

o summation fre-

What is the frequency ronge

human

Phons 0 +1 +2 +3
20 0.25 0.27 029 0.31
30 0.50 0.54 0.57 0.62
40 10 107 115 1.23
30 2.0 2.14 2.30 2.46
60 4.0 4.29 4.59 4.92
70 8.0 3.60 920 9.80
80 16.0 17.1 184 18.7
S0 32.0 343 368 394

100 64.0 68,6 T3.5 788
110 128 137 147 158
120 256 274 294 315

H 45 5 4T 4 49
.33 0.35 0.38 0.41 0.44 047
0.66 0.71 0.76 0.81 0.87 0.93
1.32 141 1.52 162 1.74 187
2.64 283 3.03 3.25 348 3.73
528 5.66 6.06 6.50 6.96 7.46
106 113 12.1 13.0 139 149
211 22.6 243 26.0 219 299
42.2 453 48.5 520 55.7 59.7
844 80.5 570 104 111 119
169 181 194 208 223 239
338 362 388 416 446 478

Fig. 1-129, Toble for converting phons to sones or vice versa. (Courtesy, Generol
Rodio Co.)
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Fig. 1.131. Frequency rangc required for recalistic reproduction of various sound
sources.

—A comparison of the frequency ranges
of the human wvoice, recording and
broadcast systems, and the human ecar
is shown in Filg. 1-131. The ranges
shown include the fundamental fre-
quencies and their harmonics, with the
frequency range indicated for faithful
reproduction. Some types of musical in-
struments gencrate noisc and subhar-
monics having frequencies below the
fundamental frequency. In some in-
stances the fundamental frequency is so
low in Intensity that it may be filtered
out without discerning any change in
the characteristics of the instrument.
The frequency ranges shown include
the more commonly used instruments,

1.132 What are the intensity levels
of musicol instruments used In on or-
chestra whea referred to the threshold
of hearing?

PUlES  sivcpns T cperdocer 60 to 100 dB
OG-0 % ki m pon srsse miesess oo 35to120dB
Bass drum ................ 35t0115dB
REOMBAL o Trwwsnd .. S i 55to 95dB
Yool o abcnisas veri....42t0 95dB
Tympani .................. 30t0110dB
Cymbal ........oo000u0. ...40t0110dB

The above are Intensities measured at
a distance of 10 feet from the instru-
ment.

1.133 What volue of sound velocity
is used in sclentitic moosurements?—For
scientific measnrements, the veloeity is
taken as 108742 feet per second, or 331.4
ineters per second, at a temperature of
0°C, with zero noisture content at a
pressure of one atmosphere. For sound
measurements the velocity is taken as
1127 feet per second, or 343.4 meters per
second, at a temperature of 20° C. (See
Question 1.50.) The speed of sound for
any given temperature is:

v 18 VEBT Y
- 16.52
where,

V is the speed of sound in feet per
second,

t is the temperature in degrees Cel-
sius..

1.134 Define the term liveness foe-
tor—This term Is associated with the
liveness or brilliance of an auditorium
or recording stage. Liveness is the
sound coming from the source and the
reflected sound that an observer hears.
The greater the reflected sound, the-
greater the liveness of the enclosure.

Liveness in recorded or radio sound
reproduction creates the illusion that
the program is coming from a large au-
ditorium. Liveness may be calculated:



34
1000 T’ D°
L= v
where,

T is the reverberation time of the en-

closure in seconds,

D is distance of the sound source

from the observer,

Y is the volume of the enclosure in

cuble feet,

1.135 What is an ocoustic shadow?
~—It is a region of reduced sound pres-
sure, caused by an ohstacle in the path
of travel of a sound wave. The size and
reduction in the intensity of the sound
will be governed by the slze and shape
of the obstacle and the wavelength of
the sound wave.

1.136 What is the trequency irreg-
ularity of an enclosure?—The irregular-
ity per one-cycle bandwidth expressed
in decibels per cycle.

1.137 What is the transmission ir-
regulosity of an caclosurc?—For an arbi-
trary band of frequencies, it is the sum
of the crest values in decibels, minus
the sum of the valley values, also in
decibels.

1.138 How much harmonic distar-
tion ¢can the human cor tolerate before
the reproduction becomes objoctionable?
—Experimental data indicate for the
modermn  reproduction, the latitudes
shown in Fig. 1-138.

1f the high frequencies are cut off at
2750 Hz, up to 15 percent may be tol-
erated, or about 48 percent intermodu-
lation distortion for the same cutofl
frequency.

Adequate phsychological tests have
not been made to determlne the amount
of intermodulation distortion the hu-
man ear will tolerate. However, it will
suffice to say, amplifiers having low
percentage of Intermodulation distor-
tion generally sound cleaner than those
having a comparable amount of har-
monic distortion. For high-quality re-
production, a reproducing system must
have less than 1 percent Intermodula-
tion distortion. (Sce Question 1,144.)

1.139 Whot arc the peok powers in
watts reached by instruments used in o
symphony orchestra?
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36-inch bass drum ........ 246 walts
15-inch cymbal ...... ..... 8.5 watts
Snare drum ............... 11,5 watts
Piano ..... it e By e 0.267 watt
Piecalo’ awsss . covommmss s oo (.084 watt
French hom .............. 0.053 watt
VMR o iy g 0.025 watt

As shown above, a bass drum will gen-
erate a peak power of 25 watts while a
violin will gencrate only 0.025 watt.
This shows the need for an amplifier of
considerable power for driving the
loudspeaker system, if the recorded
material is to be reproduced with real-
ism and low distortion.

To illustrate this point, if a bass drum
is struck simultancously with a vielin,
25 watts of power must be handled at
the low frequencles while reproducing
only 0.025 watt of power for the violin
in the higher frequencies. Both these
frequencies must be reproduced in their
proper perspective covering a fre-
quency range of 30 to 18,000 Hz.

Although u single diaphragm speaker
will have diffieulty reproducing this
type of program material in its true
form, it can be reproduced in a fairly
satisfactory manner.

The reason this extreme combination
of frequeneles and powers can be re-
produced st all is that the loudspeaker
diaphragm responds to different fre-
quencies over various areas of Its dia-
phragm, vibrating around the apex of
the diaphragnmy for the higher frequen-
cies while radiating the lower frequen-
cies from around the areas near the rim
of the diaphragm.

In this manner a single-diaphragm
type radiator is able to reproduce twa
or more tones of widely differing pow-
ers and frequencies, in more or less the
original relationship.

The foregoing discussion illustrates
why a multiple speaker system is de-
sirable, because each speaker in the
system Is confined to a given frequency
band. Thus, the greatest eflficiency Is
obtained from each spesker.

Music Speech
Acceptable 0.7 percent 0.9 percent
Tolerable 1.3 10 1.8 percent 1.9 t0 2.8 percent
Olbjectionable 2.0to 2.5 percent 3.0 t0 4.2 percent

Fig. 1-138. Latitudes in tolcrable harmonlc distortion.
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To smooth out the [requency re-
sponse where the loudspeakers cross
over, a crossover network is used with
a tapering cutofl frequency response.
This subject is discussed in detail in
Section 20.

1.140 What is white sound?—A
complex waveform in which the higher
frequencies get successively less In am-
plitude, with steep wavefronts similar
to a sawtooth waveform. White sound
includes all sounds perceptible to the
human ear. A sawtooth waveform con-
sists of a fundamental frequency and
even harmonics, while a square wave-
form includes only the [undamental
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Fig. 1-T141 A, Output of white-nolse gen-
crator without pink-noise filter.
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and odd harmonics. The sawtooth form
of sound is called white noise because
it is analogous to white Light.

1.141 Whot is pink sound?—White
sound was explained in Question 1.140;
it contained all frequencies perceptible
to the human ear. When the output of
a white-nojse gencrator is viewed on an
ascilloscope or a graphic level recorder,
it displays a rising characteristic of 3 dB
per octave, Fig. 1-141A. To bring the
response to an equal energy level (uni-
form output), a pink-noise filter, hav-
ing an inverse {requency characteristic,
is connected in the output of the signal
generator. If the output is now mea-
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Fig. 1-1418. Output of white-noise gen-
crator with pink-noise filter.
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sured, It will display a uniform output
signal, as In Fig. 1-141B, The signal is
now termed pink noise. The sole pur-
posc of the pink filter is for the con-
venience of measurement. The use of
random or white-noise generators is
discussed in Sections 22 and 23.

1.142 Whot Is black sound?—It is
a term used to denote inaudible sounds.
Audible sounds are often referred to as
white sound. This lattey term is not to
be confused with the term white sound
as described in Question 1.140.

1.143 Whot Is scolc distortion?—
When speech or music or both are re-
produced In an enclesure such as a
room, and at the same acoustic level as
the original program material, the re-
produced quality will be the same as
the oriplnal program material,

If the level of reproduction is low-
ered, a lack of both high und low fre-
quencies will be noted. In some in-
stances a loudness control may be used
to correct for this cffect Loudness con-
trols are discussed thoroughly In Ques-
tion 5.65.

1.148 Explain phasc shift, its
¢ouses, ond the omount that the human
ear ¢an tolerate.—Phase shift is caused
by the delaying of certain frequencies
of a complex waveform in its passage
through a sound systemn or device. The
greatest delay is generally at the higher
frequencies, particularly harmonics of
the fundamental frequency, and is in-
duced by the reactive components of
the device or systemn. If two lones are
applied simultancously to the input and
one tone arrives at the output hehind
the other, phuse distortion exists. How-
ever, phase distortion is relatlvely un-
linportant in a sound system, unless it
is great enough to produec a time delay
greater than 8 milliscconds at the high
frequencies and more than 15 millisec-
onds below 100 Hz. Phase shift in sound
systems is generally measured relative
to 1000 Hz. There is considerable dis-
agreement by engineers, as to how im-
portant phase distortion reatly is. (See
Question 1.138).

1.745 What is listening fatigue and
its cause?—The exact cause of listening
fatigue is rather vague; however, it Is
known that such fatigue is not caused
entlrely by harmonic distortion, be-
cause amplifiers having a high degree
of listening fatigue will show a low per-
centage of distortion.
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Experience indicates that amplifiers
with 1 percent or less harmonle distor-
tion have little effect on the listener. A
well-known authority has stated that
first order beatl-tone intermodulation
is of the greatest importance.

This type of distortion may be mea-
sured by applying two frequencies not
harmonically related to each other to
the input of an amplifier and then mea-
suring the sum and difference frequen-
cies at the output. Distortion due to sum

‘and difference frequencices is very an-

noying because of its nonharmonic re-
lation to the fundamental (requencies
of the program material.

1.146 Can sound be transmitted
without o medium?—No, This may be
demnonstrated by the classleal experi-
ment of placing un electric bell in an
ecvacuated chamber. If a good vacuum
is maintained, no sound will be heard
from the bell. If the alr is slowly iet
into the chamber, the bell will be heard,
faintly at first and, as more air is let
in, the sound of the bell will increase in
intensity, With normal atmospheric
pressure, the bell will be heard at its
norma! intensity. The above experiment
proves that sound requires a medium
for its transmijssion,

1.147 Whot is the minimum change
in sound level the humon car can detect?
—Psychologists have devised various
experiments to determine what changes
in level can be observed by the average
person with good hearing faculties.
Under laboratory conditions, when two
different levels are presented Lo the ob-
server, with little Ume delay between,
the observer can detect a difference of
025 dB for a 1000-Hz tone ot high lev-
els. Thls sensitivity to change will vary
with levels and frequency, but over the
range of most interest this differential
sensitivity Is about 0.25 to 1.0 dB. When
the observer is exposed to wide-range
random noise (white noisc) the de-
tected change is on the order of 0.05 dB,
for sound pressures of 30 to 100 dB
above 0.0002 microbar (threshold of
hearing). Under avernge conditions, the
minimum change likely to be detected
is 1.0 dB.

1.148 Deoflne an intertone.—When
the human car hears two tones of
nearly the same frequency sounded to-
gether, the ear does not recognize them
as separate {requencles, but as a single
tone. The pitch will lie between the two
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frequencies, and it is referred to as
iutertone.

1.149 Detine the term  Goussian
noise.—Thermal noise is present in ev-
ery component of an clectronic circuit,
and establishes a minimum noise level,
under ideal conditions. Thermal noise
is saild to be white noise and Gaussian,
White noise means it has equal power
distribution throughout the spectrum.
and Gaussian means that the Instanta-
neous magnitude is distributed in ac-
cordance with the law of probability,
propounded by Karl F. Gauss. (See
Question 1.140.)

1.150 Whot Is speed hearing?—It is
an electronic device, developed by R. H.
Miller of the Bell Telephone Laborato-
ries, which allows hearing of recorded
speech at word rates comparable to
speed read!ng. This device uses a har-
monic compressor, and has been given
to the American Foundation for the
Blind. This compressor divides into half
the frequency components (harmonics)
in a voice recording, while preserving
the original time duration. By the dou-
bling of the half-frequency recording,
the frequency components are restored
to their original values, resulting in
normal pitch for a double-speed re-
cording.

The operating principle of the har-
monic compressor is as follows: Speech
is fed into a bank of 36 bandpass fllters,
which separate the speech into different
frequency components. Output from the
filters is fed into 36 frequency dividers,
which have the frequencies of the nar-
row-band signals. The halved-fre-
quency is fed to networks which re-
move distortion and combine the 36
halved signals into one, where the fre-
quency components are one-half the
original Input values. This harmonically
compressed signal is then recorded on
magnetic tape where, by doubling the
speed, its halved-frequencies arc re-
stored to thelr original values. Thus the
syllabic rate is doubled, without dou-
bling the pltch of the speech.

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

1.151 What is o voice print?—It is
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a system developed by Lawrence G.
Kersta of Bell Telephone Laboratories,
for the positive identification of volces,
and is similar to the taking of finger-
prints. Because ecach individual devei-
ops his own approach to the pronounci-
ation of a given word or sound, and is
influenced by the physical characteris-
tics of the vocal cavities and vocal
cords, volces can be identified. It is
claimed that over 37 percent accuracy
was achieved in 50,000 voice prints by
this system of Identification.

1.152 Con decibels be added or sub-
tracted directly?—No, being a logarith-
mic value, they cannot be added or sub-
tracted dlrectly. To simplify such oper-
ations, the graph in Fig. 1-152 may be
used. To add decibels, the graph is en-
tered at Numerical Difference Betweeu
the Two Levels Being Added. Follow
the line to its intersection with the
curved line, then read the Numerical
Diflerence Between Total and Larger
Level. Add this value to the larger level
to determine the total level. As an ex-
ample, assume 75 dB and 80 dB are to
be combined; the difference ks 5§ dB.
The 5 dB line intersects the curved line
at 12 dB on the vertical scale. Thus,
the total value is 80 4 1.2 or 81.2 dB.

To subtract decibels, enter the graph
at Numerical Difference Between Total
and Larger Levels, if the value is less
than 3 dB. If the value Is between 3 and
14 dB, enter the graph at Numerical
Difference Between Total and Smaller
Levels. Follow the line corresponding
to this value to its intersection with the
curved line, then either left or down-
ward read Numerical Difference Be-
tween Total and Larger (or Smaliler)
Levels. Subtract this value from the
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total level to determine the unknown
level. As an example, subtract 81 dB
from 90 dB; the dilference is 9 dB. The
9 dB Line Intersects the curved line at
08 dB on the vertical scale. Thus, the
unknown level is 90 minus 08 or 894
dB.

1.153 What cttect doos background
nalse have an acoustic measurements?—
Assume a recording stage is being mea-
sured, with a ventilating system in op-
eration. How much noise does the ven-
tilating system contribute to the over-
all noise level? Two measurements are
made, one with the system on and one
with it off. To ascertain how much the
ventilating system contributes, the
graph In Fig. 1-152 may be used.

The stage without the ventilating sys-
tem measures 33 dB (using a sound
level meter) and with the ventilating
system operating, 37 dB. The diffcrence
is 4 dB. Referring to the chart and en-
tering the bottom at a value of 4 dB,
following the vertieal line to where it
Intersects the curved line, at the left
margin is read 22 dB. This value Is
subtracted from the total measurement
(37 dB)} leaving a total nolse level of
34.8 dB. Therefore the SPL is only In-
creased 22 dB when the ventilating
system is In use.

1.154 Define the term G.”—The
quantity “G” Is the uacceleration pro-
duced by the force of gravity, which
varies with latitude and clevation of
the point of observation. By interna-
tional agreement, the value 980665
cm/sec’ equals 386.087 in./scc’ equals
32.1739 ft/scc®, has been chosen as the
stundard acceleration of gravily.

1.155 What is the relotianship be-
tween scund pressure fovel (SPL) and
acceleration in G's?—A table of sound
pressure levels (SPL) In dccibels {re
0.0002 microbar) relative to the acceler-
ation In G's is given in Fig. 1-155.
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Level  Accel Level Accel
in dB in G’s indB inG's
44 000398 92 0.100
45 000447 23 112
46 000501 94 126
47 000562 a5 141
48 000631 96 159
49 000708 a7 178
50 000794 98 200
51 000891 99 224
52 00100 100 251
53 00112 101 282
54 00126 102 316
3% 00141 103 355
36 00159 104 398
57 00178 105 447
58 00200 106 .501
59 00224 107 562
60 00251 108 631
81 00282 109 108
62 00316 110 194
83 00355 111 9
o4 00398 112 1.00
65 00447 113 1.12
66 00501 114 1.26
67 00562 115 14
68 00611 116 159
69 00708 117 1.78
70 00794 118 2.00
n 00891 119 2.24
712 0100 120 2.51
73 0112 121 282
74 0126 122 316
15 0141 123 355
76 0159 124 3.98
77 0178 125 447
18 0200 126 5.01
7 0224 127 562
80 0251 128 6.31
81 0282 129 7.08
82 0316 130 7.94
83 0355 131 LK)
B4 0398 132 10.0
85 0447 133 112
86 0501 134 126
87 0562 135 141
88 0631 136 159
89 .0708 137 178
S0 0794 138 20.0
91 0891 139 224
140 251

Fig. 1-155. Relationship of sound pres-
sure level (SPL} and occeleration in G's.
(Courtesy, General Radia Co.)
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Section 2

Acoustics, Studio
Techniques, and Equipment

While acoustical engineering is a science within itself, it plays an important role
in the daily routine of the audio engineer. This section sets forth the basic prinel-
ples of acoustics, as applied to sound waves in open alr or enclosures. It also deals
with treatments of rooms and stages used for recording and reproduction, re-
verberation characteristics, noise reduction coefficients of acoustic materials,
and the shape of enclosures for optimum characteristics. Design factors are given
for dubbing and looping stages, soundlocks, monitor rooms, projection facilities,
reverberation chambers, and auxiliary equipment, diffusers, fats, microphone
booms, tempo regulators, and synthetic reverberation units. Techniques for set-
ting-up stages, and microphone placement for small intimate groups or large sym-
phonic orchestras are discussed. Explanations of anecholc and reverberant cham-
bers, Rayleigh disc, Helmholtz resonator, weighted curves, ambiophonic reproduc-

tion, wave trains, sound power, and sound levels arc given.

2.1 Decfine the term acoustics~It is
a science dealing with the production,
effects, and transmission of sound
waves; the transmission of sound waves
through various mediums, including
reflection, refraction, diffraction, ab-
sorption, and interference; the charac-
teristics of auditorium, theaters, and
studios, as well as their design.

2.2 Define ocoustic impedance.—Ilt
is the force per unit area on a given
surface of a sound medium divided by
the flux through that surface. Expressed
in ohms, it is equal to the mechanical
impedance divided by the square of the
surface. The unit of measurement is the
acoustic ochm.

2.3 Define acoustic ohm. — A unijt
of acoustic resistance. It is equivalent
to a sound pressure of one dyne per
square centimeter producing a volume
velacity of one cubic centimeter per
second. It is also used when referring to
acoustic impedance or reactance.

2.4 What are the preferred frequen-
cies far acoustical measurements?—In
January 1960, The Acoustical Soclety of
America sponsored the USASI(ASA)
Standard S$1.6-1960, covering the fre-
quencies recommended for acoustical

measurements. These frequencies are
given in Fig. 2-4 and the order of pref-
erences is indlcated by the size and
style of type. It will be noted that the
order frequencies used for measure-
ments, such as 256, 512, 1024, cte., have
now been changed to 250, 500, 1000 Hz,
etc,

Frequencies for use with bandpass
filters are also given and are geometric
center frequencies of the bands. For
example, the lower and upper cutofl
frequencies for an octave band filter
centered on 8000 Hz are, respectively,
5600 Hz and 11,200 Hz, these being the
preferred frequencies in the series of
half-octave intervals. For certain mea-
surement purposes, it may be conven-
fent to depart slightly fram the regular
geomelric series in order to obtain the
nearest round-number approximation.

For audiometry, {see Question 22.42)
in addition to actavely spaced frequen«
cies, such as 1000, 2000, and 4000 Hz, the
frequencies 3000 and 6000 Hz have been
used rather than 2800 and 5600 Hz or
3150 and 6300 Hz.

2.5 Whot is an ocoustic labyrinth?
—A speclally designed baffte arrange-
ment for use with a loudspeaker to re-
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I 172 143
Octave

Preferred 1 1/2 1/3 Preferred
Frequeneles  Octave Frequencies
16 X X X 160
18 180
20 X 200
2.4 X 224
25 X 250
28 280
315 X X X s
35.5 355
40 X 400
45 X 450

50 X 500
56 560
63 a XX 630
71 710
80 X 800
90 X 900

100 X 1000
112 1120
125 X4 $X¢ B 1250
140 1400
160 X 1600
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1600
1800
2000
2240
2500
2800
3150
3550
4000
4500
5600
5600
6300
7100
8000
9000
10000
11200
12500
14000
16000
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Fig. 2-4. Table of preferrcd frequencies in He, ot various intervals, for acoustical
meosurements and for ccnter frequencies of fHlter possbands.

inforce the low-frequency response and
prevent cavity resonance. Such a device
is shown in Fig. 20-66.

A labyrinth is not always In the form
of a baflle, but could be o tube filled
with hair-felt, as Is sometimes used in
microphones.

2,6 What is an acoustic line?—An
acoustlc equivalent of a sound chamber
at the rear of a loudspenker.

2.7 What is acoustic responsc?—It
is a measurement of the reverberation
c¢haracteristics of an enclosure, which
might be an auditorium or stage.

2.8 Whot is an acoustic pickup or
sound box?—A nonelectric pickup for
reprodueing disc records. A necdle or
stylus is connected by mechanical link-
age to a mica or dura] diaphragm. Flex-
ing of the diaphragm, caused by the
movement of the needle in the sound
track of the record, disturbs the air in
a horn to which the sound box is cou-
pled. Movement of the air in the horn
produces sound waves which are heard
by the ear.

2.9 Whot is an aceustical cquolizor?
—A small metal tube at the rear of a
niicrophone to releasc the pressure be-
hind the diaphragm, thus preventing
mechanical distortion of the diaphragm
which would, in tum, produce electrical
distortion.

2,10 What Is gcoustic treatment?—
The application of acoustic or sound-
absorbing muterial to a room or en-
closure to obtain the desired acoustic
characteristics.

2,1! What is an ocoustic fcedback?
—An audible howl or singing noise
caused by sound waves feeding back
from a loudspeaker to a microphone. It
is generally caused by placing a loud-
spcaker too close to a microphone,
Acoustic feedback can also be caused
by sound leaking through air duets.

2,12 Whot Is meant by the term
“a brilliant stage’’P—A stage in which
the high frequencies predominate. Such
stages are also referred to as being live
or hot. This characteristic Is caused by
hard or reflective surfaces of the stage,
such as ceilings. walls, floors, ete.

2.13 Define the term nolse-reduc-
tlon coefficient.—It is the attenuation
afforded by the acoustic treatment in an
enclosure by the materials involved. In
computing the reverberation time of an
auditorium, stage, or theater, the ab-
sorption coefficients at a single fre
quency of 500 Hz is used (originally 512
Hz was used). In rating the eflective-
ness of absorbents in the reduction of
room nolse, the average coefficients of
frequencies of 250, 500, 1000, and 2000
1z are used. The average is then ternined
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the noise-reduction coefficient or NRC.
(See Question 24.)

2,14 Whot is the effcct of a high
ambient noise level on human beingsp—
Workers become lrrilable and fatigued;
also, permanent injury to the hearing
may resuylt.

2.15 Whot frequencies are most an-
noying to the human being?—Frequen-
cies above 2000 Hz.

2.16 What is o ftlutter echo?—A
multiple echo in which the reflections
occur in rapld succession. If the echo
is periodic and in the audible range, it
Is referred to as a musical echo.

2,17 What does the term "‘tubby’’
mecon?—Reproduction lacking in defini-
tion, or an sccentuation of the low fre-
quencies resulting in a barrellike re-
production.

2,18 What is a dead room?—One
in which an overamount of sound-ab-
sorbing material has been used so that
most of the high frequencies are ab-
sorbed. The reproduction from & room
of this type will be dull and lacking in
presence.

2.19 What does the term “hang-
over’ mean?—Acoustically, it is unde-
strable reflections causing excessive
echoes. In an amplifizr, hangover Is
caused by a low internal damping fac-
tor. (See Question 12.177.)

2,20 What is moskingt—The In-
ability of an auditor to hear certain
sounds because of the presence of other
sounds. Masking is most noticeable at
the higher frequencies.

2.21 What takes ploce when o
sound wave is reflected?—When a sound
wave is traveling through a medium
such as air and encounters another
medium such as waler, cold air, or a
solid object, and the second medium is
larger in comparison to the wavelength
of the emitled sound, part of the sound
is reflected back from the object in a
manner similar to a beam of light. The
balance of the sound is absorbed into
and transmitted by the second medium.

If the sound wave sirikes the second
medium at an angle, a large part wil!
bounce off and will be reflected at an
angle which is exactly equal to the
angle of Incidence. See Fig. 2-21A 1If
the emitted sound wave is In an en-
closure similar to that shown in Fig.
2-21B, an obsecrver situated as shown
will hear reflected sound as well as the
direet sound from the sound source.
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Fig. 2-21A. Reflected sound.
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Fig. 2-218. Rctlected ond direct sound
in on enclosure,

Reflected sound has the effect of in~
creasing the Intensity, causing out of
phase conditions, and adding reverbera-
tion. All of the above cflects vary with
the acoustical treatment of the enclos-
ure. If the reverberation is excessive,
the intelligibility iIs reduced.

2.22 What is confusion or scottes-
ing?—The jumbling of sound waves re-
sulting from interference caused by
objecls in the path of transmission
producing unintelligibility.

2.23 Dcfine interference.—Interfer-
ence is caused by sounds coming from
different directions, or by reflection and
mixing with the original sound. Under
such conditions, the intensity of the
sound may be increased or decreased,
depending on the phase relationship of
the waveforms at any given instant.

2.24 Whot Is rarefactionP==The
state of being less dense. The opposite
of compression.

2.25 Detine diffraction. — When
sound encounters an object in ils nor-
mal path of travel, it bends around the
object, causing eddy currents behind
the object. This is diffracted sound. Low
frequencies bend around an obstacle
more casily than high frequencies. This
phenomenon is also called scattering.

2.26 What is refraction?—]t is a
change in the direction of a sound
wave, caused by the nature of the me-
dlum of transmission. This can be
caused by air temperature, since the
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Fig. 2-26. Incidence, reflection, obsorp-

tion, and transmission of aq sound wave

striking a flat surfoce. The term re-

fracted is also applied te the transmitted

sound wove because of its change of
direction.

velocity of sound increases as the tem-
perature increases. Refraction also takes
place when a sound wave strikes a sur-
face such as water or a wall, as shown
in Fig. 2-26.

2.27 What is the angle of relfroc-
tion?—The angle measured between a
perpendicular erected at the point of
contact with a surface and a wave, ray,
or beam refracted from that surfacc,

2.28 What is dispersion?—The scp-
aration of a complex sound wave into
its frequency components, caused by a
change in velocity. This action is analo-
gous to sunlight being passed through
a prism. (See Fig. 2-28.)

2.29 What Is acoustic absorptivity?
--The ratlo of sound energy absorbed
by the surface of a given material to
that which arrives at the surface from
the source. A porous material will
break up a wave train, slow the waves
down, and, finally, absorb them. The
action is siinilar to water on blotting
paper.

2.30 What standard is used for
comparison when rating the coefticient

SUNUIGHT

Fig. 2-28. Dispersion of sunlight through
aQ prism.
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of obsorption of ocoustic materials?—
One square foot of air, free from re-
flections.

23! is the absorption cocklicient of
ocoustic materlals the same for all fre-
quencies?—No. It is not constant and
varies with frequency and the angle of
Incldence. Generally, the data given for
acoustic materials are for a frequency of
500 Hz. However, data for other fre-
quencies are available from the manu-
facturer of the materlal. A table of ab-
sorption coefficients is given in Question
2.32.

2.32 Whot are the absorption co-
efficicats for goncral building moterials
aend furnishings?—See Fig 2-32.

2,33 What is a sabin unit?—A unit
of absorption equivalent to the absorp-
tion of 1 sq. ft. of surface which will
absorb all inecldent encrgy. The unit is
named for Its originator, Wallace C.
Sabine.

2,34 Detine the term reverberation
period.—It is the time required for a
sound in an enclosure to dic away to
one-millionth of its original intensity,
or decrease 60 dB. The reverberation
time of any enclosure may be calcu-
lated by the formula:

V x 0.049
T=""4s
where,

T is the reverberation time in sec-
onds,

V is the volume of the enclosure in
cubic feet,

A is the average absorption coeflicient
of the enclosure,

S is the total surface area in square
feet.

Reverberation is the persistence of
sound within an enclosure after the
original sound has ceased. Reverbera-
tion may also be considered as a series
of multiple echoes, decreasing in inten-
sity, so clasely spaced in time as to
merge into a single contlnuous sound
and eventually be comnpletely absorbed
by the treatinent of the enclosure and
to o degree, by dissipation of the cnergy
into the air. However, this latter factor
is generally lgnored and only the wall
treatment is considered.

If a loudspeaker is placed in a room
and a continuous frequency applied, a
wave train will be built up, spreading
in all directions. Upon striking the
boundaries of the room, the wave train
Is partially absorhed and partially re-
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Coefficients
250 560 1000 2004 4000
Hz H:z H:z H:z Hz

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

Wooden pews occupied, per sq. ft. of

Chairs, metal or wooden, seals un-

Mazerial

[Brick: unpglazed. .. .ocicn . e 0.03
[Carpet, heavy on concrete .......... 0.02
Carpet, with latex backing on 40-oz

hairfelt of foam rubber ........... 0.08
Concrete block, coarse ............. 0.36
Light velour, 10 oz per sq-yd in con-

tact PRI o bt s m s 0.03
Concrete or terrazo ................ 0.01
o0, sasicnisanssapasss e 0.15
Glass, large heavy plate ........... 0.18
Glass, ordinary window ........... 0.35
Gypsum board, nailed to 2 by 4 studs

on 16-inch centers ............... 0.29
Plaster, gypsum, or lime, smooth fin-

ish on tile or brick .............. 0.013
Plywood, 3-inch ...........cc00v0e 0.28

seats, per sq. ft. of floor area .... 0.44
i T S O —— 0.57

OCCUNIGA,  muyes s § ud vullss o saids 015

003 0.03 ¢.04 0.05 0.07
0.06 014 0.37 0.60 0.65

0.27 0.38 0.34 0.48 0.63
0.44 031 0.29 0.39 0.25

0.04 0.11 017 0.24 0.35
0.01 0015 0.02 0.02 0.02
0.11 0.10 0.07 006 007
0.06 0.04 0.03 0.02 0.02
0.25 0.18 012 0.07 0.04
0.10 0.05 0.04 0.07 0.09
0.015 0.02 0.03 0.04 0.05
022 017 0.03 010 o1l
— — — 23 7.2
0.54 0.60 0.62 0.58 0.50
0.61 0.75 0.86 0.91 0.86

0.19 0.22 0.39 0.38 0.30

Coefficients above were obtained by measureinents in the laboratories of the Acou-
stical Materials Assoclation. Coefficients for other materials may be obtained from

Bulletin XXII of the Association.

Fig. 2-32. Absorptian coefficients for ditfcrent maferials.

flected not once but hundreds of times.
Thus, the average intensity of the sound
is built up to a steady state. in which
the rate of ernlssion just equals the rate
of absorption at the boundaries. This in-
dicates that time Is required to set the
body of air in an enclosure in motion.

If the source of sound is now cut off,
the sound does not cease immediately,
but generally dies away. The average
intensity at any one instant decreases
at a rate which Is proportional to the
average inlensity at that instant, This
indicates the logarithm of the average
intensity Is decreasing at a uniform
rate, or the drop in intensity level ex-
pressed in decibels is proportional to
the time measured at the instant of cut-
off of the sound source.

Fig. 2-34C shows an oscilloscope dis-
play of a decay recorded in an enclo-
sure. It can be observed that the de-
crease in amplitude with time follows
approximately the average curve of the
right half of Fig. 2-34A, but with a
larger Auctuation thereafter.

Reverberation has considerable ef-
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Fig. 2.34A. Typical decoy curve. Platted
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Fig. 2-34C. Oscilloscope display corre-
sponding to Fig. 2-34A,

fects on speech. If the auditor Is close
to the speaker, no great difficulty will
be experienced in clearly understand-
ing the speaker. If, however, the
speaker raises his voice, each syllable
Is prolonged, running into snecceeding
syllables, with resulting confusion and
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loss of intelligibility, For music, indi-
vidual notes are prolonged by the re-
verberation and have the effect of a
plano played with the loud pedal held
down continuously. To arrive at the re-
verberation time for a given enclosure,
the area of each surface in the enclo-
sure is multiplied by its absorption co-
efficient, and the sum of these, plus the
absorption due to objects such as chairs,
drapes, people, ete, gives the average
absorption cocfficient in the formula.
2.35 What is the recommended re-
verberation time for theoters, auditori-
ums, recording and broodcast studios?—
A graphical presentation of the recom-
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mended reverheration time for various
types of enclosures is shown in Fig.
2-35A. Fig. 2-35B shows the optimum
reverberation time for different fre-
quencies. In Fig. 2-35C is plotted the
optimum reverberation versus room
volume in cuhic feet, at 512 Hz. (Sce
Questlon 17.136).

2386 Detine optimum reverberation
time, and tell how it is governed.—Opti-
mum reverberation time is the most de-
sirable reverberatlon time for an en-
closure of givenn dimensions. This is
governed by the cubic volume of the
enclosure and the absorption factors of
the walls, ceiling, fioor, and other fur-
nishings.

2.37 How is artificial reverberation
odded to an audltorium, and what is the
purpose’—The basic purpose of adding
artificial peverheration to an existing
auditorium or stage is to control the
acoustics clectronically, and improve
the overall acoustics of the enclosure.

It is common practice in broadcast
and television studios to overtreat the
studio to reduce the noisc created by
the movement of equipment and actors
around the stage. If the treatment is
carried to the extreme, as it sometimes
is, the sound reproduction is flat to hoth
the llstener in the studio and over the
air. It also has a pronounced eTect on
the musicians us the reproduction of
their instruments does not sound nor-
mal and this leads to difficulties. To
overcome this difficulty and still retain

the heavy acoustic treatment, controlled
electronic reverberation is induced into
the enclosure or stage. This electronic
system of reverberation s termed ambi-
ophony, and has been used quite suc-
cessfully by the British Broadcasting
Co, and in several auditoriums and
music halls in the United States.
Artificial reverberation can be
achieved in several ways. One system
employs an clectromechanical device,
using amplifiers and rods or springs for
the delay networks. The electroacoust!c
svstem is similar, except echo chambers
are used for the delay. A third system
employs magnetic recording techniques.
The signal is recorded on an endless
magnet.c tape, and the signals from sev-
eral playback heads spaced at various
distances from the recording head are
combined. The all-electronic system em-
ploys logic circuits to provide the delay.
A typical Installation might consist
of as many as 60 loudspeakers placed
around the walls and ceiling of an en-
closure. The speakers radiate the or-
chestral musie, through the time delays,
and radiate about as much sound as the
walls normally would if they were not
highly absorbent. Each speaker has a
time delay of such a value that it radi-
ates at the approximate time it would
take the sound to reach that particular
speaker position in the studio. The ran-
domness of true reverberation s
achieved by not connecting the speak-
ers according to the delay appropriate
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to their exact position, although they
generally approach their truc position.

Because some regeneration is picked
up by the microphones supplying the
input to the reverberation system, carc
must be taken In adjusting the level of
the system. Two completely separate
microphone systems are used for feed-
ing the broadcast and amblophony sys-
tems, with the necessary equalization.
Such installations are still In the exper-
imental stage and each installation be-
comes a speciallzed system. Magnetic
reverberation units are discussed in
Question 17.136.

2.38 Whot requiremants constitute
an idecl studioP—According to Wallace
C. Sabine, an outstanding authority in
the Reld of acoustics and architectural
design, they are: (1) that the sound in
the studio be sufficiently loud; (2) that
the components of a complex sound
wave maintain their relatlve intensi-
ties; (3) that successive, rapidly moving
sounds, either music or speech, be clear
and distinct from each other; and, {4)
that all extrancous noises wnust be re-
duced to a negligible amount.

2.39 What shope tooms are ta be
avoided when constructing cnclosurses for
recording and reproduction of sound?—
Flat, untreated surfaces; concave sur-
faces, as they concentrate and focus the
sound; parallel walls, because they pro-
duce standing waves; and cubical
shaped enclosures, because they pro-
duce standing waveforms. (See Ques-
tions 241 and 2.49.)

2.40 What are the preferred ratios
of dimcnsions for studios and audito-
riums?—The height, width, and length
shouid be in the following ratios:

1. Small rooms ........ 1to125to16
2. Long rooms ......... 1t0125t032
3. Average shaped rooms1to 1.6 to25
4. Low ceiling rooms ...1to1.25t03.2

Number 3 Indicates the preferred di-
mensions.

To minimize the effects of standing
waveforms set up by parallel surfaces
in an enclosure, it is desirable to choose
the major dimensions that are not In-
tegral to each other. Resonance effects
in an enclosure introduce frequency
discrimination and create peaks and
valleys in the characteristics of the
room. Secondly, it introduces a persist-
ence or hangover effect in the sound at
or near resonance. Frequency discrimi-
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nation results in a hollow sounding
characteristic, especially if the resonant
frequencles are widely separated (walls
close together) which is generally the
case in small rooms. The effects of reso-
nance may be reduced by absorption,
by changing the dimensions of the
room, and by changing the shape of the
reflecting surfaces.

By proportioning the three major di-
mensions in a ratio of the cube root of
two (or multiple), good distribution of
the natural resonances may be obtained.
As an example using a ratio of 1:16:25
(average shaped room) for a ceiling
height of 16 feet, the width is 236 feet
(16 X 1.6) and it is 40 feet in length
(16 % 2.5). For a small room using ra-
tios of 1:1.25:18 with a ceiling of 12
feet, the dimensions are 12 ft X 15 ft X
19.2 ft, whereas in an average room the
ratios change and the dimensions are
then 12 ft % 19.2 ft X 30 ft. Diffusion
and control of the high and low fre-
quencies may be obtained by the use of
polycylindrical diffusers explained in
Question 2.76.

24! What are stonding wave
trainsP—When a sustained tone is
emitted in an enclosure consisting of
parallel walls, a standing wave train is
set up. Standing waves are created
when two wave trains, moving in op-
posite directions, interfere. Walking
along the room produces the sensation
of an Increase and decrease in the in-
tensity of the sound. This sensation is
noted because of passing through the
zero and maximum peaks of the wave.

When a reflected waveform exactly
matches compression with a rarefaction
of the original sound wave, the sound
waves reinforce themselves as they are
reflected back and forth, thus increas-
Ing the amplitude. Reinforcement at
critical frequencies can result in an in-
crease of 20 dB or more. Serious rein-
forcement can occur when the wave-
length is twice the ceiling height.
Standing waveforms can also be gener-
ated at harmonic frequencies of the
fundamental frequency.

Standing waves may he prevented by
nonpacallel walls, multilevel ceiling
sections, and polycylindrical diffusers
on the walls and ceilings, as in Fig.
2-66B.

2.42 What is the attect of a long
reverberation time?—Both speech and
music will be blurred and may become
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unintelligible, because of the overlap-
ping of successive sounds.

2.43 Exploin the purpose of ditfu-
sion in o studio. Diffusion in a studie
improves the acoustical response be-
cause the energy in the room is not re-
duced and the reflections whiech occur
per unit of time are increased. Thus,
the intensity level of the individual re-
flections is reduced, and the reverbera-
tion characteristic smoothed out, result-
ing in a higher intelligibility and an
added definition to both wnusic and
speech.

2.44 What is the frequency range
required for high queolity reproduction
of speech and music?—For speech only,
100 to 6000 Hz with a volume range of
40 dB. For music, 40 to 15,000 Hz, with
a volume range of 70 dB. Most audio
systems deslgned for high-quality re-
production will reproduce up to 20,000
Hz and higher, some extending up to
100,000 Hz. The question then arises:
why such a wide irequency range? A
wide frequency range is required for
music to reproduce inaudible frequen-
cies which beat with frequencies in the
audible range, producing sum and dif-
ference frequencles. Such frequencies
lend realism to the reproduction. How-
ever, to make use of such wide fre-
quency bauds, the harmonic distortion
and intermodulation distortion must be
reduced to negligible arnounts. Also, the
distortlon due to phase shift must be at
a minimum and the frequency charac-
teristics uniform.

2.45 Whot is the recommended cu-
bic tootage per person for 35-mm and
70-mm motion picture theater projec-
tlon?—In the past years the cubic foot-
age per person recommended for the-
aters projectiug 35-mm films was
approximately 125 cubic feet per per-
son. However, with the advent of wide~
screen projection systems and sterco-
phonic sound reproduction, the space
per person has been increased 250 per-
cent or more. This Is particularly true
for theaters huilt for 70-mm projection.

Seating arrangements used in North
America generally employ a layout
whereby the aisles are placed down the
center of the seating area or about one-
third from the slde walls. In this ar-
rangement, erroncous localization of
stereophonic sounds often results in the
picture action and sound not coinciding.
This has been overcome to a great ex-

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

Using the above arrangement optical
distortion of the picture is reduced, and
better sound reproduction s obtained
for those seated at the sides of the the-
ater. This has also led to the redesigning
of the Aoor rise, and spacing of the
seats. Nonparallel walls and speclal
treatment of the side and rear walls re-
duce the effect of Autter echoes. Details
of this type seating arrangement are
given in the reference.

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

2.46 What etfect does an audience
hove on the ocoustics of a theater?—
Unless the house has been specially
designed, the effect may be consider-
able. The projectionist generally in-
creases or decreases the reproduced
sound level when the audience de-
creases to about half-house. Modern
theaters have overcome this problem by
using seats which have an absorption
coefficient equivalent to the average
person, thus reducing the need for {re-
quent changes in the sound level.

2.47 Whot ompliticr power is rec-
ommended dor motion picture theaters?
—The power requirements are given on
the graphs of Fig. 2-47A and Fig. 2-47B.
The shaded portlon of the curve indi-
cates the minimuin and maximum rec-
ommendations. Since the average the-
ater amplifier system must have a fairly
wide dynamic range and be capable of
handling heavy sound effects, an am~
plifier on the heavy side should be se-
lected rather than one that will just
meet the requirements. Present-day
theaters require at least 40 watts of
power with low distortion and noise.
It is not uncommon in the larger the-
aters to find amplifier installations with
100 to 250 watts of power output. Power
output versus seating capacity of a the-
ater is shown In Fig. 2-4TA, and power
versus volume in cubic feet is shown in
Fig. 2-47B. These data are based on
recommendations of the Motion Picture
Research Council.

2,48 Define acoustic reflectivity (re-
tlective cocfficient).—The acoustic re-
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flectivity of a surface is not a generator;
it is the ratio of the rate of flow of
sound encrgy reflecled from a surface
to that of the incident rate of flow, and
may be calculated:

incident rate of low of sound energy
reflected rate of low of sound encrgy

Unless otherwise specified, all passible
directions of incident flow are assumed
equal, and values given apply to a por-
tion of an infinitec surface thus elimi-
nating edge cffects,

2.49 What shape walls cre recom-
mended for theater constructlon?—The
walls should be nonparallel or convex
shaped, as shown in Fig. 2-49. The cubi-
cal volume should be in accordance
with the seating capacity recormnmenda-
tions given in Question 2.45.

The auditoriumi width should be
from 50 to 70 percent of the length and
the ceiling height not more than 40 per-
cent of the length. Nonparallel surfaces
should be employed. The walls and cell-
ings must be broken up thoroughly to
diffuse the sound.

The avcrage absorption per square
foot of floor space should be the same
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Fig. 2-49. Recammended wall shapes for
mation-plcturc theater construction.

as for the ceilings and walls. The seals
should be well upholstered and the
aisle carpets Ozite-lined. The backstage
area should be so shaped and acousti-
cally treated that resonant reinforce-
ments of sound will not be reflected
to add distortion to the reproduction in
the auditorium.

2,50 How are low-frequency vehicle
and carth rumbles prevented from being
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Fig. 2-50B. Floor supports far o motion-picture scoring stage.

transmitted to the floor of a rccording
stage?—By insulating the floor from the
earth and side walls. Two methods of
construction are used. In Fig. 2-50A,
the floor is laid on a dirt fill. The walls
are supported on rockers set on a
cement foundation. In Fig. 2-50B, the
floor is supported on 3 X 6-inch beams
supported by 2 X 6-inch members laid
on an asphalt fll on a cement founda-
tion.

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

2.51 How is tho ottenuation of the
wall ittustrated in Fig. 2-50A meosured?
—A Klaxon horn is placed against the
outside wall and the sound transm!sslon
through the wall is measured with a
sound level meter at a point near the
wall. The sound level of the Klaxon is

then measured in the open air and the
difference between the two measure-
ments is the attenuation of the wall
Sound level meters are discussed
Question 22.94.

2.52 Describe the use of lead sheot-
ing for acoustic treotment.—For many
years, it has been known that lead can
be used in the acoustical treatment of
an enclosure, and that the greater the
weight per square foot of isolation, the
greater the transmission losses. The
acoustical efficiency of any material as
a sound barrier depends not only on its
weight, but on its stiffness. Lead is
classed as a heavy limp material, hav-
ing a density of two to three times that
of most building materials, and 10 to
15 times that of wood. Lead is a limp
material, in an acoustical sense. It has
heen demonstrated that i twe equally

in
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cffective barriers are constructed, one
of lead and the other of conventional
building materials, the lead barrier will
be the lighter of the two.

If the transmission loss of a lead par-
titlon is plotted against frequency (Fig.

THE AUDIO CYCLOPEDIA

2-52A) it will show the loss increases
with frequency up Lo the point where the
transmission loss reaches approximately
55 dB. Above this frequency, a dip in
the transmission loss occurs. At the
lower {requencles, the loss is set by the

- 4

1 4
SRnE.
T K L1
3
]
' | -
a
S “‘,.rl.‘?/
T
3 [ lZrolh
3 - ‘.‘t\c\,ﬁ;\
e A
3 A -
E

. -

]
]

» 3

1
F S0 80 @3 200 XU 00 00 30 2000 300 L000 000D J000:

B a0 8 00 WO M0 A0 0 B0J GO0 24004000 L X0 KO0
THIRD CCTAVE RAND CENTER FREQUENCY ™ M

Fig. 2-52A. Transmission loss through solid chemical lead walls.

{Courtcsy, Lead

Industrics Association)

] ; |
1 4
’'e
I L4+
! +1 )
g 2 i M |
2 RAR Titl i0%3
3 R . SOLO SAMD PLASTER
] {4 LBS PLR 3O PT) k.
z ¥ 1T i
4 - + 0,065 04 DM 4+
g / pu /| TELLURRAL LEAO PARTIVION
f » CPET T (a8 s PEr 5o rr T
| v +
L =
o
o8 L1
ol Ll :
® W% 0 M g3 00 WO W0 800 @23 K000 AXI0 S300 BI0GA00 FOG00
B 4 43 00 %0 30 &0 60 000 %00 2500 4000 §300 00N KO0

THIRD OCTAVE BA80 CENTER FREQUENCY i Mg
Fig. 2-528. Comparison of a 2-inch solid sand-plaster wall and o wall of 0.065-inch
lead. (Courtesy, Lead Industrics Associotion)

-+ +

8 <

I

=

AND
v2

-4 4

3

T

L

-

TRANSMISSIGN LOSS 4B

= F F -

4

-1

i

2 B % ® o

S M0 X0 W0 800 230 2000 $300 1000 EC00 TG0 Soon

» @ 83 00 @0 250 400 430 000 <00 500000 300 KGNV
THIRC OCTAVE BAND CENTER FREQUENCY N M1

Fig. 2-52C, Comparison ot ploster wall and 0.125-inch Icad wall. (Courtesy, Lead
Industries Assaciatian)



ACQUSTICS, STUDIO TECHNIQUES, AND EQUIPMENT

welght of the lead. The dip in the char-
acteristic at the higher frequencies is
caused by the stiffness of the lead.

For existing enclosures, lead cloth,
similar to leaded vinyl plastic may be
used in wall paper fashion. Lead sheets
1¢-inch thick can be obtained with
wood veneer laminated to one side of
the sheet, with a pressure sensitive ad-
hesive on the opposite face.

Fig. 2-52B is a plot of a 2-inch solid
sand-plaster wall, compared to an
0.065-inch lead wall. In Fig. 2-52C a
lead wall 0.125-inch thick is compared
to a plaster and stud wall, and in Fig,
2-52D a staggered stud wall is com-
pared to a 0.23-inch lead wall. Lead is
also useful in Isolating floors and stages
from buiiding structures, and Increas-
ing the transmission loss through moni-
tor rooms and vocal room walls. [t is
also execellent for reducing the noise of
rotating machinery. A suggested barvier
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for high-intensity low-frequency sounds
is shown in Fig. 2-52E. The lamination
consists of vinyl film, ¥-inch lead
sheet, 3 inches of low-density Fiberglas,
14-inch lead, and a final cover of vinyl
plastic.

2.53 What diffcrences may be ex-
pected between the theoretical and prac-
tical designs for an enclosure of given
dimensions?—The absorptivity of acous-
tic materials varies with the angle of
incidence. Using the absorption coeffi-
cients supplied by the manufacturer of
the particular material at hand, results
in a mean value. Actual measurements
made in an enclosure may not coincide
with the theoretical reverberation time.
This may be due to the lack of sound
diffusion causing constant reflection
angles.

2.54 What effect does a highly pol-
ished sutfoce have on sound waves?—It
reflects the sound waves in a manner
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Fig. 2-55. An oir duct with sound
baftles.

similar to a mirrer. (See Fig. 2-21A))

2.55 How con sound be prevented
fram entering an cnclosurc through an
air duct?—The duct is )lined with an
acoustic sound-absorbing material such
as rockwool or Ultracoustic. Boaflles
covered with the saome material are
placed at intervals in the duct, as shown
in Fig. 2-55.

2.56 Define acoustic tronsmittivity.
—The acoustic transmittivity of an In-
terface or spectrum Is the ratio of the
rate of flow of transmitted sound energy
to the rate of Incident flow. All direc-
tions of incident flow arc assumed to
be equally probable.

2,857 Show the construction of a
monltor room glass window.—A typical
installation is shown in Fig. 2-51. The
glass pancls are set In cither cork or
rubber seals at both the top and bottom,
to prevent vibration of the glass from
building noises. The glass must be of
plate, at least ¥-inch thick, and pre-
ferably Y%-inch thick. The panel on the
studio side Is tilted at the top about 5
degrees to reduce light refiections, and
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Flg. 2-57. Cross scction of monitor room
window construction. The glass panels
are set in cither cork or rubber about
6 to 8 inches apart at the beottom.
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to prevent it from acting as a direct re-
flector in the studio. By using the con-
struction shown, it is possible to achieve
50-dB reduction in sound transmission
at 500 Hz.

2.58 Shaw the reverberation chorac-
teristics for o music-scoring stage and o
praduction-shooting stage.—For music-
recording stages, the desired reverbera-
tion will be somewhere between 0.8 and
1.8 seconds, depending on the cubic vol-
ume of the stage. After the acoustic
treatment has been completed, rever-
beration measurements are made and
additional treatment in the form of live
and dead panels are added to bring the
measured characteristic nearer the de-~
sired characteristic. If polycylindrical
diffusers were not included in the origi-
nai design, they may have to be added
to secure the proper diffusion, and to
control the low-frequency end of the
frequency spectrum. Generally the final
reverberation characteristic will be
somewhat of a compromise between the
desired and a practical characterlstic.
In Fig. 2-538A, the reverberation char-
acleristic is shown for a music-scoring
stage of 210,000 cubic feet, at Republic
Corporation, North Hollywood, Califor-
nja, The actual measured reverberation
time Is plotted versus the ideal and de-
sired characteristie, for comparison. In-
terior views of this stage are shown In
Figs. 2-66A and 2-66B.

Motlon picture production-shooting
stages are treated in a diflerent manner.
These stages are designed to have a
high rate of attenuation to outside
noises and to prevent reflection from
the walls, also to deaden sounds gener-
ated within the stage itseif. As a rule, a
production stage has a reverberation
period of 06 second at 500 Hz. In the
final analysis, the motion plcture set
will control the acoustics of the sound
pickup by its construction materials.
The reverberation characteristics for
Stage 19 at Republic Corporation are
shown in Fig. 2-58B. The volumec of this
stage is 600,000 cubic feet.

In both stages, the reverberation
characteristics will be altered when
they are in use. For the music stage, the
reverberation characteristic at  the
higher frequencies will be decreased by
the presence of the musiclans and their
cqulpment, while the production stage
varles from time to time as sels are
moved or changed and the number of
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2-58A. Revorberation characteristics of Republic Corporation music-scoring

stage shown in Fig. 2-66A and 2-66B.

personnel and amount of equipment are
varied.

2.59 How ore the ocoustic charac-
teristics of o sound stoge measured?—
The acoustic characteristics of a sound
stage may be measured in several dif-
ferenl manners. The simplest method is
shown in Fig. 2-59A. Here a warble
tone oscillator is applied to a power
amplifier and a loudspeaker system, and
frequencies of interest projected into
the enclosure. The output from the
loudspeaker is picked up, using a sound
level meter, and the measurements
plotted frequency by frequency. This
method is not too accurate, and will
give only a gencral idea of the enclo-
sure characteristics, indicating the
peaks and valleys caused by the gener-
atlon of standing waveforms in the en-
closure. If the frequency response of the
loudspeaker system is known, this may
be taken inlo consideration when plot-
ting the final results. A measurement
made in this manner does not give any
indleation of the reverberation charac-

teristic, only the frequency characteris-
tic.

A second method (Fig. 2-59B) em-
ploys a random-noise generator and a
power amplifier to drive a loudspeaker.
The projected white noise (If a pink-
noise filter is used, see Questions 141
and 1.42) is picked up with an octave
band analyzer, and applied to a high
speed graphic level recorder. In this
latter system, the white noise is broken
down into frequency bands of 34 octave
or less, and the sound levels measured.
The Anal characteristic is then plotted
in third-octave bands to show the char-
acteristic of the enclosure.

To measure the reverberation period,
tones are radiated from a loudspeaker,
either by the use of a tone-burst gen-
erator, or by hand keying the frequen-
cles of interest. When the tone-burst
method is used, an audio oscillator is
connected to the tone-burst generator
input, as shown in Fig. 2-58C. The gen-
erator is set for the desired time inter-
val of tone. The signal is picked up by

40 0
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Fig. 2-5BB. Revesberation charoeteristics of Republic Corporation sound Stage-19,
Yolume 600,000 cublc feet.
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Fig. 2-59A. Sctup for mcosuring acoustic charocteristics using a warble oscillator
and sound-level meter.
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Fig. 2-59B. Setup for measuring the characteristics using o random-noise generator,
pink-noisc filter, and an octave-band analyzer.
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Fig. 2-59C. Setup for making reverberation measurements using a
tone-burst generator.

the sound level meter, and recorded
on the graphic level recorder, or ob-
served on an oscilloscope.

Another method often used is to fire
a pistol in the enclosure, and record the
shot on a magnetic recorder. The tape
is then played backward through a
bandpass filter and an integrating net-
work and the reverberation time com-
puted. Magnetic-tape recorders may be
used for recording acoustic tests, pro-
vided they have the required dynamic
range and are not driven into overload.
The reverberation characteristic shown
in Fig. 2-58B was made by means of
filtered gun shots and the use of a si-
nusoidal tone. The difference betwecen
the two methods was on the order of
10 percent.

It Is desirable, although not abso-
lutely necessary, that the frequency
characteristics of the loudspeaker sys-
tem be measured before making acous-
tical tests, and also that the amplifier
used for driving the loudspeaker has
a flat response helow and beyond the
frequencies used in the measurements.
It is also desirable that the output from
the signal generator supplies a constant
signal level to the amplifier input.

The loudspeaker characteristle can
be measured by using a constant input
to the amplifier, while observing the
frequency response on the sound level
meter. Knowing the characteristic of
the loudspcaker will many times ac-
count for peaks and valleys in the final
meosurement. The sound level meter
microphone should be placed close
enough to the loudspeaker to elitninate
the cflect of reflections from surround-
ing objects, when measuring the char-
acteristics of the loudspeaker. A better
method would be to measure its re-
sponse in the open air.

2.60 What is o scoring stoge?—A
music-recording stage. This term origi-
nated in the motion picture industry.

2.61 What arc the essential difter-
ances between a stage designed for re-
cording music and onc designed for re-
cording diclogue?—A stage designed
for recording mnusic Is much brighter
and larger, and has a longer reverbera-
tlon time than one designed principally
for dialoguc recordings. Dialogue stages
are rather dull and have a short re-
verberation perlod.

2.62 How is separgtion obtoincd be-
tween a vocalist and an orchestrap—By



ACOUSTICS, STUDIO TECHNIQUES, AND EQUIPMENT 57

the use of a separate microphone placed
behind an acoustical flat. A glass win-
dow in the flat permits the vocalist to
observe the orchestra conductor for
cueing. A rug is placed under the mi-
crophone to prevent reflections from the
floor.

2,63 How can an artist be cued
when singing with an orchestra?—A sin-
gle headphone is sometimes used; how-
ever, this is not always satisfactory
because some artists can not sing and
hold the headphone. Also, it bothers
them to have one ear covered. A
method which has proved to be quite

V4

i) |IE—
‘ |
r
3° Loutspecker ¥ Loudspeciker
Attist

Fig. 2-63. Loudspeokers for ¢uing an
artist singing with an orchestra.
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successful is shown in Fig. 2-63. Two
small loudspeakers without ballles are
mounted on a stand supported at ear
level, about six inches from the artist.
The sound level from the speakers is
held quite low and the microphone is
placed at a position for minimum pick-
up. The loudspeakers must be electri-
cally in phase.

2.64 What is o choir roam?—A
room adjacent to a scoring stage, with
a glass panel in the wall separating the
two. The choir to be recorded is placed
in the choir room for better separation
and control. A loudspeaker operating in
the choir room is used for cuing pur-
poses. Headphones, fed from the moni-
tor system, are provided for the con-
ductor so that he may hear the overall
mix.

2.65 How may a choir and orchestra
be recorded if a choir room is not avoils
oble?—The choir is separated from the
orchestra by acoustical flats. Two mi-
crophones, separated by about 10 feet,
and placed forward of the group, are
used for the choir pickup. The micro-
phones must be electrically in phase.

2.66 Show the interior canstruction
of a motion picture scaring stoge.—In
Figs. 2-66A and B are shown two views

Fig. 2-66A. Yiew of Republic Corporation scoring stoge looking toward the screen.
Polycylindrical diffusers may be scen along the sidewalls and on the ceiling.
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Flg. 2-66B. Rear view of Republic Corparation scoring stage showing polycylindrical
diffusers on rcar wall and ceiling.

of the music scoring stage at Republic
Corporation, North Hollywood, Califor-
nla. It will be noted the stage has been
difused by the use of polycylindrical
diffusers on the walls and celling, and
that the stage is tapered toward the
screen. The walls are constructed in a
manner similar to that shown in Fig.
2-50A. The outside walls are coated
with a layer of stucco plaster supported
on wire mesh. Under the wire is a layer
of building paper. All this is supported
on four-inch wooden studs The space
between the studs is filled with rock
wool. Next, is an air-filled space of six
inches and then four-inch studding
Alled with rock wool. Again, building
paper and, finally, the interior finish,
which consists of acoustic tile and other
materials.

2.67 What are the recommended
reverberation charocteristics for record-
Ing stages?P—Scoring stages: [airly live
and well diffused. Scoring-stage mon!-
tor rooms: slightly deuder than a the-
ater. Recording stages: similar to a
medium-size theater.

2.68 If motion picture projection is
used in conjunction with a scering or
dubblng stage, how arc the walls of the
prajection room treated?=To provide
Rre protection and, at the same time, a

high degree of acoustic isolation, the
walls of the projection room are con-
structed using eight inches of concrete,
The interior of the booth is treated as
prescribed by fire regulations. Two
picces of optical glass are used in each
porthele to isolate the sound of the
projectors from the stage. The wall fac-
ing the interior of the stage Is treated,
as are the other walls. As a rule, poly-
cylindrical diffusers are placed horizon-
taily across the face of the projection
room wall in the stage just above the
portholes to break up the flatness of
the surface, as shown in Fig. 2-66B,
2.69 Describec how the cntrance
doors to a productlon stage ore con-
structed.—The exterior doors are con-
structed similar to o walk-in refrigera-
tor door, with Interlocking edges similar

LINED FOR SOUND SOUND
= ABSORP TION ; LOCK
LOCK\

:E; =
~— DOOA
b 2 o

Fig. 2.69. Plan view of o typical sound-
stoge door installation, The sound lock
on the left side starts ot the floor and
continues to the top and ocross to the
right sldc. Rollcrs at the bottom suppert
the wcight of the door when it is opened.
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Fig. 2-72A. Tclcprompter unit with
script. The “‘hot line' oppears to the
right of the plastic pointer.

is being opened. The interior door may
be a regular door that has been treated
acoustically on Its Inner surface. The
interior of the vestibule is heavily
treated acoustically.

Large doors used for bringing In sets
and equipment generally welgh several
thousand pounds. The most economical
design is a concrete slab, reinforced
with steel rod, which may be cast in one
plece. Hydraulic seals are provided at
the sides and bottoms, and Interlocking
sound barriers for the top and sides
(Fig. 2-69).

270 How is the socund of footéalls
eliminated when meoking dolly shots dur-
Ing production?>—By means of heavy
woolen socks worn over the shoes of
the operating crew.

TP TP2

TP3 TP4 TPSs TP 6

Hand || Power
Control Un:it Sl G2

cul cua cus cu 6

uLllTJ_ J

Fig. 2-728. Thc block diagrom for a six-unit Teleprompter system. The power unit
ot the left will supply sufficient power for onc to six repcater units,

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

to a bank-vault door. The outer door
leads into a small vestibule, with an in-
ner doot placed far enough away from
the exterior door to prevent opening
both doors at the same time. As a rule,
slgnal lights are placed both ontside and
inside the stage to Indicate when a door

271 When vsing a loudspeaker for
acoustic measurements on a stoge, how
is the formation of standing wave trains
prevented?—By use of a warble-tone
oscillator or film reproduced by the
projection system. As a rule, frequen~
cies above 1000 Hz do not require war-
bling, unless the cnclosure is quite
smali. Standing wave trains are dis-
cussed in Question 2,41; stage measure-
ments In Question 2.59; and warble
oscillators in Question 22.52.

272 Whot is a teleprampter?—It is
a device beyond the sight of the audi-
ence, for presenting written material
such as a script to an actor or speaker
for the purposes of prompting. It is
used in produclion of hoth television
shows and motion pictures.

A teleprompter system consists of one
to six varlable-speced prompter nnits
such as that shown in Figure 2-72A,
which carry the seript on a paper roll;
a power supply unit; and a hand con-
trol for varying the speed of the
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Fig. 2-72D. A Teleprompter unit mounted on o standard motion-picture camera,
The image of the script moy be seen on o glass plate in front of the Tellens unit in
front of the comera lens.

prompter transport systems and revers-
ing their direction for rewinding. The
speed of the teleprompter units may be
controlled from a few inches per min-
ute to several fect per second, permit-
ting the operator of the system to follow
the action on a set, or to adjust the
speed of the prompter transport system
to accommodate the talking speed of
the speaker. The speed of the prompter
units is controlled in such a manner
that the "hot line” is always in line with
a large plastic pointer at the left of the
script.

A block diagram for a typical system
employlng six prompter units is shown
in Fig. 2-72B, while Fig. 2-72C is a view
of two control units, a power supply,
and the variable-speed hand control,

The seript §s typed on a special type-
wrlter called a Videoprinter which has
type 52 times larger than that normally
used on a standard typewriter. This slze
type permits the script to be read up to
distances of 25 feet, and more, which
is adequate for most purposes.

For scenes which require the narra-
tor to peer directly inte the camera
lens, a special type mounting for the
prompter unit, called a Tellens, has

been developed which can be mounted
on 2 standard motion picture camera as
shown in Fig. 2-72D. The image of the
script Is projected downward from the
prompter unit onto a plece of clear glass
set at an angle of 45 degrees in front
of the camera lens. As the person being
photographed looks into the camera,
the image of the script iIs seen on the
glass plate in front of the camera lens.

The reversing switch on the hand
control permits the operator to quickly
rewind the seript to any particular line
in a matter of seconds. Script changes
are retyped and fastencd to the script
by plastic tape. Each prompter unit is
well lighted and designed to be mounted
using a stand or special support on the
camera dolly.

2.73 Whot is o ditfuserP—A wooden
panel with an uneven surface as shown
In Fig. 2-75. These devices are con-
structed of Y-inch plywood and placed
in diflerent positions near the source
of sound pickup to add reverberation
and a degree of llveness to a pickup in
a large stage.

2,74 Describe the construction of
ocoustic flats.—Acoustic flats are used
on music scoring und looping stages for
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the purpose of separating a vocalist, a
group of singers, or an actor in the case
of looping. The Aats are constructed of
2-inch X 4-it ) Bd-inch wooden [rames,
diagonally braced and filled with rock
wool or Fiberglas. The exterior surface
treatment is varied; that is, one flat has
a plywood and acoustic tile surface, an-
other a soft surface of cheesecloth with
Fiberglas backing and acoustic tile.
Pull-pin hinges are provided for lock-
ing the flats together, similar to a Japa-
nese screen, to form a semicircle. Thus,
the interior acoustics of the enclosure
may be varied to acquire the necessary
acoustical environment. A window is
provided in onc flat for the vocalist to
watch the conductor, or for an actor to
view the scrcen when looping. A carpet
is placed on the floor to prevent reflec-
tions and foot noises. Constructional
views are given in Fig. 2-7T4A, for a
typical group of such flats.

For a large group of voices to be sep-
arated from the orchestra, several pan-
els are used, simlilar to those discussed,
but constructed somewhat differently.
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Each panel is 4 ft wide X 12 ft in height,
and contains a glass panel, with ply-
wood the first ¢ ft up from the floor, as
shown in Fig. 2-74B. The frames are
constructed of 2 X 4's with pull-pin
hinges, The interior surfaces of the pan-
els are crossed-braced and filled with
rock wool or similar material to prevent
resonance cffects and to increase the
isolation. In setting up the panels for
use, care must be taken that no two
surfaces are parallel, as shown In Fig.
2-74C. Carpet is placed on the floor to
prevent reflections and eliminate foot
nolse. Only about 10 to 15 dB of isola-
tion may be expected from an enclosure
of this nature.

2.75 What is a sployP—A curved
surfaced diffuser as shown in Fig. 2-75.

2.76 Describe the construction of a
polycylindrical ditfuser.—Polycylindrical
diffusers consist of a plywood panel
bent in the form of a convex surface.
Such devices are used in rerecording
stages, music-scoring stages, broadcast
studios, and in some instances theaters.
Thelr purpose is to provide a maximum
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closing o choral group.
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Fig. 2-74C, Ten to twelve such panels
are placed arcund the group, as shown
in the floor plan.
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Fig. 2-75. Curved surface diffusers or
splays.

of diffusion and aid in the control of the
low-frequency reverberation character-
istics of the enclosure. The diffuser, be-
cause of its curved surface, reflects the
high frequencies at many different an-
gles. At the low frequencies, the panel
acts as a diaphragm and breathes, dis-
sipating the low-frequency energy in
the form of heat. The construction of
such diffusers is given in Fig. 2-76A,
with the details of their measurements
in Figs. 2-76B and C.

When fnished, the surfaces of the
panel may be painted with a bright
glossy paint and then laquered. A dull
surface palnt must not be used, as a
highly rellective surface is necessary.
The internal space is filled with loose
rock wool, or a backing of 2-inch Fiber-
glas, placed on the supporting wall.
The curved panel must be securely
braced; the braces are randomly spaced
to prevent selective resonance. The cur-
vatures of the panels between the var-
ious diffusers are varied also, and their
axes disposed to be mutually perpen-
dicular in the three orthogonal planes.
Diffusers may be used in both the ver-
tical and horizontal planes as well as
across ceilings and back walls. For a
studio 40 feet In length, two such dif-
fusers will be required for each wall,
running vertically from the floor to the
ceiling, placed directly across from each
other, as shown In Figs. 2-T6D and E. In
small rooms, the ceiling diffusers may
be omitted if the ceiling surface is at
different angles or broken up. For large
stages, the general plan of that shown
in Figs. 2-68A and B may be followed.

Concave surfaces must be avoided, as
they are points of concentration, and
focus the sound rather than diffuse it.
It should be mentioned that sheet Ma-
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sonite cannot be used successfully in
the construction of polycylindrical dif-
fusers since the material is not stiff
enough. To have the proper stiffness,
the plywood must be at least ¥ inch in
thickness.

2.77 Show the polor frequency re-
sponsc of o polycylindrical diffuser com-
pared to a flet-surfaced splay.—A polar
plot for a flat and curved baffle is shown
in Fig. 2-T7. It will be noted that the
angular reflectlon of the curved sur-
face, with respect to frequency, covers
over 100 degrees, while the flat panel
covers only 40 degrees. This illustrates
very clearly the advantages of a curved
surface over that of a flat surface.

278 What is o baffle plate?r—A
partial plate placed tn an air duct to
prevent exterior noise from entering an
enclosure. Baffle plates also reduce the
rushing sound of the air as it is forced
through the duct, The construction of
such a duct is shown in Fig. 2-55.

2.79 What is an echo®>~The repe-
tition of a sound caused by reflection
from a surface. To be an echo, the re-
flected sound must be ¥y of a second or
longer behind the original sound.

2,80 Whot is an echo chamber?—A
highly reverberant room which is loug
and narrow and has hard walls. A loud-
speaker is placed at one end of the room
and a microphone at the other. The
sound to be reverberated is sent into
the loudspeaker, picked up by the
microphone, amplified, equalized, and
mixed with the original programy ma-
terial. Because of the hard walls, mul-
tiple reflection echoes are produced.
Typical echo chamber deslgns are
shown in Fig. 2-80. At (a), the micro-
phone is separated from the loud-
speaker by a partition running almost
the fuli length of the room, to secure a
greater delay. In (b) is shown a plain
room with the loudspeaker at the far-
thest end. For this type of operation,
the microphone and speaker are moved
to secure the desired results. At (c), a
movable partition has been installed at
the center of the room and is remotely
controlled to alter the length of the re-
verberation period. Sketch (d) is a
similarly eonstructed room, except the
end and side walls are set at an angle.

Echo effects may also be generated
by the use of 1-inch pipes, or larger,
ranging fram 25 to 100 feet In length.
In the early days of radio, such systems
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were construcled by coillng the plpes
several feet in diamcter, and placing
microphones at intervals of 25 feet to
achieve the delay times The sound was
introduced into the pipe at one end,
using a horn-type driver unit. For a

Fig. 2.76A. Front and recar views of a
polycylindrical diffuser, showing the in-
terior construction.
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distance of 50 feet the delay is Wy sec-
ond, and 4y second for 100 feet. The
disadvantage of this method of creating
reverberation is the tremendous loss
of high frequencies and the amount of
equalization and amplification required
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Fig. 2-76B. Basic plan for a polycylin-
drical diffuscr,
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Arc  Width Depth Madius  Width  Depth Radius  Width Depth  Radius Radius
'(ﬂ) (e) (b) {r) (c) 1?') ir) (¢) (b} (r) (r)
16~ 15% 2 154 143 k 103 134 3% T% Sl
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Fig. 2-76C. Dimensions for polycylindrical diffusers.
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Fig. 2-76D. Cross-sectional view of a typical dubbing stage using polyeylindrical dif-

tusers and a broken-up celling, A fifth diffuser is placed horizontally across the rear

wall about half woy betwcen the projection portholes and the cciling. The wall

directly behind the console is broken up in o vertical direction. The console sets on
o platform 12-inches high.
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Fig. 2-76E. Floor plan of dubbing stage showing the positions of the poly-
cylindrical diffusers.

to return the signal to a point where
good intelligibility is attained. Because
of the short duration of the reverbera-
tion, the signal picked up by the micro-
phones must be fed back to the driving
source, and conseqguently multiple de-
lays are created. For a pipe 50 feet in
length, the loss at 5000 Hz is approxi-
mately 23 dB, and for 100 feet it is ap-
proximately 45 dB. Because of these
problems, this system is no longer used.

350°
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N

Artificial reverberation also may be
generated electronienlly or by clectro-
mechanical means, as discussed in
Questions 2128 to 2.130. A typical re-
verberation system wusing a pipe is
shown in Fig. 2-80B.

2,81 How is an echa chamber con-
structed?—Typical interior dimensions
are: Length 18 feet, width 15 feet, ceil-
ing height 12 feet, consisting of about
3200 cubic feet and a reverberation

(N> &

\

17o*

Fig. 2-77. Polar trequency response of a tHat baffle as compared to o curved batfle,
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Fig. 2-B0A. Echo chamber designs.

tlme of approximately 3.8 seconds. The
floor should be smooth cement and the
walls covered with hard, smooth plaster.
The eeiling must be nonparaliel to the
Aoor. The speaker may be moved and
nucrophones with different pickup
characteristics used to secure the de-
sired eflect, However, a room with the
microphone and speuker In fixed posi-
tions and a movable partition are the
“most convenicent to operate. Echo cham-
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bers may also be constructed as shown
at (d) in Fig. 2-80A. The ldeal echo
chamber is one constructed using six-
inch concrete walls. To be effective, an
echo chamber must have a minimum of
2500 cubic feet.

2,82 How is an echa chamber con-
nected Into o recording channel?—The
output of the source of sound to be re-
verberated is bridged with an amplifier
and applied to the power amplifier
driving the loudspeaker in the rever-
beration chamber, as shown in Fig. 2-82.
The reverberated sound is picked up
by a microphone, amplified, equalized,
and applied to the input of the record-
Ing channel through a mixer pot.

A different method of combining the
signal in the recording ehannel is shown
in Fig. 9-49. When combining the rever-
berated sound with the original mate-
rial, the reverberated sound is mixed at
a level approximately 20 dB below the
original. This gives the best results,
with the bighest intelllgibility for
speech.

A separate echo chamber is required
for cach microphone to be reverberated.

2,83 Whot is on ancchoic chamber?
—An enclosure in which the reflected
sound is negligible. Such rooms are
used for measuring the characteristics
of mierophones, loudspeakers, and other
acoustic transducers, and to provide en-
vironmenta! conditions similar to the
outdoors, Fig. 2-83A shows an anecholic
test chamber at the Bell Telephone
Laboratorics, Murray Hill, New Jersey.
To eliminate surfaces that would reflect
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sound, the walls, celling and subfloor
are lined with sawtooth wedges of Fi-
berglas to a depth of five feet. The
Aooring consists of high strength steel
cables Mag-ineh thick, strung under
tension In two-inch mesh. The chamber
dimensions are 35 X 28 % 28 feet. The
volume is 27,440 cubic feet. With the in-
terior treatment as shown, the absorp-
tion at the walls is 99,98 percent of all
incident sound energy in the audible
range.

In Fig 2-83B, is shown a comer of
the anechoic chamber of the Electyo-
Voice plant In Buchanaun Mich, used
for engineering development and qual-
ity control. The main chamber is 35 X
26 X 26 feet and has a volume of 23,660
cubic feet. The walls are treated in the
same manner as described for the
chamber in Fig. 2-83A. In addition to
the main chamber, there are two
smaller adjoining chambers; ane houses
a standard loudspeaker calibrated from
20 to 20,000 Hz, traceable 10 the National
Burcau of Standards; the second is a
smaller chamber that will accommodate
loudspeakers up to and including a di-
ameter of 30 inches. A standard expo-
nential horn is also available for testing
high-frequency driver units,

The ventilation of the main chamber
is through three wedges located in
widely spaced positions to prevent re-
flections. Twenty-two circuits are avail-
able from the chamber for connections
to signal sources and test equipment.
Exterior to the chambers are automatic

curve tracing and polar pattern graphic
recorders. The entlre facility is set on
its own foundation, which completely
isolates it from the main building.

Two chambers, simllar in constituce-
tion are in use at the Altec-Lansing
plant in Anaheim, California. One is
used for engineering and a second for
routine preduction testing. Fig. 2-83C is
a view of the test cquipment outside
the chamber used for research and de-
velopment. The equipment includes
preamplifiers, power supplies, graphic
Jevel recorder, oscillator frequency
counter, and other devices. The equip-
ment shown in Fig. 2-83D is used for
routine testing of microphones and
other devices. The device to be tested
is supported by a pulley arrangement
and cords for orienting and ease of op-
erating. The test equipment consists of
2 grauphic level recorder, oscillator, pre-
amplifier, vacuums=tube vollmeter, and
associated equipment.

2.84 Describe the consteuction of an
onechole chamber.—Ancchechoic cham-
bers arc enclosures that are echo-iree,
within a specified frequency range. To
achieve this condlition, the sound encrgy
absorption must be between 39 and 100
percent, Or to state it in another way,
the sound-pressure reflections must be
between 10 percent and zero. The point
at which the energy absorption drops
below 99 percent or the pressure reflec-
tion exceeds 10 percent is known as the
low-frequency cutoff frequency. The
curves in Fig. 2-84A show the low-[re-
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Fig. 2-83B. Testing a microphone in the Elcctro-Yoice anccholec chamber.

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

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

mum {rec-fleld dimenslons (the dis-
tance from the cdge of one wedge to
another on the opposite wall) cannot be
less than one wavelength of the cutoff
frequency, and the largest dimension
not less than half a wavelength of the
cutofl frequency. The principal fac-
tor affecting the free-field dimenslon is
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the size of the equipment under test.
Measurements at a specified frequency
should be taken no closer than a
quarter wavelength from the sound
radiating surface and no less than one
quarter wavelength from the points of
the surrounding wedges.

THE AUDIO CYCLOPEDIA

To obtain a satisfactory environment,
the anechoi¢ wedges are generally in-
stalled in an attenuating structure sim-
llar to that of Fig. 2-84C. The outside
enclosure may be built on the ground
or on an existing Aoor, or floated on
springs, lead, or some type of acoustic

Fig. 2-B3C. Test cquipment for rescarch ond development of loudspeakers ond
microphones, outside the encchoic chomber in the Altec-Lansing plant.

Fig. 2-83D, Routine production test cquipment outside the Altec-Lansing onechsic
chamber. The device to be tested is hung from o pulley-ond-cord arrangement for
case of operation and orientation.
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isolation material. The door in the outer
structure must have an attenuation
characteristic equal to the outer walls.
The inner surface of the chamber door
is be treated in the same manner as the
inner walls, in order that the anechoic
characteristics are not compromised.

To achieve adequate ventilation,
twelve complete changes of air per
hour will be required, with controlled
humidity and temperature. The air
from the ventilating system is intro-
duced through a plenum silencer into
the chamber through special ventilating
wedges (Fig. 2-84D). Velocities up to
250 fpm may be fed to the interior,
without introducing nolse. A graphieal
plot of the lower cutoff frequeney
versus the depth of treatment of the
chamber is given in Fig. 2-84E. Typical
wedges are shown in Fig. 2-84F.

The questlon is sometimes ralsed,
what eflect if any, does the grating used
for the floor have on measurements
made In an anechoic chamber? The
study of the effects of the floor becomes
quite complex. In practice, the floor is
a metal grating or nylon cables sus-
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pended from the walls. If a grating Is
used, the openings are generally 1 or 2
inches in depth and 2 inches in length.
Thus the slit width is less than half the
wave length for frequencies below 3000
Hz. The open area is often in excess of
90 percent of the total area, and conse-
quently when a sound strikes the grat-
ing, under normal incidence the reflec~
tion is negligible. However, there is a
certain amount of reflection. This sub-
ject has been treated extensively by
Ingard. The reader Is referred to the
reference at the end of this section.

A portable anechoic chamber, manu-
factured by the Eckel Corporation, is
shown in Fig. 2-84G. The surfaces of
the Fiberglns wedges are covered with
No. 2, 19-gauge hardware cloth. The in-
terlor of the chamber shown has a free-
field space of approximately 21 cubic
feet.

2,85 What Is the purpose of adding
reverberation to program material?—To
enhance the original material by adding
brilliance and to create the illusion that
the material was originally recorded in
a large auditorlum. U properly con-
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Fig. 2-854A. Absorption charocteristics for typicol wedges of the Eckel Co.

Low-Frequency]

Type of Testing Cutoff Point
Aireraft 15 Hz
Audio 125-400 Hz
Automotive 60 Hz
Electrical

Communications 60-200 Hz
Jet Engine 150 Hz
Machinery 15-150 Hz
Musical Instruments 60 Hz
Psycho-Acoustic 150 Hz
I'l'rnnsfom!cr 100 Hx

Fig. 2-84B. Rccommended cutoff #re-
quencies for different types of testing.

trolled and equalized, the results can
be very pleasing. Reverberation is also
used for producing sound effects, such
as to simulate a large room or cavern.
Equalization may be necessary as the
reverberation e¢hamber distorts the
original frequency characteristic.

2.86 What Is the optimum number
of musiclons for a givea shze studio,
based on the program materiol?—The
number of musicians will vary, depend-~
ing on the program material and the
size of the room or studio. Based on
experience, the recommended number
is given in Fig. 2-86.
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Volume in Broadcast Audl- Scoring 2.87 Whot ore acoustic pendants?—
Cubic Feet  Studio toriums  Stages QOctahedral-shaped devices suspended
i 10,000__ 12 _ o from the ceiling of a recording stage or
20,000 25 6 10 auditorium to break up reflections from
50,000 50 9 2 a flat or curved ceiling. The pendints
100,000 130 19 36 are constructed from 3-inch plywood
200,000 250 a1 70 and vary in height from 1 to 3 feet. The
500,000 i 62 140 dinmeter at the center varies from 6 to
1,000,000 pt 105 240 12 inches. These devices should he hung
AR in a scattered manner from the ceiling
Flg. 2-86. Rccommended number of at varying heights, if the ceiling is Mat,
musicions will vary, I{ the ceiling Is ecurved, as shown in
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Fig. 2-84F Typical Fiberglos wedges used for the interior treatment of enechoic

chambers, with and wit

hout hardware screen.

Fig. 2-84G. Portable oncchaic ¢homber manufactured by the Eckel Corporation,

Fig. 2-87, they may be hung at a uni-
form height. It may be desirable, In
some instances, to cover every other
one with Celotex to provide soft and

hard surfuces. The whole purpose is to
break up concentrated reflections from
the overhead to the side walls and
floor. Rooms having strong concen-
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.

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

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

2,88 Whot ore the middle-range
frequencies?—Frequencies between 400
and 3500 Hz.

2.89 Detinc the terms sound-pressure
level and sound-power level. — Sound-
pressure level (SPL) is used to express
the level of a sound that has been mea-
sured using a sound level meter. The
reference for these measurements is
0.0002 microbar. Sound level meters do
not measure acoustic power. Sound-
power level (PWL) is the acoustical
power generated by a sound source.
Sound-pressure level may be expressed
as:

P
SPL = 20 Logw == dB

where,
P is the root-mean-square sound
pressure in mierobars.

Because the range of acoustic powers
met with in daily life are on the order
of one billion-bllllon (10**) to one, it is
quite convenient to relate these powers
using the decibel, which is logarithmic.
The reference for these measurements
is 107 watt. The power level may be
calculated:

w
PWL = 10 Logw 107 dB
where,

W is the acoustic power in waits.

Since 10" watt corresponds to a level
of minus 120 dB, the above equation
may bc more easlly expressed:

PWL = 10 Log.. W + 120
where,
W is the acoustic power in watts.

Since 10°** iz a power ratlo correspond-
ing to minus 120 dB, the quantity 10
Log.. W which is the value of declbels
corresponding to the numerical value in
watts, can be readily obtained from the
decibel tables that are glven in Section
25. As an example: 02 watt corre-
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sponds to a power level of —17 4 120 =
103 dB. Power levels for sounds that are
frequently encountered are given in Fig.
1-117.

2.90 What is o Rayleigh disc?—A
device invented by Lord Rayleigh in
1882 for measuring sound pressures.
The instrument consists of a small
light=weight dise, suspended vertically
by means of a quartz fiber or annealed
bronze wire. A small mirror is cemented
to one side of the disc and is supported
in a draftless square or tubular cham-
ber constructed of open-mesh silk.
When an air stream, whose pressure is
to be measured, strikes the surface of
the disc, the disc tends to align Iself
with the direction of fluld and pressure
flow. A beam of light focused on the
mirror surface permits the angle of de-
flection to be accurately measured by
means of a calibrated lens system also
focused on the mirror.

Such a device may be used for culi-
brating the frequency response of mi-
crophones, with a high degree of accu-
racy, by interposing the disc assembly
in an airstream path betwecn a micro-
phone and loudspeaker unit. The loud-
speaker unit is excited by an oscillator.
Since the speaker characteristics must
be isolated from the measurement, the
pressure generated by cach frequency
of interest is adjusted for the same de-
flection of the disc, so that the micro-
phone under calibration sees the same
pressure at all frequencies. The micro-
phone output is then amplified, and the
electrical characteristics are measured
in the usuwal manner. The loudspeaker
must be of good quality and of low dis-
tortion. The microphone preamplifier
must have a uniform frequency charac-
teristic and low distortion.

Initially the disc Is set to an angle of
45 degrees, which is the angle of the
greatest sensitivity, by adjusting the
suspension head at the top of the disc
enclosure. When the disc Is subjected
to an air stream, it assumes an angle
different than 45 degrees. The angle of
deflection is held constant to a refer-
ence frequency for each frequency of
interest ysed in the calibration. Bames
and West have shown that if the reso-
nance of the disc falls within the audio
spectrum, it can produce ervors up to
10 percent in the vicinity of resonance.
As an example, a dise with a dlometer
of 16 cm and a thickness of 0.0045 cm
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has a resonance of 1800 Hz. However,
the addition of the mirror to the one
side of the disc reduces the resonance
somewhat. Since baromelric pressure
and temperature affect the measure-
ment, they are noted and corrections
are made to the final plot.

29! What is o Helmholtz resona-
tor?—A cavity resonator which is open
to the outside air through a single small
hole. Air blowing across the hole will
cause a sound to be gencrated at a fre-
quency dependent on the volume of the
cavity. A cross-sectional view of such a
resonator is shown in Fig. 2-51,

TIIIrT

Fig. 2-91. Helmhaltz resonotar consist-
ing of a cavity with a single hele open
to the outside medio.

2.92 What causes an orgon pipe to
vibrote?—Qrgan pipes are constructed
with a reed at the lower end which
vibrates when air is forced into the
pipe. Sound waves are set up which
travel up and down the pipe which is
of such length that the wave of alr will
just have time to travel the full length
of the pipe durlng the interval required
by the reed to make one complete cycle.
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When this occurs, the frequencies of
the reed and sound wave synchronize.
This Is called resonance. At the top end
of the pipe is a movable plug for tuning
the pipe to the exact frequency. A 16-
Hz organ plpe is 32 feet long.

2.93 Detine the
curve and its usage.—A weighted curve
Is a frequeney-response curve with a
special characteristic. Weighted curves
are more commonly associated with
sound-level meters used for acoustical
measurements. {(See Question 22.94.)

Sound-level meters manufactured
prior to 1961 employed frequency char-
acteristics as given In Fig. 2-93A and
arc now cousidered to be obsolete. In
1961 the industry adopted the American
Standard ASA (now USASI) S1.4-1961
shown in Fig. 2-93B. There are aiso two
international standards, 150 R123 and
1SO R179, Both the American and In-
ternational Standards agree within 0.20
dB.

Given in Fig. 2-93C is the USASI
Standard S1.4-1961 with the frequency
responsc extended at the lower end to
10 Hz, and at the upper portion to 20,00
Hz. Also included Is an additional char-
acteristic curve, N (it is not a stendard),
Thls latter characteristic s a proposed
characteristic to be used for the mea-
surement of broadband noise such as
encountered in the nojse measurement
of jet aircraft engines.

weightod
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Fig. 2-93A. Wcightcd curves for sound-level mcters monufactured prior to 1961 (ASA
224.3-1944),
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The selection ‘of a weighted curve for
a particular measurement. is generally
predicated on the type noise to be mea-
sured. As an example, curve “A" of
Fig. 2-93B is often cmployed when
making speech-interference measure-
ments, while curve "“B” is used for traf-
fic surveys, Whenever a single mea-
surement is made, the reading should be
described—eurve “A" 45-dB welighted
curve, and for “B” 20-dB weighted
curve. In the past, lor single rcadings
the following rule was used. For levels
below 55 dB, characteristic “A" was
selected; eurve “B” was used for levels
of 55 to 85 dB; and above 85 dB, char-
acteristic “C” was used (flat). However,
curve “A" is the onc most gencrally
employed. Readings taken with curves
"A" and “B" are referred to as sound-
level readings, and those made using
curve “C" (fat) arc relerred to as
sound-pressure levels,

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

.

THE AUDIO CYCLOPEDIA

acteristics te Indicate the frequency
distribution of the noise. With the same
level on all three characteristics, the
sound generally predominates above
600 Hz. For levels using the “C" char-
acteristics which are higher in level
compared to curves "A"™ and “B,” the
greater part of the noise is probabiy
below 600 Hz (see Question 5.98).
2.94 Dafine the term ambiophony.—
It relates to-a method of inducing artifi-
clal reverberation into an auditorium,
by use of loudspeakers in the celling
and around the walls. Each group of
loudspeakers is delayed In their repro-
duction the appropriate amount of time.
corresponding to the normal delay for
its position. Thus, an auditorium may
be treated in such a manner that rever-
beration is induced only by the elec-

tronlc  reverberation system. (See
Question 2.37.)
295 Whot is prescoring?—Music

recorded prior to the shooting of a mo-
tion picture or television scence. The
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Fig. 2-93C. USASI (ASA) Standard for sound-level meters plotted to indicate the
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sound track is played back from loud-
speakers on the stage and the action is
synchronized with the sound, and pho-
tographed. This method is gencrally
used in the production of large scenes
in musical motion pictures or scenes
where it is impractical to record the
action and sound simultaneously.

2.96 What arc the sentences used
for testing sibilance?—Sister Susie is
sewing shirts for soldlers. Or, she sells
seashells by the seashore.

2.97 How should reverberation be
added to program moterial to produce
the illusion of o large audhtorlum?—The
reverberated signal is fed to the record-
ing channel In such a manner that it is
not tco apparent, but is the result of
natural reverberation in the studio. At
appropriate times, such as during rests
or other silent spots in the program,
the reverberation Is increased slightly
to give the effect of a large hall. Equali-
zation must be included to correct for
the frequency distortion of the echo
chamber. (See Questions 2.80, 2.81, and
282)

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

the camera moves in on the subject to
be photographed or being phatographed.

2.99 What is o reverberant cham-
ber, and what is its purpose?—The re-
verberant chamber is the direct oppo-
site of an anechoie chamber discussed
in Question 283. It is constructed of
highly reflective surfaces. An important
factor of any noise-producing device is
the total radiated sound-power level
(SPL) or the acoustical energy gener-
ated by the device. Scund-power level
is proportional to mechanical energy. If
the PWL of a device is known before its
installation, it is possible to predict the
noise level It will produce in its final
environment.

Reverberant chambers are generally
constructed using sheet-metal walls,
and having solid surfaces without any
acoustical backing. Stiffening braces are
used to hold the surface Aat, Other sur-
faces such as Masonite, Transite, and
similar materials may be used instead
of metal. Figs. 2-99A and B are plans
and cross-sectional views of typical re-
verberant rooms. A table of absorption
coefficients for a reverberant room
using octave-band filters is given in
Fig. 2-99C.
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Fig. 2-99A. Plan view of reverbergnt
chamber.

Octave Band Meas. Abs.
Freq.-H:z Coeff. ( )
75- 150 0.056
150- 300 0.056
300- 600 0.040
600~1200 0.031
1200-2400 0.029
2400-4800 0.040
4800-9600 0.045

Fig, 2.99C. Typical reverberant room ab-
sorption cockficients for structures as
shown in Fig. 2-99A and 2-998B

If the device being tested has a rela-
tively constant acoustic output, the
sound-pressure level will be essentially
uniform and constant in a reverberant
room. The sound-power level of such
items as a fan, motor, pump, or similar
device which distributes acoustical en-
ergy over a wide hand of frequencies
can be determined by a few simple
measurcments in a reverberant cham-
ber. The sound power level may be
computed:

PWL = SPL + 10 Log. V — 10 Logw
T — 19 dB—re: 10™* watt
where,

V is the room volume in cubic feet,

T is the reverberntion time of the
room in seconds,

SPL is the sound pressure level mea-
sured In decibels.

Reverberation time is calculated using
the formnula given in Question 234, or
measured with a high-speed level re-
corder. The terms T and V are cssen-
tially constant for o given room, there-
fore the PWL can be obtained from the
SPL measurements, once the room has
been measured.

A reverberant chamber should be
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Fig. 2-99B. Cross-scctional view. Cubic
valume approximately 2100 cubic feet.

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

ber manutactured by Industriol Acous-

tics Co., Inc. The poncls shown In the

center of the room can be revolved

simultoncously both hordxontally and
vertically.

constructed to meet the following con-
ditions: The walls mmust not be parallel,
and its dimenslons must not be similar.
The device to be tested is placed near
a wall on the floor, never in the exact
center of the room, The microphone or
device under test should be rotated to
avoid measurement of standing wave-
farms. In Fig. 2-99D, the interior of a
reverberant room is shown, with re-
volving panels that revolve simulta-
neously, both horizontally and verti-
cally.

Other measurements made using a
reverberant room are absorptlon coeffi-
cients and random colibration of mi-
crophones, loudspeakers, and other de-
vices. Industry is making extensive use
of the so-called quiet room for mea-
surement of household appliances. The
room is constructed with panels com-
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posed of sheet metal, with an interior
perforated metal surface and an acous-
tical fill sandwiched between the metal
sheets. Such rooms are used for the
checking of production runs and isolat-
ing areas where It would be impractical
to install extensive acoustical treatment.

Reverberant rooms may be con-
structed using 8-inch concrete block. A
typical rcom constructed for miero-
phone and loudspeaker research may
have the following inside dimensions:
19.5-fect long, 13.67-fect wide, and a
ceiling height of 114 feet. The ceiling
consists of 2-inch hollow-core pre-
stressed concrete beams. The Inslde is
sealed with Butyl rubber-asphalt com-
pound. The walls are coated with 34-
inch gypsum plaster finished with Y-
inch hard lime plaster, and the floor is
covered with clear alkyd enamel. The
door Is a MAve-inch acoustical door,
hung in a double frame, and carefully
sealed to the concrete block structure.
The inside volume is 3070 cubic feet,
with a boundary of 1290 square feet.
The measured response for such a room
is shown in Fig. 2-99C.

2,100 What is a Sono-Yox sound-
effects mochine?—A device for produc-
iug the effect of a traln whistle, an
automobile horn, or a musical instru-
ment talking. It is used quite exten-
sively in radio commercials. The Sono-
Vox makes the production of articu-
lated sounds possible although the
human voice is not actually used. The
human speech mechanism is employed,
replacing the normal vocal cord output
by the sound It is desired to articulate.

Referring to Fig. 2-100, it will be
noted that on the left is shown the
dialogue sound track to be articulated
and the person who is to act as the
articulator. The sound-elfects track is

DIALOG

connected to the Sono-Vox amplifier
which drives the Sono-Vox articulators.
These devices are placed against the
throat of the articulator who Is seated
in front of a mierophone connected to
a recording channel.

The articulator mouths the desired
words but is careful to make no sound.
The Sono-Vor articulators at the throat
will transmit the sound fromn the sound
effects track into the larynx. The sounds
emerging from the throat of the human
articulator are picked up by the micro-
phone and recorded. Thus, a whistle or
bell is made to talk.

2.710? How Is o miciophone boom
constructed®—A microphone boom is a
mechanical device consisting of a re-
tractable metal tnbe or rod mounted
on a dolly, as shown in Fig. 2-101A. The
microphone is suspended at the end of
the rectractable tuhe on a turret head,
which may be rotated by the boom
operator towards the actors for the best
sound pickup.

A typlcal microphone boom, manu-
factured by the Fisher Boom Company,
is shown in Fig. 2-101A and is used
extensively In the produetion of motion
pictures and television shows. The re-
traetable tube may be extended to 16
feet and the microphone turret head
rotated through 360 degrees. The bear-
ings are Neoprene-sealed ball bearings,
for quictness and ease of operaticn. The
boom is demountable and, packed for
shipment, welghs approximately 210
pounds,

A large studio-type microphone
boom manufactured by The Mole-
Richardson Co. is illustrated in Fig.
2-101B. This boom weighs about 500
pounds and is constructed similarly to
the one previously described, except it
is not readily portable.

CUING
' *ARTICULATOR”
>t MIC Sone-ves 'r?o ::::E.
¥ D—e{ Ama A
Amp CHANNEL
@)
HEADPHONES /
¥ SPECIAL
MRcULAOs SONO-VOX
‘ AMPLUIFIERS
Sono-Ves EFFECT
Arliculotor pbe—o"  Am - | souso
v ‘1.” or '3 P—{ '

Fig. 2-100. Sono-Vox sound effects recording channel,
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Fig, 2-101A. A light-welght portable microphone boom manufacturcd by the Fisher
Boom Co,

Fig. 2-101B. A heavy studio microphone boom menufacturcd by the Mole-Richard-
son Co.

2,102 What is a turret heod?P—A
rotatable microphone support on the
end of the retractable tube of a micro-
phone boom, as shown in Figs. 2-101A
and B. Tilting mechanisms are often
mounted on the turret head for the
purpose of moving the microphone in a
vertical plane.

2.103 Whot is the advantage of
supplying the microphone boom operator
with headphones?—To aid him in main-
taining uniform sound quality. The
boom operatoer's headphones are con-
nected to the same monitor clreuit as
the mixer's, Thus, the boom-man hears
as the mixer hears. As a rule, the boom
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operator’'s headphones are also con-
nected to a communication clrcuit so
that the mixer may give him orders
when nccessary.

2.104 Describe o rodlo playback sys-
tem used for motion picturc ond tele-
vision productlon.—A system that has
been used to good advantage is the
radlo playback system which utilizes a
transmitter and individual receivers,
Each principal and others concerned
carries a miniature radlo receiver econ-
nected to o hearing aid earpiece. A jow
powered radio transmitter is set up on
the stage and connccted to a loop an-
tenna which surrounds the set. Working
within the loop, the actors listen to the
musle picked up by the miniature re-
celvers and sing and dance as the case
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may be. Provislon is also made for the
director to give orders to the actors
while they are in action. (See Questions
295 and 4.72)

2.105 Whot is a review room?—A
small theater, on a motion picture lot,
for reviewing the finished product or
daily work. These rooms are main-
tained to a standard for uniform quality
of picture and sound reproduction.

2.106 What is the peak intensity of
sound that may be expected in a review
racom?—At least 8¢ dB above the
threshold of hearing; therefore, the
walls should be well insulated and dif-
fused.

2,107 Delinc the term naise criteria.
—It i3 the maxrimum permissible noise
level for a given enclosure, measured in
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octave-bands as a function of the oc-
tave-band center frequency. A group of
such curves is shown in Fig. 2-107.
Curve NC-20 is the one most commonly
employed for theaters, concert halls,
studios, and simllar structures. How-
ever, the NC-15 curve should be used
whenever possibic. The curves include
all noises, such as external noises and
leak-through from other studios, inter~
nal noises, and the ventilating system.
The curve at the lower left, is the ap-
proximate threshold of hearing for con-
tinuous noise,

2.108 What is the overage ambient
noise level of & theater?—Approxi-
mately 40 dB above the threshold of
hearing.

2.109 Why is it desirable to reduce
the low frequencics when recording dia-
togue?-—To remove lubhyness from the
voice caused by playing too elose to the
microphone, also, to reduce the low-
frequency accentuation caused by sets
and reflected sounds.. (See Question
18.81.)

2,170 Describe the construction of
a looping stege.—Looplng stages are
generally used for post-synchronization
of a new sound track for an existing
picture. The recording of a new sound
track may be necessary for several rea~
sons-—the dinJogue had noise In the
background; it could not be shot on
location because of expense or area;
certain characters are to be revoiced;

sTonuce a
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a sound track must be replaced due to
technical difficultles; or the picture is to
be revoiced for another language.

The enclosure of a looping stage is
designed so that the walls can be read-
ily altered to change the acoustic con-
ditions to match a particular scene or
effect. By moving a group of acoustic
panels on the walls, the reverberation of
the stage may be ehanged from » dead
stage to a live stage. A group of mov-
able wall panels on a looping stage at
Unlversal Studlos, Universal City, Cali-
fornia, Is shown in Fig. 2-110B, with a
Aoor plan shown in Fig. 2-110A.

Referring to the floor plam, on the
north wall is a total of 9 panels, with
5 panels that are movable approxi-
mately 180 degrees. Each panel is 4 ft
% 16 ft, hinged at the top and bottom,
supported by a pipe running parallel
to one edge. The inner and outer sur-
face of each panel is treated to be
acoustically hard and soft. It will be
noted the wall surfaces behind the fixed
panels are treated acoustically and are
qQuite dead. The panels are set at an
angle of approximately 10 degrees, The
fixed panels act somewhat as a fat
splay as discussed In Question 2.77. The
panels on the west wall are also mov-
able, but are only 2 ft x 13 It in height,
as they must clear the projection room
ports above. The treatment of the west
and south wall panels is similar to the
north wall panels. The stage volume is

1 »”
| o PROJECTION
36 ’ 2 CELING —— N ROOM
FiXED
! PANEL = PORTS 1’
N f(‘ ASOVE FLOOR
N
AR AND MOVABLE 4
WATER FOR  MOVABLE MOVABLE PANEL “
EFFECTS  PAMELS PANELS
U / p HINGE. / FIXED
LN
| In * FIBERGLAS -~
| S e — o

Fig. 2-110A, Floor plan of looping stage ot Universal Studios, Unlversal City, Cali-
fornic. |n addition to looping opecrations, this stage is used for making sound effects
and can, if necessary, be used as a dubbing stage.
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Fig. 2-110B. Interior views of a looping stage at Universal Studios, Universal
City, California.
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Fig. 2-110C. Looping sctup using two
#Hlat ponels, with movable panels on the
walls,
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Fig. 2-1Y0D, Looping sctup using two
panels set ot an onglc of 10 to 15 degrees.

on the order of 39,000 cu. ft. Wall areas
above the panels are set at an angle for
diffusion. At the east end of the stage, is
a standard motion-picture screen and
loudspenker for projecting the scenes
to be looped. The monitor room in the
southwest corner of the stage is
cquipped with a mixing console and
other necessary equipment. Outlets are
provided on the south wall for micro-
phones, headphones, and intercommu-
nication. Four views of the north wall
panels are given in Fig. 2-110B, show-
ing placement for different combina~
tions of the acoustic panel surfaces.
In Figs. 2-110C and D are shown two
sctups that may be used for looping.
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Two flats of the proper acoustieal prop=
erties are sct one on each side of the
actors, at an angle of 10 to 15 degrees.
with a slight angle with reference to
each other, The microphones are hung
from the overhead at a fixed distance.
Footmarks are placed on the floor for
the best position of pickup and future
reference. The side wall panels are
acoustically hard and soft with the
walls behind the panels treated for a
high absorption. The panels are linked
together, mechanically, and operated by
a motor-driven rack and pln arrange-
ment. Thus, for malching the original
environment the mixer may adjust the
acoustics of the room as he listens to
the original sound track.

Looping cquipment is discussed in
Questions 17.223 to 17.227.

2,111 What Is 3.0 sound?—The
The term applied to three-dimensionat
or stereophonic sound.

2.112 What is o monaural sound
system?—A sound system consisting of
one source of sound, such as a radio,
magnetic tape, a record, and the like,
using a single loudspeaker for repro-
duction. It is also termed monophonic.

2.113 What Is a binsural sound
systemP—A  system consisting of two
microphones at the point of pickup,
pluced in the same relationship to each
other as the cars of a listener. The
microphones are connected to separate
amplifier systems and transmit the pro-
gram material to the listener through
hecadphones. Each headphone s con-
nected to its own amplifier. Such sys-
tems are considered to be as nearly
perfect as present-day knowledge will
permit. The block diagram of such a
system is shown in Fig. 2-113. True
binaural sound cannot be achieved with
loudspeakers, only headphones. When

lagt we. 2
f?
-
l LISTENER l
| i

J“ HEADPMONES

Fig. 2-113. A truc binourel sound-repro-
ducing system.
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loudspeakers are used it is two channel
stercophonic sound.

2.114 Whot is a stereophonic sound
system?—A system using two or more
microphones with a separate amplifier
and loudspeaker for cach mierophone
channel. This system is also referred to
as an auditory perspective system. With
such an arrangement of equipment, the
sound travels from one speaker to the
other as the prineipals move across the
stage. Such o system permits an or-
chestra to be reproduced closer to its
proper perspective.

2,115 Describe how o productlan
stage moy be altered oacoustically for
recording music.—Stlapes designed for
production shooting generaily have a
reverberation period on the order of
05 to 0.6 second, and are not suitable
for the recording of music unless the
reverberalion period is lengthened.
Such stages may be used for music re-
cording by the use of a group of poly-
cylindrical diffusers (Fig. 2-16D). These
diffusers are placed about ! foot apart
in a semicircle at the rear of the orches-
tra and shightly forward at the sides, as
illustraled in the floor plan drawing of

Fig, 2-115,
6;.-":1500:0

Fig. 2-115, Floor plon Ffor setting up
polycylindrical diffusers to record an
orchestro, The squares represent the
acoustic clouds hung fram the overheod.

After construction, the diffusers arc
backed by hanging a Fiberglas blanket
from top to bottom; however, in somce
instances they may be left open. They
are held In vertical position by sand
bags at the bottom: and stage braces at
the sides. Assume a total of 12 panels
are to be used, they are made up in
pairs having 60- and 90-degree convex
surfaces and placed alternately as shown
in the Illustration.

In addition to the diffusers, acoustic
clouds about four feet square made of
plywood are hung from the overhead 12
tu 15 feet above the orchestra. No two
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are to have the same exact angle rela-
tive to the Acor. The surface of these
clouds is sprayed with lacquer as arc
the diffusers. In the construction of
such diflusers and clouds, Masonite
should not be used as 1t is not stiff
enough. Two by four wooden braces
set cdgewise are used across the upper
surface of the flat panels used for elouds
which, if not braced, may vibrate, caus-
ing rattles and buzzes. (See Question
2.76.)

2.116 What is ocoustic gain?—It is
the difference in sound pressure level
between an unassisted performers
acoustic output, and the same perform-
ance using a sound reinforced system as
measured at a given observation loca-
tion.
auditerium?P—This is an expression used
to indicate that the acoustic peaks in an
enclosure have heen reduced by the
use of a series of tuned circuits In the
electronics of the sound system feeding
the enclosure. Although this method of
correcting the acoustic characteristics
of an enclosure was used by Volkman
of RCA In motion-picture theaters in a
simplified form as carly as 1930, it has
remiined for Dr. €, P. Boner and his
son, C. R. Boner, with the aid of medern
test equipment to realize the full capa-
bilities of such a mecthod.

VOLTAGE
AMPS

>+

TUNED FILTERS —— ]

To tune an auditorfum, a small loud-
speaker is placed about two feet behind
a microphone placed in the position
where It will be normally employed.
The loudspeaker Is directed into the mi-
craphone and the auditorium, and is en-
ergized using a random-noise generator.
The output of the speaker is adjusted
for an SPL of about 80 dB, as measured
on a sound-level meter close to the mi-
crophone. The initial adjustments are
accomplished with the sound system off.
A reading of the speaker level fed by
the random-noise generator Is then
taken at the extreme rear of the audi-
torium with n sound-level meter. The
sound system is now epergized with the
random-noise generator and the gain
adjusted just below the point of feed-
back.

At this point of gain, the SPL of the
sound system is noted. Subtracting the
first measurement from the second
gives the acoustical gain of the audi-
torium. As a rule the average audito-
riuin will yield about 1 to 2 dB of
acoustic gain. With the auditorium
properly tuned, up to 30 dB of acousti-
cal gain is possible. This will permit the
full frequency range to be realized, thus
increasing the intelligibility of speech
and zlso enhaneing the reproduction of
music.

—T—1> -

- so0cn LNE — — -

Fig. 2-117A, Yoltage ond power amplifier with tuned filtcrs.
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Fig. 2.117B. Tuncd-filtcr clrcuitey.
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Fig. 2-137C. Front view of Altcc-Lansing Acousto-Voicc variablc filters, Range 625
to BOOO Hi, variable in steps of | d8 for o total range of 14 dB.
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Fig. 2-117D, Front view of Altec-Lansing Acousta-Yoice voriable filters. Range 60
to 12,500 Hx, varioble in steps of 1 dB for o total range of 14 d8.
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Fig. 2-117E. Responsc curve of the Acousto-Yoicing aystem.

Fig. 2-117F. Tuned filter sections manufactured by the DuKane Corp. uscd in thelr
Yaracoustic sound control system. (Courteay, Pacitic Communications Led.)
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Fig. 2-117G. Impedance-correcting nctworks used with the DuKgne Yarocoustic
sound control system.

Dr. Boner’s method of tuning an en-
closure is to employ a group of tuned
filters betwcen a separate voltage and
power amplifier, transformer coupled
by a 600-ohi impedance line (Figs. 2-
117A and B). It is in this line that the
tuned filters are connected.

Through the use of such filter sec-
tions, the gain of the amplifier system is
reduced at the peak frequencies of the
audltorium, resulting In an {nverse
electrical correction that simulates a
uniform (or approrimately uniform)
dacoustic response, It is not uncommon
in some auditoriums to encounter peaks
on the order of 20 dB or more. It should
be understood the acoustics of the audi-
torium are not corrected, but the fre-
quency characteristies of the amplifier
system are gltered inversely to the au-
ditorium characteristics to compensate
for the acoustical peaks. The amplifier
system is of uniform frequency charac-
teristics without the flters.

This system of correcting for acoustic
peaks is generally used where one or
more microphones are employed, This
method of ccoustic correction for mo-
tion picture theater reproduction is not
recommended at this time, since the
sound system would not dbe compatible
with the frequency characteristics used
for recording motion pictures.

After inserting the first peak filter,
the sound system is again energized and
the next largest peak noted. A tuned
filter of the correct frequency is in-
serted in the link circuit and adjusted
for the peak amplitude. This same pro-
cedure Is followed until all the major
peaks are removed. Small peaks may
now be removed in order of their im-
portance. It Is possible in a large audl-
toriuin {0 employ 20 to 100 tuned hlters.
In a well-tuned auditorium, an acoustic
gain of 15 to 20 dB can be expected.

Notch filters suitable for this work are
discussed in Question 7.12 (See Ques-
tion 2.116.)

A second method of tuning an audi-
torium, developed by Arthur C. Davis
and Don Davis of Altec Lansing Corp.,
accomplishes similar results, except the
tuned-circults are constant-impedance
bridged-T filters spaced ¥ octave apart.
It is claimed for this method of tuning
that hangover and ringing effects in the
tuned eircuits are avolded; also, the im-~
pedance remains constant, wherens
tuned circults are not of constant-im-
pedance. In setting up this latter sys-
tem, a method of determining the peak
frequency of the auditorium and ad-
justing requires only the use of an os-
cilloscope. This system has been lermed
Acousta-Voicing by Altec Lansing.

Pictured in Figs. 2-117C and 2-117D
are front-panel views of the Altec-
Lansing system, showing the filters and
their controls. The small group is used
where a small number of filters is re-
quired. The larger group will supply
corrections for 24 different frequencies.

A response curve (A) taken from the
left hand loudspeaker of a two-channel
stereophonic reproducing system In a
given enclosure Is indicated in the
graph of Fig. 2-11TE. Frequencies of
constant amplitude were applied to the
amplifier system, and the acoustic re-
sponse of the enclosure was measured
by means of a sound-level meter. The
frequency response of the amplifiers
without the filters was uniform over the
indicated frequency range given at the
lower edge of the graph.

Superimposed curve “B” is the in-
verse clectrical response of the bridged-
T filter sections alone. Each filter sec-
tion is capable of being attenuated 14
dB. Greater attenuation for a given fre-
quency can be achieved by adding a
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second filter of the same frequency. The
lower curve “C” represents the acousti~
cal response of the enclosure after the
introduction of the various filter sec-
tions, again read with a sound-level
meter. It will be observed that the rising
characteristic at the low-frequency end
and the midhigh frequency portion of
the spectrum has been reduced, result-
ing in the listener hearing a more uni-
form acoustical response in the audito-
rlum. The right-hand amplifier system
was treated in a similar manner.

If the problem is one involving only
two or three peaks, peak frequencies
may be reduced by connecting tuned
circuits or other type filters in the out-
put of the power-amplifier feed line to
the speakers. (See Fig. 20-137.) Or, the
amplifier system may be altered as dis-
cussed in Question 6.96 under Equal-
izers, a method still used in some the-
ater cquipment. When using filters in
the output line of a power amplifier, the
insertion loss of the filter must be quite
low; if It Is not, considerable power will
be lost.

In evaluating the two systems, the
first system described employs filters
luncd to the exact frequency of the au-
ditorium peak frequency. in the latter
system, the filter frequencies are fired,
but scparated in 14 octave intervals.
Therefore, it is possible that a filter {re-
quency may he almost on the peak but
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not exactly. Also, the adjustment range
is in 1-dB steps, whereas the tuned-
filter type is adjusted to the eract am-
plitude of the peak.

Using cither of the two systems in an
auditorum resulis in greater acoustic
gain by the reduction of acoustic feed-
back and the removal of objectionable
peaks in the auditorium. Listening to
reproduction through ecither of the
above two systems, a noticeable im-
provement is observed.

A third system, manufactured by the
DuKane Corp.,, termed Vareeoustic
sound control is pictured in Fig. 2-117F.
Although only four fliters are shown,
any number may be employed, and they
are similar to those employed by Dr.
Boner. In addition to the filters (con-
nected in a 600-ohm link between the
voltage and power amplifier) are impe-
dance-correcting networks in parallel
with the lines from the crossover net-
work feeding the loudspeaker sections.
These networks tend to hold the
speaker impedances fairly close to their
design value which normally varies
over 3 considerable range. (See Ques-
tions 2089 to 20.91.)

2118 Show o typical microphone
plocement plon for monophonicolly re-
cording an orchestro and vocolist,—~Such
a plan is shown in Fig. 2-118, using a
split recording channel. The final mi-
cropheone placement will be governed

PERCUSSION
ﬁ C
\SIMN(&
PASS
— 5 ¢
Q =

OVERALL
PICKUP

Fig. 2-118. Suggested microphone floor plan for monophonic rccording of o lorge
orchestra ond o vocolist.
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by the solo instruments, number of
musiclans, and the type of music to be
recorded.

2.119 What is mecant by prescncu?
—A quality in the reproduction that
gives the impression to the listener that
the person speaking is present in the
roon.

2120 How is presence obtaeincd in
recording?—By microphone placement,
proper equalization in the midfrequency
range, the acoustics of the recording
studlo, and the signal-to-nolse ratio of
the studio and recording system.

2.121
bond is presence equolization intro-
duced?—In the frequency range from
1500 to 5000 Hz Recording characteris-
tics are discussed in Queslion 18.81.
These same recording characteristies
arce also used with magnetic tape and
dise recording. Presence equalization
may also be added during rerccording
or when transferring sound tracks.

2.122 How are microphones set up
on a music-scoring stageP—There are
no fixed rules regarding microphone
placement on a music stage; however,
the usual method is to employ indi-
vidual microphones for the solo Instru-
ments and vocalist. Separate micro-
phones may be used to build up the
woodwinds and strings, depending on
the orchestration, aad if the pickup is
monophonic or stereo. (See Question
2.74.)

2123 Whot Is the rccommended
placement for o single microphone or-
chestro pickup?—Approximately 20 to

in what port of the frequency
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30 feet in front of the orchestra and
snspended at a height of 12 to 18 feet
above the foor. A capacitor or ampli-
tude-moduiated microphone is often
used for this type plekup. If too much
reflected sound is heard, move the mi-
crophone closcr to the orchestra. This
will also improve the definition. For
dance bands a higher order of definition
is required than for a large orchestra.
Onec or more microphones may be re-
quired for solo Instruments and a vocal-
ist. Velocity microphones with direc-
tiona] characteristics should be used for
the latter positions.

2.124 Show the microphone place-
ment for a smoll danco band.—Such a
setup is shown fn Fig. 2-124, and is
typical of that uscd for broadcast and
recording. Each microphone covers a
group or an individual instrument. The
microphones should he placed close to
the instruments to obtain a high order
of definition.

2.125 Show the microphone ploce-
mant for a smoall television show.—A
typieal setup for a small television stu-
dio, presenting action on a set, inter-
mixed with commercials, and using a
musical background, Is shown in Fig.
2-125. A wunidirectional microphone
should be used on a boom to reduce
reverberation and background noise of
the stage.

2.126 How arc microphones placed
for a radio broasdcast show?—The pre-
sentation of a radio broadcast show is
slightly different from that of other
type microphone pickups. The actors

-
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Fig. 2-124. Typical instrument and microphone sctup for o small donce band.
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Fig. 2-125. Typicol setup for small television studio.

are gencrally placed on each side of a
ribbon-velocity microphone (figure-8
polar pattern) to eliminate the need for
stepping up to the microphone. The or-
chestra and announcer use unidirec-
tional microphones to reduce noise and
pickup from other parts of the pro-
duction. The sound effects man is placed
behind fats, for isolation (Fig. 2-126).
A unidirectional microphone is also
cemployed here. (See Question 4.47.)

2.127 Show the bosic placement for
rocording or broadcasting a large sym-
phony archestra.—The basic plan for
microphone placement, when recording

or broadcasting a large symphony or-
chestra, is shown in Fig. 2-127. Al-
though only a few microphones are
shown, actually In such a large opera-
tion mierephones would be placed In
several other positions to pickup a solo-
ist or a group of instruments. This
would bLe particularly true for televi-
sion. An overall microphone is sus-
pended about 15 feet above the orches-
tra, and about 50 te 25 feet in front of
the first row of instruments. Consider-
able care must be taken to balance the
orchestra for a uniform pickup. If the
recording or broadcast is to be released

ORCHESTRA

pos

ACTORS
o
w O % o
O
o ©O
FLAT
P g
¥ 4 L
/0 LY O

gUID

Fig. 2-126. Typical microphone setup for radio broadcost show.
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Fig. 2-127. Basic sctup for large symphony orchestro.

stereophonically, dual mierophones and
special placement techniques are em-
ployed.

2.128 Describe the ditterent meth-
ods used to produce artiticial reverbero-
tian.—Over the years there have been
many different methods of generating
artificial reverberation. Awmong these
methods are magunetic recorder-repro-
ducers employing several reproducer
heads spaced at intervals along the
tape to induce delay. Another inethod
uses long metal pipes laid In a straight
line or colled, with a loudspeaker unit
at one end and a microphone at the
other. Additional microphones are
placed at Intervals along the pipe to In-
duce delay. Another design, the echo
chamber, propagates the sound by
means of a loudspeaker in a room with
hard walls. The sound is fed to a loud-
speaker and picked up by a microphone
at the opposite end of the room. An-
other method employs the transmission
of sound waves through a group of steel
springs or liquid. In this design, vibra-
tions are picked up from the sides of
the tank, thus Inducing delay.

The most commonly employed instru-
ment is one using a large metal plate.
This method is discussed at length in
Question 2.130. (See Question 280.)

2.129 Describe the construction of
a reverberation unit employing steel
springs.—Reverberation units employ-
Ing steel springs are often used with

electronic organs and in some type units
designed to be used with radio receiv-
ers. Reverberation is the prolongation
of sound waves by repeated reflections,
and if the reflection is long enough to
be delayed Yy second, it is then classed
as an echo.

The device shown in Fig. 2-129A is
electromechanical, and introduces mul-
tiple echoes by means of reflections set
up in a network of coiled springs about
3 feet in length. The audio signal, when
fed into the reverberation unit, is con-
verted into mechanical energy by a
moving-coll driver unit at the top of
the spring assembly, The driver unit is
similar in design to a dynamic loud-
speaker unit, hut without a diaphragm.
Waveforms are transmitted through the
coiled springs, which have the property
of conducting the sound waves more
siowly than the speed of sound through
air. In this manner, a spring of sufficient
length can be made to produce a delay
comparable to that in a large audito-
rium.

The driver unit (A) induces vibra-
tions Into the stirrup (B) by its vertical
motion. Springs 3 and 4 hold the stirrup
in position, but perinit it to move with
freedom in the vertical plane. Spring 1,
at the far left, balances the tension of
the other springs, through lever (F)
above the driver unit. Springs 1, 3, and
4 are almost entirely immersed in oil,
as they act largely as dampers, to stae
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bilize the response of the driver unit
and to prevent undesired reflections.
Sound waves from the stirrup travel
downward througb the open spring 5 at
the far right, to a ceramic pickup (C),
where the mechanical signal Js con-
verted to an clectrieal signal and fed to
a preamplifier. The first reflected signal
is delayed about 1§ second from the
original signal, which goes directly to
the output amplifier. The same wave-
form also travels downward through
spring 2 which enters a small oil damp-

-INPUT SIGNAL

" DAMPER FELT
J “"'l]/: LOCK PLATE
e

D

/{“

- LOCK PLATE
- LOCKING LEVER
= __ cONNECTOR RIBBON

Iﬂi Eimmrsm
d- B ©
loloJoloj

Fig. 2-129A. Interior construction of an
electromechanical reverberation  unit
employing c¢oil sptings.
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ing tube. At the bottom of this spring,
the wave is reflected back at a reduced
intensity caused by the damping action
of the oil. At the stirrup, the horizontal
lever (D) transfers the wave to the
right hand spring §, then to the pickup
(C), produclng a second reflected
sound, which is about ¥, second behind
the direct signal. Little energy is ab-
sorbed by the pickup unit and the wave
again is reflected back through spring
5. The first reflected signal transverses
spring 5 and is transferred by lever (D)
and travels downward through spring
2, to the short oil tubc. Here again the
wave is reflected and reduced in Inten-
sity. It then retraces the same path to
the pickup, and produces a third reflec-
tion which is about 45 second behind
the direct signal. The second reflected
signal is similarly repeated, and this
process continues over and over, result-
Ing in a series of signals about 5 sec-
ond apart, unlil they arc dissipated by
the friction of the oil in the short tube.

Above the short oll tube is placed a
reflecting pin (E) attached to spring 2
which causes a partial reflection, thus
smoothing out the overall response. The
higher the level of the oil in the short
tube, the less the number of reflections.
Therefore, adjusting the oil level
changes the reverberation time. Gen-
erally when the oil level has been es-
tablished once, it is not changed, and
only the electrical controls are used to
control the amount of reverberation, A
block dlagram of the extermal connec-
tions is shown in Fig. 2-129B. The use
and connections for reverberation units
and controls In conjunction with re-
cording consoles, are discussed in Sec-
tion 9. (See Question 2.128.)

2.130 Describe the construction of a
reverberation unit employing a steel
plate.—Because of the limnitations of the

%
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Fig. 2-129B8. External connection for on electromechonicol levcrbcmho:- unit,
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various methods of producing artificial
reverberation, discussed in Question
2128, and the space required for the
construction of an echo chamber
(Question 2.81), other means had to be
developed for the generation of con-
trolled synthetle reverberation. In Figs.
2-130A and 2-130B is shown a device
Invented by Dr. W. K. Kuhi, of Ham-
burg, West Germany and manufactured
by EMT of Germany. The reverberation
unit is obtainable for either mono-

Fig. 2-130A. Front view of EMT Model
140st stercophonic reverberation unit
thowing the domping-plate assembly and
cxternal comnections to the omplificrs.
{Courtesy, Gotham Audio Corp.)

SUPPORTY SUPPORTS

DRIVER

MIC.-4 W MIC -8
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STEEL PLATE

i

SUPPCRTS SUPPORTS

Fig. 2-130C. Placcement of the micro-
phones and driving unit for an EMT
Modcl 1403t stercophonic reverberotion

unit,

phonic or stereophonic reproduction.
However, the stereophonic type may be
used for either monophonic or stereo-
phonic reproduction, As the basic prin-
ciples are the same for elther type, only
the stereophonic type will be discussed.

The EMT reverberation unit utilizes
the physical properties of metal to
achieve its effect, by the use of a
specially selected annealed steel plate.
The plate is excited by an Impulse
which sets up wlithin the plate, bending

Flg. 2-130B. Rear view of EMT Model

140st stereophonic reverberotion wnit

showing the two pickup units at the ends

and the drive uni? in the center. (Cour-
tesy, Gothom Audic Corp.)
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Fig. 2-130D. Reflcction paths in the
steel plate of an EMT 140 monophonic
reverberation unit.



92 THE AUDIO CYCLOPEDIA
LEFT INPUT ————g OUTRUT LEFT
© I
oaw-mw ||.'W.M
ISOLATION
ANP, eru QUTPUT ::
DRIVER
I o =
~ ‘[>—-D‘ ouTeyT
I : 1 b3
ISOLATION P ? b3
AnP <
EMT - 120ST STERED REVE UNIT
ouvu-m_) (Lrew-our
ST - — OUTPUT RIGHT
P = —

Fig. 2-130E. Block diagram of the internal ond external ossociated equipment for
EMT 140st stercophonic revcrberation unit. The arrows Indicate the two poths of
signal travel. (Courtesy, Gotham Audia Carp.)

oscillations that will produce reflections
which Increase in density with time.
Reflections in a three-dimensional
room, such as an echo chamber (Ques-
tion 2.81), become more dense as a
function of the square of time. In com-
paring the two systems, the human ear
is unable to recognize the difference
between these twe operating modes.
Through appropriate steel and criti-
cally chosen dimensions, R is possible to
produce a plate that will have an ade-
quate number of oscillations. The length
and frequency respense of the decay
time produce an artificia] reverberation
eflect which is comparable to that ob-
talned using a conventional echo
chamber. Referring to Fig. 2-130B, the
principal component of the unit is a .-
inch steel plate (A), suspended at its
four corners by steel wires under ten-
sion, In a tubnlar steel frame (B). At

the front (Fig. 2-130A), parallel to the
steel plate Is a Fiberglas plate (A) sus-
pended on a pantograph mechanism to
permit its movement toward or away
from the steel plate. At a position of %
inch from the plate, the reverberation
time is reduced to 1 second at 500 Hz
At no time does the absorbent material
come {n actual contact with the steel
plate. The movement of the damping
plate may be accomplished by the use
of a manual contrel (C), or by the use
of a remote control from the mixer con-
sole. The reverberation time Is indicated
in fractions of a second on a remote
meter at the console.

In selecting the material for the plate,

its internal damping and the resulting

reverberation must be taken into con-
slderation. Losses in the plate are addi-
tively formed by the nonfrequency-de-
pendent and the frequency-dependent
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Fig. 2-130F. Reverberation times as a function of trequency tor varicus distances
between reverberation and domping plate.
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parts which are caused by the heat con-
ductivity loss of the bending modes. For
the high frequencles the nonfrequency-
dependent parts predominate. For the
midrange and low frequencies, the {re-
quency-dependent parts predominate,
Since phase velocity of the bending
mode of the plate in the e¢ntire fre-
quency range Is smaller than the veloc-
ity of air, damping of the plate through
the greatly reduced radiation of air-
borne sound may be neglected, when
compared to other damping causes.
Damping is approximately directly pro-
portional to the frequency, and in-
versely proportional to the thickness of
the plate.

The plate is of a high quality cold-
drawn steel, approximately 3 feet X 6
feet X %4 inch in thickness, and will
cause a time delay of about 5 seconds
at a frequency of 500 Hz. The plate
must be completely undamped, and ex-
tremely fat. Referring again to Fig.
2-130B, the tubular frame supporting
the plate has three transverse bridges.
One carries the moving—coil driver unit
(C), while the other two carry two
crystal contact microphones or pickup
units, (D and DD). The frame also sup-
ports the damping mechanism for con-
trolling the length of the reverberation
time. (See Fig. 2-130C).

The steel plate is excited by an audio
signal applied to the driver unit, which
is slmilar in construction to a dynamic
speaker unit, but without a diaphragm.
The reverberated signal is picked up by
the contact microphones, (D and DD).
Since these mlicrophones are accelera-
tion-sensitive, their output voltage rises
at the low frequencles around 250 Hz,
stays constant up to 900 Hz, and falls
off at a rate inversely proportional to

the frequency. The resonant frequency
of the microphones is well beyond
20,000 Hz. The internal capacltance of
the crystal microphone Is approxi-
mately 500 pF'. The vibrational patterns
set up in a plate for a monophonic unit
are shown in Fig. 2-130D.

At a frequency of 1000 Hz, the travel
time between the driving unit and the
microphone is about 8 X 10 seconds,
which equals the time a sound wave in
air travels 8 feet. Because of this short
time of travel of the flexing waveforms,
the successive repetitions follow in
rapid sequence, with the number of
reverberations growing with time,

When adding reverberation to stereo-
phonie recordings, two separate condi-
tions must be satisfied. First, it must
extract from the stereo signal its direct
componeut, and second, it may not as a
result adversely affect the significant
information contained thereiln. To
achieve this eud, use is made of a so-
called “M" channel, which is formed by
the addition of two sterec signals, ac-
cording to the formula, A4B=M
(See Question 4.62). This is accom-
plished by feeding a part of the unre-
verberated signal output to micro-
phones D and DD through isclation
networks, to a common bus. For com-
patihly recorded signals, this addition
of signals D and DD into an “M"” ¢han-
nel produces a monophonic signal con-
taining all the information of the two
stercophonic signals. The two reverber-
ated signals from the microphones are
inecoherent and bear no relationship.
This is an important factor, for the two
resulting stereo signals with echo must
have between them a statistically dis-
tributed directional and informational
content. The frequency response of the
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reverberation time, without additional
damping, corresponds approximately to
that of an ewnpty stone-walled church,
or about 5 seconds at 500 Hz. At the
low-frequency end there is a rise, and
toward the high frequencies a decline
of about 1.5 seconds, out lo 10,000 Hz.

The driving amplifier is so designed
that the third order harmonics will not
exceed 0.6 percent for a peak level of
1.55 wvolts at the Input, using white
noise through a 4-octave filter. This
takes Into consideration the statistical
power distribution of sound modulation
which normally drops toward the
higher frequencies. Signal-to-noise ra-
tio, measured at the output of one con-
tact microphone preamplifier, using a
reference frequency of 300 Hz with a
reverberation time of 2 seconds, is
greater than 60 dB.

Several of these units may be in-
stalled In a single room, without fear of
interference, as there is practically no
sound radiation. The amblent noise
level of the room should not exceed 40
dB SPL. To eliminate low-frequency
noises transmitted through the struc-
ture, the units should be set on resilient
mountings, spaced about 1 foot apart.

A block diagram of the internal and
external connections for the stereoc-
phonic unit and its associated eguip-
ment, is given In Fig. 2-130E. The re-
verberation characterlstics as a funetion
of frequency for various distances of the
damping plate from the steel plate, is
shown In Fig. 2-130F, and the frequency
tolerance, using a white-noise generator
and 1§ octave filter, at a reverberation
time of 2 seconds, is given in Fig.
2-130G. The same information muy be
obtained, using a 25 Hz warble oscilla~
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Fig. 2-131A. Tempo regulator threaded
for tempo regulation.
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tor, The internal input impedance s
1000 chms, and the internal output im-
pedance is 25 ohms, and is designed to
operate into a 200-ohm load impedance.

The complete unit is mounted in a
wooden case, and weighs approximately
400 pounds. The external and internal
appearance of the monophonic unit is
the sume, except for the additional am-
plifiers and contact microphone.

The installation of the described re-
verberation unit is quite critical, If the
maximum capabilities are to be real-
ized. The manufacturer’s instructions
must be followed closely, as the adjust-
ment of the steel-plate tension is all
important. The use of reverberation
equipinent ls discussed in Section 9.

2.131 What is o tempo requlotorP—
A device that may be attached to a
standard magnetic-lape recorder, for
changing the program length without
changing the pitch, or changing the
pitch without changing the program
length.

In Fig. 2-131A is shown a tempo reg-
ulator, manufactured by ELTRO GmbH
& Co, Heidleberg, West Germany,
threaded for tempo regulation. For
pitch control the machine is threaded
as shown in Fig. 2-131B. For pitch con-
trol the most eritical component is the
rotating-head assembly, which consists
of a single magnetic head-coll, with
four separate playback headgaps 0.0002-
fnch in height, spaced 90 degrees apart
at the perimeter. It is essentlal that the
four gaps maich perfectly with respect
to three Important details. First, the
angular spacing must be exactly 90 de-
grees. Second, the four gaps must be
absclutely parallel to each other. Third,
the output from all four heads must

STUXXO RECORDER

SUPPLY TAKE-uP

O - O\
009

CLOSED" pU\O
7N
"“05 0 ‘CAPSTAN
. CAPSTAN, _\_
ROTATING Q
HEADS
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~. . PUCK

[
SPEED OPEN
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TEMPC REGULATOR
Fig. 2-131B. Tempo regulator threaded
for pitch regulation.
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Fig. 2-131C, Exponsion-compression control scale on an Eltra tempo regulater unmit.
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Fig, 2-131D. Playback with an cxpansion of 20 percent. Every 5th section is re-
peated as indicoted by the arrows.
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Fig. 2-131E. Playback with o compression ratio of 10 percont. Every 10th section
is omitted.
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Fig. 2-131F, Playbock with a compression ratio of 50 percent. Every 2nd section
is omitted.

correspond within 1 dB, over a ffe-
quency range of 30 to 15,000 Hz.

The head-coil is comparable to those
used on a standard tape recorder. The
output of the rotating-head assembly is
connected in place of the playback head
on the studio recorder. The magnetic
tape is threaded around the rotating-
head assembly, to make a 90-degree
wrap-around covering two head~-gaps.
During playback, the rotating head
scans the tape by one gap, leaving the
tape as the next gap starls to scan. This
action provides continuous reproduc-
tion regardless of the tape speed or the
rotational speed of the head.

The capstan of the regulater unit is
fixed to a rotating stator of a drive
motor. This stator is driven by an aux-
illiary motor over a constantly variable
transmission. The playback-head as-
sembly Is driven by the rotor of the
drive motor through a gear transmis-
sion. Both motors are synchronous;
thercfore, the speed of the capstan, In
relation to the speed of the playback
head, remalns constant.

Consider now, what actually deter-
mines the pitch. It depends on the speed
of the head gap relative to that of the
tape. If the tape is threaded in the stan-
dard recorder, as shown in Fig. 2-131B
and the speed indicator dial set to 100

percent, thc rotating head will be at
rest, and the tape will playbuck nor-
mally with constant speed and constant
pitch. If the heud assembly is rotated
in a direction opposite to the tape
travel, the result will be an increase in
the relative head gap to the tape speed
with an increase in pitch. Rotating the
head in the direction of the tape travel,
the relative speed of the gap-to-tape
speed is decreased and the pitch is
lowered. As an example, if the rota-
tional specd of the head-gap is in~
creascd to twice the pap-to-tape speed
(30 ips), the pitch will be raised one
full octave. To illustrate tempo change,
it will be assumed that the pitch, as
explained above, has been raised one
octave. Now if the speed of the play-
back Is changed to 7.5 ips, the pitch is
brought back to normal, while the
tempo has been cut In half. This the
regulator accompiishes by linking the
rotational speed of the head with the
speed of the studio recorder capstan in
such a manner as to maintaln the pitch
constant over a wide range of speeds.

To better understand the tempo reg-
ulator functions, expansion of the re-
production time takes place when the
head is rotating In the opposite direc-
tion of the tape travel. When compres-
sing the program material, the hcad
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rotates in the direction of the tape
travel. The tape speed during repro-
duction, in relation to the original re-
cording speed of 15 ips, is adjustable
by a control on the regulator. For ex-
ample, with the control at 120 percent,
an increase In tape speed by 20 percent
results in a reduction of reproducing
time to ™K.y X 1% = 8333 percent of
the original recording time. A decrease
of tape speed to 95 percent represents
an inerease of reproducing time to
108, % 1% = 10526 percent of the orig-
inal recording time. The tapc speed may
be varied from approximately 50 to 200
percent of the original recording time.
Accurate adjustments to within 0.5 per-
cent of the recording speeds are possi-
ble

In Fig. 2-131C is shown the scale on
a regulator unit for setting the speed
of the rotating head for a given com-
pression or expansion. The area be-
tween 80 to 120 percent is the normal
operating band, where the minimum
amount of distortion may be expected.
Outside of these limits, the distortion
will increase, depending largely on the
type of recording.

The increase of reproducing time is
basically an expansion of the recording
time, obtained by repeating the repro-
duction time of certain individual sec-
tions. The decrease of time is obtalned
by omitting certain sections of the re-
cording, and combining the remaining
sections to obtain a continuous repro-
duction. At the same time, the speed of
the recording medium in relation to the
playback media (relative speed) is con-
stant. This is achieved by the special
motor assembly discussed previously.

Playback of a tape with an expansion
ratio of 20 percent means the reproduc-
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tion of every Sth section of tape Is re-
peated again, as shown in Fig. 2-131D.
The arrows above the numerals indi-
cate the repeated sections. Using the
compression ratio of 10 percent (Fig.
2-131E), every 10th section is omitted,
and the 11th section follows immedi-
ately after the 9th section, the 21st after
the 19th, ete. Using a compression ratio
of 50 percent, every 2nd section is
omitted (Fig. 2-131F).

To prevent the occurrence of audible
distortion, it is necessary that during
expansion no complete sounds are
omitted, or during compression, no
complete sounds are repeated. The ad-
ditions or deletions are on the order
of 30 milliseconds, and are always
shorter than the shortest sound, in
either music or speech. In use, the reg-
ulator unit may be installed perma-
nently on a studio recorder, or set on a
stand that is parallel with the transport
system of the recorder. The output of
the rotating head is connected in place
of the normal playback head in the
studio recorder. The regular unit con-
tains no amplifiers or electronic com-
ponents, except the special driving
motor assembly.

Tempo regulators have been used
quite successfully in the motion picture
industry for correcting sound tracks
where the sound and picture are not
synchronized. The sound track is rere-
corded at a speed that matches the
action. If the out of syne conditions are
such that the rate of change varies be-
tween action and sound, short scctions
of the sound track are rerecorded and
during the cditing are eut in at the
proper posltions.

Other uses for tempo regulators in-
clude training courses, slowed down

Fig. 2-132A. Universal Audio Inc., Madel 962 Digitol Metronome,
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Fig. 2-132B. Schematic diagram for Universal Audio Inc. Model 962
digital metronome.
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speech for language study, dccreasing
the time of commercials for radio, die-
tation speed reproduction, and many
other uses. Speech compression is also
possible using computer techniques. For
detalls of this type compression the
reader is referred to the appropriate ljt-
erature.

2.132 OQutline the principles of met-
ronome design and operotion.—Metro-
nomes are either a spring-driven or
motor-driven mechanical device, with
a moving pendulum, which produces a
tick as it moves back and forth, for
beating time. The rate of the beat Is
controlled by a movable hob that may
be ralsed or lowered on the pendulum,
to adjust for a fixed amount of beats
per minute.

The Universal Audio Inc., Model 962
digital metronome (Fig. 2-132A) is a
precision instrument capable of 312 dif-
ferent tempo beats with maximum de-
viation (nonaccumulative) on the order
of = 250 microseconds, and is used by
motion plcture studios for animation,
sound effects, and with music scoring.
The volume is adjustable, and low out-
pul impedance permits the use of a
large number of headphones. The beat
has a sharp and distinet wavefront, so
that it may be easily heard over back-
ground noise usually present in Alm
loops. Based on film speeds of 24 fps,
tempo beats of 1 frame per beat to 40
frames per beat in 13 steps are avaflable
by selector switches.

An oscillator, synchronized to the 60-
Hz line frequency gencrates the timing
puiscs. When the proper count of pulses
is reached, an output click is produced,
and the counter is reset. Two vollages,
—36 and ~-16 Vdc, and a 120-Hz signal
for oscillator synchronization, are gen-
crated in the power supply. The natural
frequency of the oscillator is slightly
slower than the required 960 Hz since -it
is a free-running (astable) unsymmet-
rical multivibrator so designed for ease
in synchronization, which s accom-
plished by the 120 Hz derived (rom the
transformer secondary and diodes CR2
and CR4. The schemalic diagram Is
given In Fig. 2-132B.

2133 MHow are film spool-benks
and continuous film-feed mechanisms
constructed?—A film spool-bank is a
group cof 16-mm or 35-mimn ball-bearing
plastic rollers used in film processing
machines, mounted on u metal pole with
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Fig. 2-133A. Film spool-bank with ad-
justable rollers.
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Fig. 2-133B. Film spool-bank using a
plywood support.
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Fig. 2-133C. Continuous fliim-feed mech-
anism, for audio-visual devices

clamps for holding and separation of
the rollers, as pictured In Fig. 2-133A,
A portion of the rollers are mounted on
short supporting arms to permit the
film loops to clear each other as shown.
Using scveral rollers will permit a
rather large amount of filin footage to
be stored with litde wear to the film
surfaces.

A second method (Fig. 2-133B) em-
ploys a group of rollers mounted on a
plywood board. This will also store
considerable film. Both these methods
of loop storayge are used extensively in
rerecording installations.
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A third method is given

in Fig.

2-133C, and consists of a loosely wound
roll of lm mounted on a motor-driven
flange. The inner end of the flm sup-
plies the projector or sound head, while
the outer end acts as a take-up. The
driving-motor speed must be constant
and compatible with the device being

Periodicols

2.35

2.45

2,59

2.77

2,79

2.80

2,84

2.90

2.94

supplied. This system if not cleaned fre-
quently may abrade the film surfaces.

The latter system Is used quite fre-
quently with audio-visual film display

units,

while the other two described

may be used when looping dialogue and
picture. (See Questions 17208, 17224
to 17227, and 17.230.)
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Section 3

Constant-Speed Devices,
Motors, and Generators

The search for obtaining a constant linear speed is one that has been going on
for years. The paper by Dr. E. W. Kellogg, “A Review of the Quest for Constant
Speed,” Journal SMPTE, April 1937, is a classic on this subject. For the recording
and reproduction of sound, many drive systems have been developed, and ingeni-
ous new devices are still appearing. This section discusses the fundamental princi-
ples of constant-speed driving systems, single- and three-phase Interlock systems,
power-factor correction, motors, inverters, and general synchronization for both
studio and location. Synchronization of camera and Y-Inch tape recorders by
means of line frequency sync pulses are discussed as well as several different types

of resolving systems.

3.1 What does the term constont
speed meen?—A device which moves in
a given direction without a change in
velocity. The term constant speed is
used In the recording industry to indi-
cate devices used for driving recording
and reproducing equipment.

3.2 What is the smallest change in
the speed of o reproducing device which
will be perceptible to a critical listener?
—Approximately 0.30 percent at a fre-
quency of 3000 Hz. The average person
can detect about one percent
3.3 i the speed of o recording device
is increosed above normol, what is the
effect on reproduction?—When the re-
corder material Is piayed back at the
correct speed, the pitch will be lowered
and the playing time increased. The
reverse is true if the recording speed
is below normal.

3.4 What types of motors arc used
for driving studio recording and repro-
ducing equipment?—Synchronous, mul-
tiduty (dual purpose) and selsyn-inter-
lock motors, which may be used with
either single- or three-phase power.
The selsyn Interlock motors are driven
from a seisyn generator,

3.5 Whaot controls the spced of o
synchronous motor?—The frequency of
the applicd power source.
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3.6 What is an induction motor?—
Of all the motars used for alternating
current operation, the induction motor
enjoys the greatest use. Induction mo-
tors are a form of squirrel-cage motor,
the armature consisting of a group of
heavy copper bars welded to heavy
copper rings at each end of the arma-
ture laminations. (See Fig. 3-6A.) The
copper bars are short-circulted at each
end by the copper rings, thus circulat-
ing currents will be induced in them by
the field windings. The induced cur-
rent reacts on the fleld, causing the
armature to turn. The armature does
not turn at the same speed as the ro-
tating field, but runs somewhat slower.
The difference between these two
speeds Is called “slip.” Thus, if the rotor
tums at 1750 rpm and the synchronous
speed s 1800 rpm, the slip is 2.78 per-
cent.

To understand how an induction
motor functions, the action of the ro-
tating ficld must be understood. Fig.
3-6B shows the field construction of a
typical induction motor having six feld
poles. Each pole and its opposite mem-
ber arc encrgized by one of the 3-phase
windings laheled phase A, B, and C.
It will be noted that Pole 1 is connected
in series with Pole 4, Pole 2 is in series



102

. ¥ Leosren pars

{a) Side view. {b) End view.
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Fig. 3-6C. Rotating magnctic field of o
thece-phase induetion motor,

with Pole 5, and Pole 3 is in series with
Pole 6. The voltages applied to these
poles are of equal magnitude but differ
in phase. as shown in Fig. 3-6C.
Following the volitages as they are
applied to the pole coils for a given in-
stant, at zero degrees the magnetic field
produced by the three voltages is at a
maximum and extends from Poles 1 to
4. Under these conditions, it will be
assumed that Pole 1 is North and Pole 4
South. At Position 1, or 60 degrees, the
inagnetic field has its greatest intensity
extending from. Pole 2 to Pole 5. At this
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instant, Pole 2 Is North and Paole 5
South. At 120 degrees of retation, at
Position 2, the magnetic field is at maxi-
mum from Pole 3 to Pole 8 and it is ap-
parent the field is rotating clockwise. At
Position 3 or 180 degrees, Poles 4 and )
are North and Seouth, respectively, and
the field has continued to rotate. This
action Is continued for each cycle. If the
field current has a frequency of 60 Hz,
the magnetic field rotates 60 times per
second, or 3600 rpm. This is called the
synchronous speed. However, the rotor
does not rotate exactly at synchronous
speed but turns slightly slower, induc-
Ing slip. Slip is discussed in Question
3.12.

3.7 What c¢ontrols the speed of an
Induction motor?~—The vollage of the
applled power; however, induction mo-
tors are not absclute constant-speed
devices and should not be used when a
constant speed Is essentfal.

3.8 Whot determines the specd of
o direct-current motor, scries connected?
—The load and the applied voltage.

3.9 What is o copacitor-start motor
ond haw docs it functionP—A capacitor-
start motor is similar in its construction
to an induction motor, except for an
added starting winding, a capacitor, and
a centrifugally operated switch. The
motor is started with the capacitor and
the start winding in the circuit, which
causes a phase shift between the wind-
ings, thus creating torque. When the
motor obtains approximately 80 percent
of its rated speed, the centrifugally op-
erated switch opens and cuts out the
capacitor and start winding. Typical
circuits are shown in Fig. 3-9,

In some types of motors, the capaei-
tor is left in the circuit after starting,
as In (b} of Fig. 3-9. Others usc a large
capacitance when starting, then reduce
its value, as in (¢) of Fig. 3-9. A fourth
method, part (d) Fig. 3-9, employs a
transformer which transforms a smail
capacitor for starting, then elther drops
out of the circuit or is left in, depending
on the service required of the motor.
(See Question B.34.)

Capacitor-start motors are used quite
extensively in magnetic tape recorders,
record turntables, and similar devices.
As a rule, the centrifugally operated
switch is not used with sound equip-
ment because there is a possibility of
inducing noise when the switch s
operated.
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Fig. 3-9. Copacitor-start motor circuits.

3.10 How con on induction motor
be oltered to operate as a synchronous
motor?—By cutling slots In the arma-
ture which are equal in number to the
pole pieces. or a multiple thereof, and
parallel to the shaft.

3.11 What is an induction goncro-
tor?—A gencrator designed similar to
an induction motor. To gencrate, It
must be driven above synchronous
speed and excited from the same ac
supply system to which it is to deliver
power.

3,12 What i3 slip in o synchronous
motorP—The loss in rpm of a motor
when the load is applied. Upon excita-
tion of the primary windings, a rotating
field is set up, causing the rotor to ro-
tate. This Is called synchronous speed.
When the load is applied, the speed
drops. The difference in the two speeds

is called the slip and is stated in per-
centage of the synchronaus speed. Thus,
if the rotor turns 1750 rpm and the
synchronous speed is 1800 rpm, the slip
Is equal to 2.78 percent,

3.13 Hoaw is the frequency of on
olternator colculated?

S 120
F_P(m) or P_F(?)

where,

P is the number of poles,
S is the speed In rpm the machine is
rotating.

The figure 120 is a constant for convert-
Ing alternmations per minute to hertz
3.14 Whot Is power-factor correc-
tltan?—When a large number of electric
motors are connected to a power source,
the power factor drops. To correct this
condition, capacitors are connected in
parallel with the power source. (See
Questions 3.58, 3.59, and 3.60.)

3.15 What is a shaded-pole motor?
—A motor having a copper ring around
a section of the pole piece In the direc-
tion of rotation, as shown in Fig. 3-15.
This coil is called a shading coil and
causes a phase difference between the
flux from the larger portion of the pole
picce and the flux emanating from the
smaller portion of the pole piece. This
produces a two-phase action in the
armature and is sufficient to start the
armature rotating.

FIELD COW

ARMATURE

Flg. 3-15. A shaded-pole moter with a
single-turn copper coil on o pole-piece.

3.16 What is torque?—A twisting
motion in the operation of a machine.
Torque is the product of force multi-
plied by the distance from the center
of rotation. For example, a force of 20
pounds applied to the end of a two=foot
pipe wrench would be equivalent to 40
foot pounds of torque. In motors, two
types of torque must be considered,
starting and pull-out, Excessive starting
torque results in low efficlency, low
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power factor, and poor spced regula-
tion, If the starling torque is low, the
load cannot be started. High pull-out
or stalling torque also mecans low
power factor, with high starting cur-
rent. If the pull-out torque is low, the
motor may stall on sma!l loads.

3.17 Whot is o generotor?—A de-
vice for converting mechanical energy
into electrical energy. The electrical
energy may be cither direct or alter-
natlng current.

3.18 Whot Is on olternotor?—An
alternating-current generator.

3.19 Whet iz o dynamotor?—A
combination motor and generator, cach
having ils own winding, Very often the
motor section is of low-voltage direct
current design and the generator secc-
tion Is of high-voltage direct current
design.

3.20 Whot is a dynamo?—A gen-
erator.

3.21 Whot is o genemotor?—It is
similar 1o a dynamotor.

3.22 Whot i1 o rotory converter?—
A motor-generator consisting of a dc
motor direct-coupled to an ac gencra-
tor mounted on a common base. The
motor is battery driven from a storage
battery of 6, 12, or 32 volts. The ac
gencrator section consists of a 250- or
500-watt, 115-volt unit. Both the de and
ac sides are filtered to prevent the
brushes on the dc side and the slip
rings on the ac side from transmitting
noise to the equipment being driven by
the converter.

A typical machine of this type, man-
nfactured by the Carter Motor Co, Is

Fig. 3-22. Carter Motor Ca., Model BR-
1021CP converter, with manual fre-
quency control and frequency meter.
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pictured in Fig. 3-22. It is especially de-
signed for driving sound equipment,
and will handle loads up to 250 watts
having a power factor of 70 percent.
The frequency of the ac voltage is con-
trolled manually by a field rheostat in
the case above the machine, and indi-
cated on a vibrating-reed type fre-
quency meter.

Rotary converters are also manufac-
tured using a common winding and
armature for both the dc and ac sides
of the machine. Such machines are not
satisfactory for use with sound equip-
ment because the common connection
between the dc and ac sides of the
circult results in the transmission of
brush noise to the sound equipment,

3.23 What is on inverterP—A de-
vice for changing direct current to al-
ternating current. This is generally ac-
complished by means of vacuum tubes.
(See Question 21.107.)

3.24 What does the term electricol
degrees meon when ossociated with a
motor or generatorP—Electrical degrees
are cquivalent to mechanical degrees
times the number of pairs of poles in
the machine.

3.25 What is ambient temporature?
—The temperature of the surrounding
air or medium in which a device is
operating. Motors are rated for a given
rise in temperature. (See Question
25.136.)

3.26 What is a delta connection?—
A winding connected in the form of the
Greek letter delta, as shown in Fig.
3-26.

3.27 Whot is o wye connection?—
A winding connccted in the form of the
letter Y, as shown in Fig. 3-27.

3.28 What is o star connection?—
Windings connected as shown in Fig.
3-27.

2.29 Haw moy the direction of rota-
tion of o three-phasc motor be rcversed?
—By reversing any two wires of the
3-phase power source.

3.30 Haw moy o single-phase motor
be operated lrom o three-phose source?

Flg. 3-26. Delta connection for motors,
gencrotors, and transformers.
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c
Fig. 3-27. Wye- or star-connected motor,

—By connecting a transformer of the
correct voltage ratio between the motor
and one pair of the l-phase power
source leads, as shown in Fig. 3-30. It
is common practice in the motion pic-
ture industry to operate single-phase
motors in conjunction with 3-phase
motors using the described method.

z20v 3¢
-4 1
-B } PHASES
¢
220/13 VOLT
7 TRANSFORMER
usv g

Fig. 3-30. Tronsformér conncctions for

single-phosec operation from o three-
phase source.
3.31 Can o single-phose synchro-

nous motor be operated in conjunction
with a three-phase motor system ond
still  maintain  synchronizotion?—Yes,
provided it is operated from the same
power source. Many times sound equip-
ment using single-phase synchronous
motors is operated with cameras driven
by three-phase motors, during the
shooting of motion pictures. The above
system is only used when shooting the
original picture and sound tracks, For
rerecording, a selsyn interlock system fs
used. Fig. 3-30 shows how the single-
phase motor is connected to the 3-phase
power source. If the 3-phase and single-
phase power are fed from the same
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source, the single-phase motor may be
fed from any single-phase source of
power.

3.32 WIill a three-phase
motor operate satisfactorily on cither o

<amera

three- or faur-wire power system?—Yes,
provided the power characteristics of
the motor are such that it will develop
sufficient power when operating on the
four-wire system. Threc-phase, three-
wire systems are generally of the order
of 230 volts between phases. Four-wire
systems are approximately 208 volts
between phases. This means that when
the motor is operating on a four-wire
system, the power developed by the
motor is considerably less chan normal
when operating from a three-wire sys-
tem. A motion picture camera when
cold requires considerably more power
to operate; therefore, tests should be
made to determine whether the camera
can be brought up to speed before using
it on production.

Generally, it is necessary to rewind
a 3-phase motor designed for 230-volt
operatlon, if It is to be used on a four-
wire system. A four-wire, 3-phase, 208-
volt power distribution system Is shown
in Fig. 3-32A. The voltage between any
two phases at the load side is 208 volts.
120-volt single-phase power may be
taken between ground and any one of
the three phases.

The characteristics of a 220-volt,
three-phase camera motor operating
from a power source of 208 wvolts is
shown in Fig. 3-32B, part (a). It will be
noted that as the voltage is reduced be-
low 208 volts, the motor speed starts to
drop off because of the lack of power,
which reduces the frames per second
at a voltage of 200 volis. Part (b) Is
the power curve after rewinding the
motor to operate at 208 volls. Here it
may be seen the motor runs at its nor-
mal speed down to 200 volts and maln-
taining a speed of 24 frames per second.

3-PHASE, 4-WIRE TRANSFORMER
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Fig. 3-32A, A thrce-phase, four-wire distribution system.
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23 228 220 a3 20 20% Q00 193

SUPPLY VOLTAGE

(a) Three-phase, three-wire.

(b) Thyee-phose, four-wire.

Fig. 3.-32B. Supply voltaoge versus sync drop-out of a threc-phase synchronous
camcra motor.

The curves are actual curves made on
a motor that is standard for 35-mm
cameras and were made after running
3000 feet of flm through the camera to
warm up the motor. (See Question
8.22.)

3.33 What is an osynchronous moe
torP—One in which the speed Is not
proportional to the frequency of the
power source.

3.34 How many electrical watts are
equal to ane horsepower?—T746 walls.

3.35 How is the spced of a single-
phase camcra motor alfected whon the
voltage source s lowered?—Fig. 3-35
shows a test made on a typical single-
phase canera motor plotted as line
voltage versus {rames per second for
both warm and cold conditions of the
motor. It will be observed that when
the motor is warm the voltage may be
dropped from 120 volts to 114 volts be-
fore the framnes per second start to fall
off. The condition is considerably worse
when the motor Is cold, as shown by the
solid line.

Tbis clearly indlcates that the motor
must be warmed up before using It, or
that the voltage source must be main-
tained sufficiently high to maintain the
correct speed. This may be accom-
plished by the usc of a continuously
variable autotransformer, (See Ques-
tion 88.)

3.36 What is o prony brake?—A
frictlon device used for measuring the
brake horsepower of a motor. The

» ~
- o
FRAMES -PER-SEC.

~
-

brake consists of an arm (Fig. 3-36)
and a friction band elamped around a
pulley mounted on the end of the mator
shaft. The tension of the friction band
may be adjusted by the wing nuts at
the top of the band. A spring balance
scale is connected to the end of the
arm and secured overhead. The motor,
in rotating, causes the friction band to
move the arm downward and pull on
the scale which is callbrated in cither
ounces or pounds. Knowing the speed
of the motor, the length of the arm
from the center of the motor shalt, und
the pull on the scale, the brake horse-
power may be caleulated as follows:

Buy = 2aL X rpm X Ibs
= 33,000

where,
L = Length of the brake arm in feet,
rpm = speed of motor,
Ibs == the pull on scales, in lbs.

TR TION o N
SOASTMENT' ARG

Fig. 3-36. Prony brake for mcasuring
brake horsepower of a motor.

3.37 What is the formula for cal-
culating the required size capocitor for
o copaciter-stort motor?

MOTOR COLD
= aw HOTOR WARM

na " "0 L]

SUPPLY VNTAGE

Fig. 3-35. Frames-per-second versus line voltage for a 120-volt syachronous, single-
phase comcra motor.



CONSTANT-SPEED DEVICES, MOTORS, AND GENERATORS 107

p — 2650 X amperes
~ applied voltage
where,

amperes is the current drawn by the
motor,

2650 is a constant,

the applied voltage is cqual to the
line voltage.

3.38 How Is the clliciency of o mo-
tor calculated using o prony brake?

Efficiency = %ﬂ

where,

Bus = brake horsepower,
746 = one horsepower in watts.

3.39 How can the torque of o motor
be calculoted using o prony broke?

2
Torque (in ounce-inches) =M“E
rpm
where,
watts is the power consumed by the
motor,

rpm is the speed of the motor shaft,
1352 is a constant.

3.40 How is torquoe (in ounce-Inches)
converted to wotts?

az-in X rpm
1352

3.41 HMHow is torque lIn cunce-Inches)
converted to harsepower?

Watts =

g 22CIN X TR
Hp =7 508,000

3.42 State the cquation lor calcu-
lating the harscpower of @ motor in
watts—~The relationship of electrical
horsepower to watts may be defined as
follows:

One electrical watt is cquivalent to
one joule per second, or 60 joules per
minute. Since one joule is equivalent
to 0.7374 ft-lb, 60 joules will equal
44.244 ft-1b. Also, one horsepower is
equivalent to 33,000 ft-lb per min.
Therefore, the electrical equivalent of
one horsepower ls:

33,000

Y had 746 electrical watls.

The horsepower of a fractional horse-
power motor may be expressed as a
function of the torque and the revelu-
tions per minute. For fracttonal horse-
power motors, the approximate formula
is:

Hp = (in-oz) % 93 X N X 10”7
where,
in-oz, is the ltorque in ounce-inches,
N is revolutions per minute.

3.43 How is the efficiency of an
electric motor calculated?

Efficiency =‘Aw____p_atts o.ut bt
watts input

3.44 How is synchronous speed ¢cal-
culoted?

120 X line frequeucy
number of poles

Syne speed =

3.45 Deline the torm cunce-inches:
—It is the welght in ounces that a mo-
tor will lift at a distance of one inch
from the centerline of the motor shaft.

3.46 How con commutator noisc be
climinoted?—By the use of capacitors
and chokes, as shown in Fig. 3-46. The
most satisfaclory method is by cut-and-
try, as each source of noise presents an
individual problem. As a rule, chokes
will not be required unless radio-fre-
quency interference is noted. The fre-
quency of the interference will deter-
mine the value of the inductance. For
large dc generators supplying several
hundred amperes, such as used on mo-
tion picturc sets with arc lights, a bank
of 25 to 50,000 uF electrolytic capacitors
is connected directly across the genera-
tor brushes. The capacitors are housed
in a metal box, grounded to the frame
of the generator. No smaller than a
No. 10 gauge wire should be used for
the capacitor connections. The voltage
rating of the capacitors should be 25 to
50 volts greater than the maximum out-
put voltuge of the generator. (See
Question 25.117.)

3.47 What is an electrical gearing
system?—A name sometimes applied to
a selsyn-interiock distributor system
used for synchronous operation of re-
cording equipment. (See Question 3.49.)

3.48 What Is a selsyn-interlock dis-
tributor system?—A synchronous dis-
tributor system used for interlocking
sound recording equipment with motion

i e
RO Sl O s
(e)

[a)
I ok
-t 4P{-— = = e -C-‘l
S S _.L__\m,l
{c {0}

Fig. 3-46. Methods of filtering commuta-
tor ripple. The capacitor sizes from A to
C vary 0.0 to 0.50 microforad.
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Fig. 3-49A. A three-phasc selsyn-interlock distributor system.

picture cameras. Selsyn distributor sys-
tems are described in Question 3.49.
3.49 How docs a three-phosc selsyn-
interfock disteibutor system function?—
The diagram for such a device appears
in Fig. 3-49A. Starting at the left is a
control box consisting of a group of
relays, resistors, and three solenoids,
one connected in each phase of the
incoming power source. The solcnoids
have normally a low impedance; how-
ever, at the instant current flows
through the coil, a soft iron plunger is
pulled upward Into the coil Increasing

its impedance. As the driving motor
starts to rotate, the initlal current drops
and, as it does, the plunger falls out of
the coil lowering its Impedance to the
original value. The pulllng up of the
plungers into the starting coils prevents
the system from making a sudden start
which might break film or damage
equipment. When adjusted properly, a
slow smooth start is obtained, even with
10 to 20 machines being driven simulta-
necusly. The driving motor is a 3-phase,
220-volt, synchronous type turning
1200 rpm and is mechanically coupled

Fig. 3-498. Control cabinct RCA sclsyn distributor unit,



CONSTANT-SPEED DEVYICES, MOTORS, AND GENERATORS 109

— »

Flg. 3-49C. Sclsyn interlock distributor set manufactured by Stoncil-Hoffmon. The
electrically controlled broke moy be scen ot the tront of the flywheel,

to the selsyn distributor unit. A heavy
Aywheel is mounted on the shaft to
provide a large amount of inertia for
a soft start and gradual slowdown.
When running, it also helps to Iron out
small irregularities in the speed. An
electrically controlled brake may be
applied to the outer rim of the fywheel
to bring the system to a gentle stop
when the circuit to the drive motor is
opened. When the circuit for running is
closed, the brake is lifted automatically.

The sole purpose of an interlock sys-
tem for rerecording and other purposes
is that all the machines in the system,
including the projection machine
{which is the heaviest to start), must be
brought up to speed in synchronism,
from a standing start, in about 6 sec-
onds. This must be accomplished in a
smooth manner to avoid breaking film
and sound track.

Selsyn distributors are sometimes
referred to as rotary transformers, be-
cause of the 1:1 ratio of the two wind-
Ings. As a rule, the internal windings of
the distributor unit are star-connected.
It will be noted the rotor windings of
the distributor unit are connected in
parallel, but not to the power source.
The stator winding of the distributor
and all other units being driven are also
connected in parallel, but in this In-
stance they are connccted to the 3-
phase power. Phasing of each unit is
accomplished by connecting similar
numbers of the windings together and
to the same phase.

Because the distrihutor unit Is al-
ways the largest unit in the system, it

becomes the master and 2ll other units
become slaves. When properly phased,
absolute synchronism Is maintained as
long as the frequency of the power
source remains constant. Under these
conditlons the system may be tenned
as a constant-specd device.

In some distributor sysiems, the
three solenoids shown in the control
cabinet (Flg. 3-49B) are replaced by a
group of resistors connected In the sup-
ply lines to the syncbronous drive
motor. The voltage drop across the re-
sistors during the high inrush of cur-
rent when the motor is at rest, holds the
cutout relay open. When the system
approaches its normal running speed
the current through the resistors drops,
and the relay closes, cutting out the re-
sistors. A typical selsyn interlock dis-
tributor set is shown in Fig. 3-49C.

3.50 How may the sclsyn distributar
unit in Question 3.49 be made to opore
ate at variable speed?—At times during
the rerecording of a motion picture, a
variable-speed distributor system is re-
quired to obtain a partlcular sound ef-
fect. If a separate distributor system is
available, it may be made to run at
variable speed by connecting three var-
jable resistors, R1, R2, and R3, across
the rotor windings as shown in Fig.
3-49A. If the values of the three resis-
tors are varied the same amount and
simultaneously, the speed of tho system
may be controlled. If the three resistors
sre shorted, the machine will run at
1800 rpm.

3.51 s it possible to synchronize
camera and sound with direct current



Fig, 3-51. A dc synchronous drive system

for sound recorder ond camcra. The mo-

tor speed is set by mecons of o tach-
emctcr.

motoriP—Yes. Special motors are avail-
able for this purpose. The conneetions
for such a synchronizing system are
shown in Fig. 3-51. It will be noted that
the dc windings of the motors are
tapped in three diffcrent places, 120 de-
grees apart. These taps arc carried to
each motor to be synchronized. Local
Latteries at each wmotor supply the nce-
essary power for rotating the motors.
A lachometer is used to set the initial
speed.

3,52 Mow is trequency contro! ob-
toined in othor types of distributor sys-
tems?—Other systemis are available,
similar to the one described in Ques-
tion 3.49, except that vacuum-tube con~
trol circuits bave been added to com-
pensate for changes in the power
frequency. Because present day power
systems are controlled to hold the fre-
quency within a fraction of one cyele,
the system described in Question 3.4%
is used in preference to the electroni-
cally controlled type.
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3.53 Can single-phase sclsyn motors
be used to drive sound cquipment?—
Yes, except that single-phase systems
are not as cflicient as 3-phase systems
and are mare subject to slipping out of
lock. A diagram of a typical single-
phase, 115-volt, ac interlock system is
shown in Fig. 3-53. As a rule, single-
phase seisyn motors are internally con-
nected in delta. It will be noted the
rolors have only one winding and are
connected to the source of power and
driven by a synchronous motor me-
chanically connected to the shaft.

3.54 Describe o simple interlock
system.—A simple but ecffective single
three-phase interlock sysiem can be
devised by mounting an interleck motor
on a motion picture projector and driv-
ing the interlock motor from the syn-
chronous motor on the projector by
means of a Gilmer belt and gears. Al-
though this system is not suitable for
rerccording, It may be used for running
picture and sound track in synchro-
nism. As a rule, the motor on the pro-
jector is around % to !4 horsepower,
so no difficulties should be cncountered.
However, for rerecording, a selsyn in-
terlock system is required. (See Ques-
tion 3.48.)

3,55 Describe an interlock distribu-
tor system, using a differential generator
for correcting out of phase conditions.—
At times, during the screening of a pic-
ture it will be discovered that the pic-
ture and sound are out of sync, because
of improper spliclng or threading of a
machine. This necessitates stopping the
system and correcting the fault and re-
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Fig. 3-53. A single-phase selsyn-intcrlock distributor system.
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threading all machines. If several sound
tracks are involved, this can become
quite costly, plus the time lost. One of
the masjor studics provided for this
situation in its review rooms by install-
ing d!Rerential generators in the inter-
lock system feeding three sound repro-
ducers and two projectors. If it be-
comes hecessary to correct for an out
of sync condition, the machine at fault,

SOUNT
REPRODUCE R PROTECTOR
INTERLOCK DIFFERENTIAL MTEALOCK
MOTOR GENERATOR MOTOR

SUBTRACT  a0D

Fig. 3.55. Ditterential generator com-

nected in the line fceding o sound re-

producer and projcction machine, using
single-phase motors.

while running, can be advanced or re-
tarded to correct the number of frames
to bring it back Into sync. The control
dials for the differential pencrators are
calibrated in frames per second to aid
the editorial department in correcting
the situation later. A footage counter
Indicates the exact footage of the out of
sync condition.

Fig. 3-56. Duoal-spced sclsyn generator
made by Magna-Tech Electronic Co.

3.56 Describe o duol-speed selsyn-
interlock distributor system.—A dual-
speed selsyn-interlock distributor sys-
tem generator, manufactured by Mag-
na-~-Tech Electrenic Co,, is shown in Fig.
3-56. This device consists of two selsyn
generators. The smaller of the two (A)
is mounted above the larger generator
(B). The larger generator is driven by
u 208/230-volt three-phase, 2% horse-
power synchronous speed motor at 1200
rpm. This generator is used to interlock
and drive 35-min machines running at
90 fpm (1260 rpm).

The smaller generator is driven from
the larger generator by a Gilmer belt
and gears (C), and is employed for in-
terlocking and driving 16-mm machines
at a speed of 36 fpm (600 rpm). A third
generator (D) Is provided for driving
a remote footage counter in the dubbing
stage. {See Question 18.339.) The larger
generator also houses a braking system
for bringing the system 10 a smooth
stop. External cabinets house the con-
trol equipment.

If desired, the 16-mm gencrator (B)
may be substituted for one turning at
45 fpm for drlving machines using 17.5-
mm magnetic film. Dunl-intedock sys-
temis are very convenient in  plants
where both 16- and 25-mm recording
equipmient is in use, as this permits a
35-mm picture to be run with 16-mm
recording and reproducing equipment
or vice versa. Distributor systems of
this design are often referred to as a
pigoy-back distributor system.

3.57 What is a pm generatorP—An
alternator which uses permanent mag-
nels rather than coils in the rotating
member. In this respect, it differs from
the conventional type alternator. The
rotor consists of a nonmagnelic ring in
which Alnico V magnels are embedded
and ecqually spaced in such a manner
that the magnetic axis of each magnet
Is perpendicular of the axis of the rotor
shaft. The inner end of the magnet rests
on an iron ring which acts as a retum
magnetic circuit. The number of mag-
nets will depend on the speed and fre-
quency of the machine. This type of
construction eliminates arcing caused
by slip rings.
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Fig. 3-57, Bousi¢ design of a pcrmanent-
magnot generator. Such dcsign is wsed

for sync-pulse generators mounted on the
end of @ comera motor shaft.
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Small generators based on the above
design are often used for generating
sync pulses for one quarter inch mag-
netic recorders. Two types are in use,
two-pole and four-pole. The construc-
tion of the rotating member is shown in
Fig. 3-57. The number of magnets will
depend on the desired frequency and
the rotational speed of the motor shaft.
The frequency used for sync-pulse re-
cording is 60 Hz; however, in some in-
stances where the generator is mounted
on a camera shaft, turning at 1440 rpm,
the frequency is 48 Hz. The frequency
may be computed:

{ = rpm/60 X the number of poles.

Thus, for a motor turning at 1800 rpm,
using two-poles:

= 1800/60 = 30 X 2 = 60 Hz.

3.58 Whoat is power factor and how
is it measured?—The power factor of an
alternating current is the number by
which the apparent power in the circuit
(volts times current) must be multi-
plied to ascertain the true power. When
an alternating-current circuit contains
inductance, the current will lag behind
the voltage. When the circult contains
capacitance, the current will lead the
voltage. In each instance, the current
and the voltage reach their maximum
values at different instants and the pro-
duct of the voltage and the current at
any given time is less than it would
be if the two were in phase. If the volt-
age and current are mecasured sepa-
rately, the voltmeter and the ammeter
will indicate the mean eflective values.
If the power in the circuit is measured
using a wattmeter, the instrument in-
dicates the combined efforts of the volt-
age and current synchronously, not the
product of their effective values, which
occur at different instants. Conse-
quently, a wattmeter indication will be
less than the product of separate volt-
meter and ammeter readings.

The ratio of the power read by the
wattmeter and the power read by the
voltmeter and ammeter is the power
factor of the circuit.

walls

]6PF;VXA

where,
watts is the reading of the wattmeter,
volts and amperes are the readings
on the individual meters.
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The power factor for a two-phase
cireuit is expressed:

walls
T £ Ty
and for a 3-phase circuit:
346PF =
watts

V' 3 X linc to line volts X line amps

A single-phase motor drawing 5 am-
peres at 220 volls, as shown by the
voltmeter and ammeter, has a power
factor of 80 percent. The true power is
5 % 220 x 0.80, or 880 watls.

3.59 How Is o synchronous motar
used for power-factor correction?—If the
synchronous motor is driven from an
external source of power and a variable
de voltage is applied to the rotor wind-
ings and set to a value which will be
called, for the sake of illustration, 100
percent, no current will flow ‘rom the
stator windings to the rotor windings.
Under these conditions the voltage gen-
erated in the stator windings (counter
emf} exactly balances the voltage ap-
plied to the stator from Lhe external
voltage source.

If the de exciter voltage is now re-
duced to a value less than 100 percent,
a reactlve component is produced which
will lag the applied voltage. The ma-
chine will now act as a capacitor. Thus,
a synchronous motor may be used for
correcting the power factor and, when
so used, Is called a synchronous capaci-
tor or a8 rotary condenser,

When the motor is used as a capaci-
tor, the motor is connected in parallel
with the line to be corrected, and the
dc excitation voltage is adjusted to pro-
duce a leading current which offsets the
lagging line current. The result is unity
power factor.

3.60 How may the power foctor be
corrected by the use of capacitors ocross
the line, ond how ore their velues cal-
culoted?P—Power factor may also be
corrected by connecting capacitors in
parallel with the line to be corrected.
The approximate value of capacitance
required may be calculated:

c _IX Sing X 10°
= 2wfE

where,
E is the line voltage,
1 is the current drawn by the load,
f is the frequency of the power source.
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The value of the capacitance re-
quired for power-factor correction may
also be determined experimentally by
connecting a dynamomecter-type volt-
meter across the line and adding sufhi-
cient capacitance in parallel with the
line until the voltage is brought up to
normal.

If the value of capacitance is large,
ac eicctrolytic capacitors may be used.
De electrolytic capacitors must never be
used as they will explode within a few
minutes of being connected across the
line. If practical, paper or oll-filled ca-
pacitors should be employed.

3.61 How can the powct factor be
estimated if meosurements connot be
token?—For regular lighting loads and
no motors, 0.95; with lighting and mo-
tors, 0.85; and for motors only 0.80.

3.62 MHow may the current-per-
phose of an electrical system be caleu-
loted?—For a single-phase system:

f=o W
TEXPF’

For a two-phase system:

_W_ x 0.5.

E x PF
For a three-phase system:

w
I= E_X PF x 0.58.
where,

I is the line current,

W is the power dellvered in watts,

E is the potentijal existing between the
mains,

PF is the power factor,

3.63 What is the procedure for test-
ing motor-starting capociters?—For the
proper starting and operation of a mo-
tor using a capacitor permanently or for
starting only, the capacitor must main-
tain its power factor and capacitance,
within fairly close limits. A high power
factor is manifest by reduced starting
torque and a prolonged starting period.
To test a starting capacitor properly, It

should be tested under the exact con-
ditions in which it operates. A circuit
for this purpose is shown in Fig. 3-63A.
The power-factor wattmeter must be
capable of reading quite low values,
since the losses of a good capacitor are
quite low, although the product of cur-
rent and voltage as read on the volt-
ineter and ammeter is quite high.
Therefore, it is desirable to have a
power-factor wattmeter that will read
about onc fifth the watt volt-ampere
capacity of the test circuft.

To find the capacitance and power
factor of a capacitor, the vollage Is ad-
justed to the rated value of the capaci-
tance, and readings of the voltmeter and
ammeter are taken. The capacitance
may then be calculated:

1 x 2650
1us

The percent power factor is then found
by dividing 100 times the power in
watls, as read on the power-factor
wattmeter, by the product of the cur-
rent times the voltage. This is true only
for 60 Hz. The problem may be some-
what simplified by the use of the nomo-
graph in Fig. 3-63B.

Using the test circuit shown, assuin-
ing thc capacitor draws 52 amperes, at
126 volls at 60 Hz, and dissipates 40
watts, the percentage power factor is
found by

=

100 X Power in watls

Betintay = “Current X Voltage

or

100 X 40

m = 6.4 Percent

To read this value on the nomograph
connect 120 volts from the left of "A"
to 5.2 amperes on the left of “C,"” with
a straightedge. Note where the straight-
edge Intersects “B.” From this point on
“B” connect the straightedge with 40
watts on the left edge of “A" and read

CIRCUT AC POWER-FACTOR
A BRE AXER AMWETER WATTMETER
usg =
4 <\ » Y 1 K '@ A4
O-1A 0-150v, l
©-104
VARIARLE AC
TOR-STAR
NTVAL VOLTAGE YOLTMETER Y cg:‘g”o.mc
TRANS. 0150V T
b . o J

Fig. 3-63A. Circuit for testing

motor-starting copacitors.
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Fig. 3-63B. Nomogroph for dctermining the power fgctor of motor-
starting capacitors,

the power factor (65 percent) on the
right edge of “C."

Capacitance may be determined from
the nomograph by placing the straight-
edge at 52 amperes on the left of “C"
to connect with 120-volts on the right
¢dge of “B” and reading the capacitance
on the right edge of “A”

Motor-starting capacitors may be of
three different types, depending on the
voltage and the required capacitance.
If the required capaeitance is small,
cither oil or paper dielectric may be
used. If the needed capacitors are large,
{10 microfarads or greater) they are

generally of the ac or nonpolarized
electrolytic type. The characteristics of
motor-starting capacitors must remain
stable, that is, they must hold thelir
capacitance and power factor within
fairly close limits. If they do not, the
motor will have low starting torque and
prolonged starting, resulting in the mo-
tor and capacitor overheating. Dec polar-
ized electrolytic capagitors must never
be used as motor-starting capacitors.
{See Question 3.60.)

3.64 What is mcont when it Is said
a motor-generator is hunting?—A mo-
tor-generator is said to be hunting
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when It oscillates during the starting
period or increases or decrcases its
specd when the load is changed.

3.65 Where ore torque motors used?
—Manufacturers of professional (and
some nonprofessional) magnetle record-
ing and reproducing equipment make
use of torque motors mounted on the
spindles for the feed and take-up reels,
to provide a constant tension on the
flm or tape, regardless of the diameter
of the recording media on either reel.
The motors may be of the induction
type, or of the singlc-phase shaded-pole
design. Resistors connccted in the ac
supply line are used to conmtrol the
speed, and to provide an adjustment for
the desired tension. The power drops
ofl proportionally to the increase in
speed, and develops maxlmum power at
stall speeds. Therelore, this characteris-
tic is used to an advantage to control
the tension for the feed and take-up
reels.

One advantage of using torque mo-
tors in the feed and take-up positions is
that the tape or film may be rewound in
cither direction. During the rewind ey-
cle, the circultry of the motor svstem is
such if the tapc breaks or runs out the
motors stop automatically. The motor
on the feed reel always acts as a hold-
back. This subject is further discussed
in Section 17.

3,66 How can the power lactor of a
dynomotor be corrccted to operate with
a low power foctor motor?—II the low
power factor motor is connected across
the ac side of a dynamotor, the dyna-
motor will speed up. Power correctlon
imnay be applied by adding capacitance
across the power source at the ac gen-
erator terminals in parallel with the
load. A typical example of how the
power factor may be corrected is given
below,

A 0.5 kW dynamotor driven by a 12-
volt battery, develops 115 volts ac,
which is to he used to drive a portable
recording channel and supply sufficient
power to drive 2 35-mm motion picture
camera. When the camera was applied
to the ac side of the dynamotor, the
power factor, as measured with an ac
ammeter and voluneter. indicated a
power factor of 32 percent and a power
consumption of 190 watlts.

Connecting a 20 uF oil-filled capaci-
tor across the ac terminals increased
the power factor to 40 percent, with 190

watts of power consumed. Increasing
the capacitance te 70 uF increased the
power consumption to 280 watts with a
power factor of 92.5 percent.

Power factor may be calculated:

i
FF AC, % AC,

where,

AC, is the voltage across the load,
AC, is the eurrent drawn by the load,
W is the watts consumed.

Capacitance is applied in parallel
with the load until a power factor of at
least 90 percent is obtained. The proper
amount of capacitance is the point
where the maximum power factor cor-
rection is obtained with a minimum of
capacitance.

Fig. 3-67A. Waveform of dc generator
with shorted turns in armgture.

3.67 What Is the appearance of the
current woveform of o moladjusted dec
gencrator?—Malfunctioning of the gen-
erator because of bad brushes and
commutator bars or shorted turns will
produce a waveform at the ontput of
the generator similar to the one shown
in Fig. 3-67TA. A well-adjusted and
operating dc generator will, after the
current has passed through a Blter to
reinove commutator ripple, show prac-
tically a pure dc current when observed

Fig. 3-67B. Wavetorm of dc voltage
from a well odjusted dc gencrator.
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Fig. 3-67C. Woveform of a properly od-
justed dc¢ gencrator befare filtering.

on an oscilloscope (Fig. 3-67B). The
waveform before passing through the
filter is shown in Fig. 3-67C.

3,68 How are fllter circuits con-
nected in the lnpuet and autput of o dc
dynamotor?—In the manner shown in
Fig. 3-68. lLarge capacitors are con-
nected in parailel with the battery side
to remove the effects of motor com-
mutator ripple and brush noise. An
lron-core choke and two filter capaci-
tors are connected to the load side to
remove commutator ripple and radio-
frequency interference. The capacitors
and choke must be placed in a metal
can and grounded to the frame of the
machine.

3.9 How arc lilters connccted In
the input and output of o converter?—
in the manner shown in Fig. 3-89. Ca-
pacitors CI and C2 at the ac output
remove any noise duc to sparking at the
slip rings, and the small capacitor C3
at the output terminals removes radio-
frequency interference. The frame of
the machine should have a physical
ground, if possible.

3.70 Describe the construction of
an inside-out hysteresis synchronous mo-
tor.—One such type motor is shown In

i1
L 10

.

[ vF

&

,———-'-li||||

THE AUDIO CYCLOPEDIA

Fig. 3-T0A. This motor Is often referred
to as an inside-cut motor, because the
stator revolves rather than the arma-
ture. This type of motor is used exten-
sively for the driving of Y%-inch mag-
netic-tape recorders, at speeds of 1% 1o
30 inches per second. Such motors are
available in dual- and triple-specd de-
slgns. Common spceds for the dual type
are; 300/600, 360/720, 450/900, and 600/
1200 rpm; and 300/600/900 for the triple
speeds. A ponmagnetic puck or cap-
stan is pressed on the motor spindle to
obtain the desired lincar speed for
magnetic Lape.

Hysteresis synchronous mwotors pro-
vide the cxaet constant-speed required
for magnetic recorders, with high
torque and constant angular velocity.
The rotor (stator) is a dynamically bal-
anced flywheel, which assures a con-
stunt speed under changing load con-
ditions. A Mumetal shicld is placed
over the stator winding and rotor, to
eliminate the high flux-torque from
the region of the inotor shaft. Impellers
on the rotor circulate alr to provide
forced ventilation for the motor and
associated equipment.

Fig. 3-70B shows the internal and
external connectlons for a dual-speed
motor, and Fig. 3-70C shows the con-
nectlons for the triple-speed unit. The
average power consumed hy this type
motor is approximately 30 to 40 watts,
at 117 volts, with a rotor torque of 7
to 10 ounces. The bearings may be ball-
bearing or oilless sleeve type. The motor
is single hole mounting, and uses a ea-
pacitor ranging from 1.5 to 3.0 uF,

3.71 How is specd reduction ob-
tained for recording and reproduting
cquipment?—Several methods used to
obtain speed reduction in recording and

— — 00—+

— DS re—. | B

l _I_ LOAD
»
=6-12 [ W OYNAMOTOR 001 = 2 N
VOLT — —— RF pF
4 +| 10 =
== b

:L

FRAME

Fig. 3-68. Filter systcm used with a 6/12 volt dc to 3000 velt d¢ dynamotor,
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Fig. 3-69. Filter system used with a 6/12 volt de 1o 115 volt ac converter.

reproducing equipment are shown in
Fig. 3-7T1. Among these various systems
will be found gear reducers, intermedi-
ate idler rollers, and belt drives. Fig.
3-71(a) shows three types of puck or
idler drive systems. Fig. 3-71(b) illus-
trates two types of gear neducers, Fig.
3-71(c) shows two typcs of belt-speed
reducers, and Fig. 3-71(d) shows a
"Gilmer Timing Belt" drive system. For
the sake of clarity In the drawings, de-
coupling devices (cowmpllance) gener-
ally connected between the wotor and
the driven mewnber have been left out.

Decoupling devices are generally of
a loose coupling design; that Is, the
motor shaft is connected to the driven
member through a piece of rubber, felt,
leather, or aghesive tape, to reduce the
transmission of vibration from the mo-
tor to the speed-reduction system. In
some systems, a second decoupler is
used to isclate the gearbox vihration
from the driven system. Pucks, idlers,
and belts serve as their own decoupling
devices.

Fig. 3-70A. A two-spced hysteresis syn-
chronous motor used for driving meg-
nctic-tape recorders.

Intermediate rubber-covered idler
roller drives are nsed in magnetic re-
corders and other types of recording
equipment because of their low cost
and smoothness of operation. Also, they
serve as decoupling devices and prevent
hunting in the drive system. The prin-
cipal objection to thelr use is slippage,
due to the deformation of the rubber at
the point of surface contact. This slip-
page may be reduced to a minimum by
the use of multiple pucks with narrow
faces. Wide faces are not always best
because the wide contact surface does
not bear uniformly over the entire
surface.

Rim drive or drives on the outer
surface of a flywheel damp out the ac-
tion the Aywheel is intended to impart
to the drive system, that of smocothing

AC WPUT

Fig. 3-708. Connecctions for the Techni-
cal Development Co. dual-speed, hys-
teresis, synchronous motor.



118 THE AUDIO CYCLOPEDIA

r -

1 300 !

H \ '

] )

H I AN

[ : T

! 1

1 )
)

: 200 H i NTvaC

¢ i H

H § L

[]

: 300 i E \.

1 -

* ' 4 ¥

1]

800 1 ]

H

11200

I L]

Fig. 3-70C. Internal and cxternal connections for o 3-specd hysteresis motor. The
speeds for this particular motor are; 300/60C/1200 rpm.

{a) Puck or idler roller reducers.

(b) Gear reducers.
wj ’

(c) Belt redicers. (d) Gilmer drive belt.

Fig. 3-71. Drivc systems used in recording and reproducing equipment.
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out the rotational irregularities and
surface imperfections of the idler or
puck surfaces.

Gear drives have the advantage of
positive nonslip drive between the
motor and the driven members. How-
ever, rather claborate decoupling de-
vices are necessary between the gear-
box and the driven member to elimi-
nate vibratlons from the gearbox, being
transmitted to the driven system.

Single- and double-belt drives are
quiet and require no lubrication, and
also act as decoupling devices. Flat- or
round-type bells may be used, but are
subject to slippage. Belt-driven rim-
drive devices, such as a recording or
reproducing turntable, lose their Ay~
wheel effect when belt-driven, as the
belt applies a damping effect to the
drive system.

The best method of obtalning a-posi-
tive drive with a belt is the “Gilmer
Timing Belt Drive” shown in Fig. 3-71
(d), which incorporates a unique sys-
tem of securing a positive speed redue-
tion. Basically, it is a comblnation of a
belt and a gear drive system, having the
positive drive ol a gear and the advan-
tages of a belt.

The Gilmer belt drive is made of
molded neoprene on a base of non-
stretch cotton material. Precision teeth
are molded into the belt which make
contact with gear-type pulleys. Because
of the characteristics of neoprene, there
is a certain amount of natural com-
pliance which eliminates the noise and
ripple generally associated with gear
driven systems. Also, no lubrication of
any kind is required. Gilmer belt sys-
tems are used In many different types
of recording and reproducing equip-
ment where absolute synchronous speed
is required. (See Sections 17 and 18.)

3.72 What is the relationship of
frames per second to hertz?—Frequency
meters on camera supply units are gen-
erally calibrated to read in both frames
per second and hertz. This enables the
recordist to increase or decrease the
speed of the camera motor for special
effects. If the camera is run overspeed,
when the picture is projected later the
action will he slowed-down; if the camn-
era is run underspeed, the action will
be speeded-up. In these instances, the
camera Is run wild, without sound. The
relatlonship of frequency to frames per-
second is:

40Hz 16 frames per second
45Hz 18 frames per second
50 Hz 20 frames per second
55 Hz 22 frames per second
60 Hz 24 frames per second
65 Hz 26 framnes per second

When a change of frames per second is
required and a calibrated scale is not
readily available, the corresponding
frequency may be determined by mul-
tiplylng the desired frames per sccond
by a factor of 2.5, which is derived by:

G0/24 =235

where,

24 is the frames per second for a stan-
dard frequency of 60 Hz. (Sce
Question 22.37.)

3.73 Describe the ditferent types of
insulation wused in motor windings.—
Progressive advances in motor design,
manufacturing techniques, and newly
developed insulating materials have ad-
vanced to where a given size motor of
a few years ago, Is now considerably
smaller and more cfficient. The mini-
mum physical size of a motor and its
life expectancy are limited and deter-
mined by the destructive eflects of in-
ternal operating temperature and wind-
Ing insulation. The materials for a
motor winding are divided into groups,
and standardized by the Institute of
Electrical and Electronic Engincers,
(IEEE).

Mazimum
Class Spot Temperature
90°C.
105°C.
130°C.
180°C.
No limit set

aOmo> Q0

The electrical and mechanical proper-
ties of the insulated windings must not
be impaired by the application of a
permissible temperature for given elas-
sification. Cotton, silk, paper and similar
materials may be used as a elass-0 in-
sulation; however, if these materials
are to be used as glass-A it is necessary
that they be impregnated or Immersed
in a liquid dielectric to afford greater
insulation. Other class-A insulations
are: molded and laminated materials
with cellulose filler, phenolic and other
similar resins, also films and shecets of
cellulose acetlate or other cellulose de-
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rivatlves. Conductors are varnished.
Class-B and class-H make use of ma-
terials such as mica, asbestos, Fiberglas,
elc, with suitable binding substances.
Where the temperature may be higher
in class-C, materials such as mica, por-
celain, quartz, and glass may be re-
quired.

3.74 Describe the operotion of a
coentritugal governor.—Centrifugal gov-
ernors are used with both series and
shunt ac or dc motors and generators.
The governor consists of an insulated
plate, mounted on one end of the arma-
ture shaft, with two stationary and two
movable  weighted contacts. The
welghted contacts are adjusted to be
opened by the centrifugal force acting
on the movable contaets if the armature
exceeds its rated speed by more than
5 percent. When the contacts are
opened, a resistor is connected in the
circuit, reducing the armature speed by
the reduction of the line voltage. When
the armature falls below the rated
speed, the contacts close, sherting out
the resistor. The voltage then rises as
does the speed of the armature. The
cutting In and out of the resistor is a
continuous action as the armature speed
varies. If the line voltage and the load
are fairly constant, the governor is not
too active, and the armature speed os-
cillates around the ruted speed.

The disadvantage of a centrifugal
governor is the high-frequency inter-
ference generated by the opening and
closing of the contacts (with the possi-
bility of generating noise), and the pit-
ting of the comtact surfaces. The con-
tacts are normally shunted with a
025-xF high quality high-voltage ca-
pacitor. If this shunting capacltor opens,
contact interference will be maximum.
It may be desirable to connect a noise-
suppression diode across the contacts
and install a line-noise filter near the
machine to prevent interference being
fed baek over the power line. This is
particularly true if the device is in-
stalled near high-galn amplifying
equipment. Nolse-suppression devices
are discussed in Question 24.67. The
circuitry for connecting centrifugal
governors is given in Fig. 3-74A and
Fig. 3-T4B.

3.75 Describc how dynamic broking
s opplied to a motor.—Dynamic brak-
ing ean be applied to any motor circult.
However, as the motor increases in
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Fig. 3-TAA. Serics-ficld connection for

centrifugal governor.

- VoA
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Fig. 3-74B. Shunt-ficld connecHon for
centrifugal governar.

complexity, the switchlng cireuitry be-
comes more Involved. The braking ef-
fect to the motor is accomplished by
disconnecting the power source and
applying a direct current to one or
more windings, thus reducing the rota-
tion of the armature by magnetic drag
until it comes to rest.

Several circults are available for this
purpose. JFig. 3-75A is the circuit for a
shaded-pole motor. A dynamic braking
clrcuit for split-phase start, capacitor
start, or permanent split=capacitor mo-
tor is shown in Fig. 3-75B. Several oth-

A LNE

RO OFF

POSMON

—_—
0C BRAKE i

Fig. 3-75A. Dynomi¢ braking circuit for
permanent split-capacitor motor. Wind-
ings in scries, when braked.
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AC UNE
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0C BRAKE | RN START OR

CAPACITOR
WINDING
AN

WINDING . 'f
—IEE—-u-*—

USED ONLY WITH SP | T-PHASE START
OR CAPACITOR START MOTOR

Fig. 3-75B. Dynaomic broking circuit for

split-phase start, capacitor start, or pere

mancnt split-copacitor mators. Main
winding used far braking,

ers shown in Figs. 3-75C te E arc self-
explanatory. The direct current is sup-
plied from a half-wave rectifier. Ex-
treme care must be exerelsed in the
braking of geared moters to avoid
shocking beyond their capabilities. This
is especially true for loads having con-
siderable inertia.

8 = THREE PHASE
@ - -

NO OFF \,\

POSITON 1
———
DC BRAXE 4
N

Fig. 3-75C. Dynamic braking circuit for
three-phose mator. For delto connection
only one phase of the stator is used. i
star connccted, two phoses or¢ used.

3.76 When certain motor data ore
known, how may ather unknown related
toctors be determined?—The nomograph
In Fig. 3-76 provides a fast convenient
way to determine factors of: Torque
(in-oz) speed (rpm) frequency {Hzx)
horsepower and stator poles, as applied
In the formulas:

AL LINE
\, sPsT
C RECY
At
BRAKING
CAPACITOR
NO OFF POSITION START OR
: ! caAPACITOR
RUN WINCING
MANY
WINDING
1 | 4—]
—F

USE OMLY WITH SPUIT-PHASE
STARY OR CAPACITOR START MOTORS

Fig. 3-75D. Dynomic braking circuit for
split-phosé stort, capocitor stort, or pes-
mancnt split-capacitor motars,

= 120 x frequency
Fnd - Stator poles

Horsepower =
9.92 x Torque X Speed X 1077

By connecting the peoints of known val-
des on the nomograph, other values
may be read. Example: To fAnd the
speed, given a frequency of 50 Hz, and
& stator poles, the line connectiug these
two values, intersccts the speed scale

-

FORWARD | REVERSE

T

!

Fig. 3-75E. Dynamic brake ond speed
control of 3J-wire rcversible capacitor
motor. Maximum specd will be obtoined
when the resistor shuntod ocross the co-
pocitor s minimum ond wlil increose
with an [nercose of rosistance, Maximum
speed Is obtoined when contoct arm
rcoches the horizontal position and shunt
clrcult is open. Motor is broked when
contact arm is vertical.
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at 1000-rpm, line “A.” When the horse-
power is 0.250 and the speed is 1500-
rpm what is the torque? The straight
edge laid across the known values,
torque Is read at 1.68 X 10" T (x =0
y=0)=168 % 10°=168 in-oz, llnc
“B.” Given a horsepower of %, or 0.0143
or 0143 x 107" then x = =1, with a
speed of 3,600-rps or 360 % 10' then
y = 1. The torque scale Is intersected
at § X 10™ """ P or 4 x 107" =4 x 10"
=4 inch ounces, line “C.” (See Ques-
tions 25116 and 25.136.)

3.77 Describe the choracteristics of
synchronous uvsed for driving
sound equipment.—The synchronous
motor employed for driving of record-
ing and projection equipment is not the
conventional synchronous motor gen-

motors
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erally found in an industrial plant.
Motors for sound work are of special
design and are of the wvariable reluc-
tance type, using squirrel-cage con-
struction for the armature, with salient
poles milled in the armature lamina-
tlons. Such armatures are constructed
by using heavy copper bars running
lengthwise of the armature, and shorted
at each end by a heavy copper ring.
Sallent poles are milled the length of
the ammature laminations, at an angle
of 7 to 10 degrees, using the armature
shaft as reference (Fig. 3-77A.)

In the early days of sound, synchro-
nous moters were not available and in-
duction motors were made to run at
synchronous speeds by culting slots in

the armature laminations. This was
12 —y— 1OniQIA+2-¥)
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Nomograph for determining the characteristics of motors. {Courtesy,

Boding Electric Co.)
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Fig. 3-77A. Squirrcl-cage motor orme-

ture showing thc copper rods, rings, and

salicnt poles. (Courtesy, Bodine Electric
Co.}

Fig. 3-T78. Fractional horscpower motor
manufoctured by Bodine Electric Co.

Fig. 3-77C. Armaturc of o standard in-
duction motor, (Courtesy, Bodine Elec-
tric Co.)

Fig. 3.77D. Armature of a permanent
split-capacitor motor. {Courtesy, Bodine
Electric Co.)

done by placing several hack-saw
blades in a frame and cutting a slot
about MW-inch In width, the length of
the armature, at an angle of about 10
degrees; the armature was then re-
balanced.

If the bars of the squirrel-cage rotor
ure of sufficlent low resistance to bring
the rotor to synchronous speed, the sa-
tient poles will pull the armature into
step with the points of greatest flux
density of the rotating field. As there
arc no windings, the armature requires
no maintenance.

Synchronous motors may be designed
to operate over a limited speed range
by changing the frequency of the driv-

ing-power source. This usually requires
a change in the supply voltage to main-
tain a satisfactory power input. Syn-
chronous motors may also he provided
with statnr windings to produc¢e a num-
ber of different pole combinations, and
by using a suitable rotor, the motor
may be made to operate at a number of
different speeds. This is discussed in
Question 3.70.

Because of the quick starting ¢harac-
teristics of squirrel-cage motors due
to the copper bars, shorling rings, and
salient poles, they have a high starting
torque and are brought into synchro-
nism very quickly. As this is somewhaf
of a disadvantage, particularly for the
cameras and projection muchines, some
means must be taken to provide a soft
start, such as putting resistors In the
power source and cutling them out of
the circuit as the motor gomes up to
speed.

Because such motors can not be in-
terlocked at rest, a sync mark must be
provided, to indicate when they reach
synchronous speed. On production, this
is accomplished by the usc of clap-
sticks held in front of the camera, and
photographed while the sound is belng
recorded. Later, the plcture of the clap-
sticks and their sound is used by the
editorial department to synchronize the
picture with the sound track. (See
Question 18.334.)

Motors of the above described type
are characterized by their high starting
torque, rapid acceleration, low power
factor (because the exeitlng current is
taken from the line through the stator
winding), and efliclency. However,
these factors are of little consequence
as the power rating is low, generally
on the order of 1 to 1 horsepower.
Synchronous motors of this type cannot
be used for background projection or
rerecording purposes. In background
projection, the shutter of the projector
must be synchronized with the camera
beforchand. If this were not done, the
camera shutter might be opened while
the projector shutter was closed, result-
ing in no exposurc of the background
projection. Selsyn interlock motors
must be used to bring the eamera and
projector up to speed and In synchroni-
zation. When sync speed has been at-
tained, clap-sticks are used to establish
the synchronization of picture and
sound. (See Queslion 18.59,)
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RECOADER RECORDER

100/ 200
WAYT EMPUFIER

SYNC -PULSE V

Fig. 3-78A, Basic resolver system using

the sync pulse to drive the transfer
machine motor,
In rerecording installatlons, quite

often certain machines are equipped
with dual-purpose motors. These mo-
tors function as both selsyn interlock
and a straicht synchronous motor,
which is quite convenient during a re-
recording session, where a single track
is wanted for listening purposes, and
the balance of the machines are set for
interlock running.

Transfers from one synchronous ma-
chine to another are permissible, pro-
vided a start mark is recorded on the
new sound track when the machine has
attained synchronous speed. It is quite
common practice when transferring a
magnetic sound track to a photographic
sound track to start the photographic
recorder first and then start the mag-
netic sound track, The machine carry-
ing the magnetic track will settle down
in a very short time, while the photo-
graphic recorder takes longer in com-
parison because of the transport-loop
system. A fractional horsepower syn-
chronous motor, manufactured by the
Bodine Motor Co., appears in Fig.
3-77B. Figs. 3-77C and D show an ar-
mature for a standard induction motor
and also one for permanent split-
capacitor motor.

o | HEAD

i TAPE
Fig, 3-7BC. Rangertone
sync-pulse hcad used on

Va-inch magnetic tape
recorder.

used aon

T |
—— F

Fig. 3-78D. Echelon Per-
fectone sync-pulse head
Va-inch mag-
netic tope recorder.

_ped |
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SYNC -PULSE é
E REACTANCE
SIGNAL TUBE
FROM TAPE

&

Fig. 3-78B. Bridge circuit with rcactance

tube for controlling the frequency of the

60-Hzx oscillater driving the synchronous
motor in the Ya-inch tapc reproducer.

3.78 Describe the mothods for re-
cording a sync pulse on quarter-inch
magnetic tepe for synchronous operation
with camera.—Sync-pulse systems used
for the synchronization of motion pic-
ture camera and ¥ -inch tape recorders
are quite common. Several different
types of systems are in general usage.
All these systems accomplish the same
end result, but in a slightly different
manner. Such systems are said to record
magnetic sprocket holes, because they
produce the same results as sprocket
type machines. The first of these sys-
tems was developed by Col. H B.
Ranger, of the Rangertone Co. In this
system, the sync pulse was the power-
line frequency. A low level 60-Hz signal
was recorded in the center of the tape,
over the sound track, at an angle of
approximately 87 degrees to the direc-
tion of the tape travel (Fig. 3-78C.)
Later, when this track was transferred
for cditorial purposes, the sync-pulse
signal on the tape was amplified by a
power amplifier and used to drive the
motor on the transfer machine (Fig.
3-T8A}. Any variation in the line fre-
queney or camera during the original
recording was transmitted to the trans-
fer machine motor, duplicating the elec-

|
!
_ |90 ]
1 — o f—— -1-—L-—'—-—'.—
I S

Fig. 3-78E. MNagro (Ku-

delski} sync-pulse hcod

vied on V4-lnch mag-
nctic tape recorder,
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Fig. 3-78F. Nagra IIIJ'/‘-inclm magnetic rccorder, (Courtesy, Magnetic Sales Corp.)

trical conditions prevailing at the time
of the recording; thus, synchronization
between the sound and plcture was
achieved.

A second system, developed by
Ranger for (ranslerring the original
sound track, compares the sync-pulse
signal on the tape to the 60-Hz power-
line frequency driving the tronsler ma-
chine motor. This comparisen is made
automatically by using a bridge cireuit
in which one arm is a reactance tube
that controls the frequency of an oscil-
lator, which Is normally adjusted for
60 Hz (Fig. 3-78B). The oscillator drives
the power amplifier which, In tum,
drives the synchronous motor in the
tape recorder now being used as a re-
producer. If the sync-pulse slgnal at a
given moment is exactly in step with
the power frequency, the bridge circuit

0.3 Y uu T

L,

%

Is in balance and the reactance tube is
inactive. If the sync pulse on the tape
gets ahead of the power frequency, the
bridge becomes unbalanced and slows
down the motor in the recorder until
the sync pulse is again in step with the
power-line frequency. I the sync pulse
is slow, it is speeded up by the reverse
process. Corrections to the speed of the
tape must be made slowly, so as not to
produce a noticeable change to the ear.
Experience indlcates that if the correc-
tions are less than 1 cycle in two sec-
onds, the variation in speed is not
heard.

A third method of applying sync
pulses 1o a tape recorder is termed the
echelon system, used with Perfectone
recorder, developed for location work
by Ryder Sound Services. In the eche-
len method, the sync pulse is recorded

2o
RECORDING HEAD

30/80H?

Fig, 3-78G. Rangcrtone transversal recording.
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Fig. 3.-78BH. Nagro push-pull recording.

on the two outer cdges of the tape at
an angle of 90 degrces to the direction
of tape travel. The pole pieces of the
heads are staggered about one half
wavelength of 60 Hz, running at a speed
of 7.5-inches per second, or approxi-
mately g inch (Fig. 3-78D). The sync-
pulse signal may be generated by a per-
manent-magnet generator mounted on
the camera motor, or taken from the
camera motor-supply voltage as dis-
cussed in Question 3.57.

A fourth method ealled the NeoPilot
system, developed by Stefan Kudelski
of Lausanne, Switzerland, is used with
the well-known Nagra recorders. This
system employs a sync-pulse head that
records a 50- or 60-Hz push-pull signal
in the center of the tape, at an angle of
90 degrees of the direction of tape travel
(Fig. 3-78E). Although the construction
of the NeoPilot head appears to be sim-
ilar to the echelon type, it is not, since
the pole pieces are in-line and stag-
gered. The sync-pulse signal may be
taken from the camera power source,
or from a sync-pulsc generator
mounted on the camnera motor. Aill of
the systems that have been discussed
employ approximately 1.25 Vac at the
sync-pulse head.

A Nagra III recorder-reproducer is
shown in Fig. 3-78F with the head
placement indicated. At “A” is the erase
head, “B" the sync-pulse head, “C” the
record head, and “D" the playback
head. The supply reel for the tape is
shown at “E.” This recorder is treated
in detail in Question 17.177.

The positioning of the syne-pulse
head for the Rangertone system is
shown in Fig. 3-78G. Here, the sync-
pulse head is mounted on the center

line of the tape at a right angle to the
audio signal after the tape has passed
over the recording head. Some cross
talk between the sync pulse and the
audio signal may be expected using this
system,

In Fig. 3-78H is shown the position
of the sync-pulse head on a Nagra re-
corder using the NeoPllot system. Since
in this system the sync-pulse head is of
push-pull design, no cross-talk inter-
ference is ohserved between the syne
pulse and the audio signal All three
systeins are compatible except for the
different methods used for taking off
the sync-pulse signal. For the Ryder
echelon head, it is placed in the same
position as for the NeoPilot system.

In the absence of a recorder espe-
cially designed for sync-pulse opera-
tion, a stercophonlc two-track recorder
may be used. In this Instance the sync-
pulse signhal is recorded on one track
and the audio signal on the other. The
sync-pulse signal s then reproduced
and used to drive the transfer recorder,
or Interlock other machines as previ-
ously discussed. (See Question 3.80.)

3.79 Can trequencics other than 60
Hz be used for sync-pulso signals?—Yes,
they may be operated at 50, 60, 100, 120,
and, in some instances, 14,000 Hz. How-
ever, if the higher [requency is used,
the recorder must be capabie of record-
Ing a strong 14,000-Hz signal on the
tape, and precautions taken to prevent
leakage of the sync signal into the re-
cording circuits and causing beats. Pie-
tured In Fig. 3-79 Is a resolver manu-
lactured by Magna-Tech Electronic Co.,
Inc., Model 92B. This device is designed
to operate at both 60 and 14,000 Hz. The
sync-pulse head is mounted between
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Fig. 3-79. Magno-Tech Electronic Co.,

Model 92B playback syncheonizer oper-

ating in conjunctian with an Ampex V-
inch tape recorder.

the normal head assembly, The capstan
and pinch-wheel are at the right.
3.80 Describe the methods used to
connect a tape recorder ond camcra for
sync-pulse operation.—Five different
methods of connecting or operaling a
Yi«inch tape recorder and camera for
syne-pulse operation are shown in Fig.
3-80A through E. In Fig. 3-80A the tape
recorder Is operaled {rom its internal
batleries and s fed a sync-pulse signal
from a permanenl-magnel generaldr
(60 Hz) mounled on one end of the
camera molor shaft. The power supply

SYNC=-PULSE
GENERATORA

MIC TAPE
{O—{ recorER CAMERA
1Voe

BATTERY

220v-32

CAMERA
POWER
SUPPLY

BATTERY
36vdc

Fig. 3-80A, Recorder operated from in-

ternal batteries; the syme-pulse signal Is

obtained from pulse-gencrator on com-

era; camero powered from battery power
supply.

for the camera consists of a three-phase
220-Vac 60-Hz generator driven from
batteries. With the synec-pulse voltage
taken from the camera motor-driven
generator, any change in camera speed
is reflected in the f{requency of the syne
pulse and recorded on the tape, along
with any small variations in the bat-
tery-driven motor in the recorder.
The system shown in Fig. 3-80B is
simlilar, except that the sync-pulse volt-
age is tauken from a step-down trans-
former connected across two phases of
the three-phase voltage fed to the cam-
era motor. Any change in the fre-
quency of the camera-supply voltage is
recorded on the tape. When shooting in
a studio, the camera is generally sup-
plied from the house mains, which also
supply the sync pulse through a step-
Jown transformer (Fig. 3-80C).
Systems are also available where the
sync pulse is transmitted by a small
radio transinitter to the recorder, as in
Fig. 3-80D. Another system for drlving
the camera employs a transistorized in-
verler operated from batteries, and
generating 117 Vac, at 60 Hz (Flg
3-80E). The frequency of the generator
is precision-controlled. The syne-pulse
signal is laken from a small precision
unit which generates 60 Hz with an ac~
curacy of +=0.0005 percent. The manu-
facturer states the inverter and sync-
pulse generator have an accuracy of 20
parts per million, over a temperature
range of minus 20*C to plus 50°C (mi-
nus 40°F to plus 122°F); or 5 parts per
million over a temperature range of
plus 8°C to plus 34°C. Using this syn-
chronization, several cameras can be
used simultaneously without intercon-
necting cables. While there are other

MiC
O—{ e PULSE CAMERA
RECORDER | TRANSFORMER
1 220v
L25vac -30
) CAME RA
POWER
suPPLY I
BATTERY
36Vde

Fig. 3-80B. Recorder powered from in-
tcrnal botteries. camera from battery
power supply; sync-pulse from step-down
transformer across two-legs of camera
threc-phase power supply,
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variations of the described systems,
those shown in Figs. 3-80A through C,
are the most commonly employed. (See
Question 3.78.)

3.81 Describe a system for inter-
locking nonsynchronous recorders and
reproducers.—The problem of interlock-
ing nonsynchronous sound equipinent
and plcture has been one of the chief
difficulties of the sound {ndustry, be-
cause synchronous motors, although
rated constant-speed, are only approxi-
mately so. They arc subject to slight
speed changes due to possible variation
of the coupling angle between the ro-
tating field and the rotor. The angular
velocity may not be constant, but the
average speed will be synchronous.

Nonsynchronous motors never oper-
ate at synchronous speeds, even at no
load, and the difference between syn-
chronous and actual speed will depend
upon the design, power input, and
torque requirements. They are also af-
fected by the line voltage and the load.
To overcome this difficulty, the Radio
Corporation of America, has developed
a system of interlocking synchronous

MiC

RADIO RADIO
TRANSMITTER  RECEVER
CAMERA \ ,F" =</ | | recoroer
\ | | BATTERY

CAMERA
POWER
Suemy

BATTERY

Fig. 3-80D. The camcra is operoted

from a battery-opaerated generator. The

sync-pulse is scnt to the recorder by
radio.
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Fig. 3-80C. Recorder is battery operated;
camera operates from 220-volt, threc-
phase moins: pulse signal from step-
down transformer across 117 Yac mains.

and nonsynchronous machines, with a
trade name of Unilock.

To explain its operatien, in Fig.
3-81A is shown a tape recorder with a
sync-pulse recorded on the tape (sec
Question 3.78), interlocked with a stan-
dard 35-mm or 16-mm projection ma-
chine, The only piece of equipment
required at the projector is a rate-gen-
crator mounted in the film path. The
moving film drives a drum contalning
holes that chop a light beam between a
small lainp and photodiode, generating
a 60-Hz signal at a frame rate of 24
frames per second. The output voltage
of the rate penerator is applied to the
input of a Schmitt-trigger amplifier in
channel “B” of the Unilock system. The
output from the sync-pulse head on the
tape recorder is applied to a second
Schmitt-trigger in Channel “A.” To op-
erate, the tape and film are threaded at
their respective start marks, and the
system thrown to the interlock mode
and the projector and tape transports
started.

During the acceleration period, the
tape will attain sync speed almost in-

mic
CAMERA RECORDER
B0Mz
£0.0005%
CAMERA f
60Hz
POWER
SUPPLY ¢ 0.000S%L -

Fig. 3-BOE. Camera opernted from 60-Hx
generator with a regulation of 0.0005%.

60-Hx signal with some percent regula-
tion cpplied to recorder.

BAY TERY
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TAPE TRANSPORT
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B UNILOCK SYSTEM
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Fig. 3-81A. Film projector aond tape recorder interlocked using a Unilock system.

TAPE TRANSPCRT

MAGNETIC-FILM VIDEO-TAPE
REPRODUCER MACHINE
RATE
GENERATOR
\ g
SYNC-HEAD CAPSTAN 230voe 240m;
MOTOR 32 MOTOR
POWER DRIVE
!
15 Yag ANPLIFIER 240Hz
T0 60#2
NVERTER
L H
A A
UNILOCK | UNILOCK 2
e B
L

Fig. 3-818. Tope recorder, 35- or 16-mm magnetic-film machine, and video-tape
recorder interlocked using a Unilock system.

TV ACCESS
240Mz
atr —| MODWLE
W-29B46
A-GOMTREF |
{CONTL)
- SCHMITT PULSE
imMY INPUT PREAMP TrSeER i -
SCHMITT PULSE MODULE
Caro’” 1A | triceer RESOLVER
MV INPUT 1
PHASE CONTROL
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UNILOCK
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M 29648 o Hs/2Z30v
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Fig. 3-81C. Basic block diagram far RCA MI-29845 Unilock systern for interlocking
nonsynchronous recording and reproducing equipment,




130

THE AUDIO CYCLOPEDIA

Fig. 3-81D. Unilock sync or pick-off head mounted on an RCA TP-66 16 mm
projector.

stantancously, while the prajector ac-
celerales more slowly. This produces a
lower pulse rote In channel “B.” As the
pulse-count differential between the
two channels bullds up, the stepping
motor turns potentiometer P so as to
slow down the lape-transpart capstan.
As the projector attains full speed, the
pulse rate from the rate generator ap-
proaches 60 Hz. The number of puises
in ehannel “B" will eventually eatch
up with the total pulses of Channel “A."
In so doing, the stepping motor will
bring potentiometer Pl back to the
position where the capstan motor is
driven al synchronous speed, thus syn-
chronism is attained. The time required

for the system to stabilize is approxi-
mately 5 seconds. Even if the system is
stopped, It can be started again with
both machines In synchronism.

To use the system with a video-tape
recorder, a magnetic-flm reproducer,
or a projector, the equipment is con-
nected as shown in Fig. 3-81B. The 240-
Hz control-track signal from the video
machine, after suitable amplification, is
applied to a converter which reduces
the 240 Hz to 80 Hz. The inverier output
drives a 230 Vae three-phase power
drive amplifier, which supplies the mo-
tive power for the magnetic-flm repro-
ducer. Many other combinations of this
system are possible and any number of

Fig. 3-81E. Refercnee signal rate-gencrator mounted on RCA TP-66 16mm projector,
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Fig. 3-81F, RCA Unilock control modules.

machines can be interlocked. Control
equipment is available for either 50- or
60-Hz opcration.

A basic block dlagram in Fig. 3-81C
is completely solid-state. The inverter
unit will supply 30 watts at 117 Vac for
driving the capstan motor of Y-inch
tape recorders, or 300 watts at 230 Vace
for driving the motor of a magnetic-
Rlm recorder/reproducer. To operate a
¥ -Inch tape recorder, a sync or pick-off
head is required, and is shown mounted
on an RCA RT-21 tape recorder. A ref-
erence signal rate-generator is shown
installed on an RCA TP-66 projector in
Fig. 3-81E. Three modules associated
with the control system are shown In
Fig. 3-81F, with an inverter, preampli-
fier, pulse resolver, control, and power
supply shown in Fig. 3-81G.

3.82 Doscribe the methods used for
phasing o selsyn interlock system,—As-
suming the system is designed for
three-phase operation, the phasing is
started at the synchronous motor driv-
ing the selsyn generator set. The driv-
ing motor is phased for the correct
direction of rotation by connecting its
leads to the threc-phase power source,
and noting the direction of the rotation,
which should be clockwise when facing
the shaft end driving the selsyn gener-
ator unit. If the rotation is counter-
clockwise, reverse two of the power
leads. The generator unit will have 6
leads, numbers 1 to 3 being the stators,
and 4 to 6 the rotors. These § leads are
run to each machine to be driven, and
the leads numbered similarly to the
generator leads. The stators of all mo-

Fig. 3-81G. RCA Unilock control medules.
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tors are connected to the stator lines
from the selsyn generator, number for
number. The selsyn generator is started
and the rotors of each motor shorted to-
gether, without load, and the direction
of rotation noted. If the motor rotates
in the wrong direction, reverse the two
stator leads. This procedure is foilowed
through for the whole system. After
phasing the motors, two phases of the
power line (locking position) are
closed. The rotors should then all pull
into lock. Rocking the rotors by hand,
the lock should feel firm. Closing the
third phase, the motors should all run
at 1200 rpm In the same directlon.

It Is possible in some selsyn systems
to bave what appears to be correct
phasing, but one motor does not lock
solid, and has a tendency to run away
(1800 rpm). This condition must be cor-
rected or the motor will overheat and
run away frequently. This condition
can be caused by the leads on the stator
side not being properly phased, al-
though about 80 percent of the time it
operates normally.

Single-phase interlock systems are
somewhat simpler to phase. The single-
phase line is connected to the rotors,
and two of the three stator leads are
reversed for the correct direction of
rotation. If the selsyn is a dual-purpose
type (selsyn and synchronous) de-
signed for three-phase operation, it will
have 8 leads. Leads 7 to 9 are for syn-
chronous operation. These leads are
connected to a source of 230-volt three-
phase power and reversed for the cor-
rect direction of operation. Care must
be taken that the synchronous switch
is never thrown when the system is
operating as a selsyn motor.

3.83 What is the purpose of revers-
ing o rcrecarding system?—Reversible
rerecording systems serve two impor-
tant purposes; they save rehearsal time,
and they afTord the operating personnel
greater convenience of operation. It is
the curvent practice to rerecord a full
recl of picture and sound track that
may run from 940 to 980 fect in length.
Many times a difficult cue or sound ef-
fect is encountered down in a reel 500
to 600 feet from the start. If the cue is
such that it may require several re-
hearsals, this con become costly and
time consuming, as all the sound tracks
and picture must be rewound for each
rehearsal. Interlock systems can be de-
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signed t0 hold the machines in sync,
while reversing and running back to
a portion to be again rehearsed. After
reversing, they may be run forward
again without loosing synchronization.
This may be done as many times as re-
quired.

Interlock systems designed for re-
versal operation require special treat-
ment. The picture gate in the projector
must be suitable for running in reverse,
or modified to do so. The modification
will differ with each make of machine.
Solenoids must be installed to iift the
pad roller off the impedance drum in
the sound head when rumning in re-
verse. Also, the fre shutter must be
closed when the picture comes to a stop
at the point of reversal. Most magnetic
film machines will run reverse as they
have torque motors on the feed and
take-up spindles.

In some Installations, the magnetic
recorder s provided with an erasure
system for erasing a portion of the
sound track, while running in reverse,
to permit recording that portion over
again. Recorders are avallable that will
permit a single word or musical note
without a trace of the substitution.

Distributor systems can be reversed
in several different ways. Two of the
most common are the reversing of the
power leads by a system of relays, and
reversing the power eircuits and rotat-
ing the distrilbutor unit in reverse by
means of a separate motor running at
120 feet per minute. Reversal systems
are usually designed to fit a particular
installation.

3.84 Describe a resolving system for
transterring Y4-inch tape, using o sync-
pulse ta drive a sprocket-driven recarder.
—A resolver is a device used for trans-
ferring a Y-inch magnetic tape sound
track employlng a sync-pulse signal, to
a sprocket driven recorder, while main-
taining absolute synchronization. Sev-
eral different mecthods are available;
they will be discussed In their proper
order. The reader is referred to Ques-
tion 3.78, hefore reading the following
discussion.

Assume a inotion picture is being
shot, where the eamera is being sup-
plied with a three-phase 220-volt 60-Hz
voltage fron a battery-driven power
supply, and the ¥ -inch tape recorder
is driven from internal batteries. The
camera motor power supply does not
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generate a constant frequency, even
with constant-frequency control, but
will vary both above and below the
nominal frequency, If the alternator is
generating 61.0 Hz, thc camera motor
is turning 166 percent faster, and if
the alternator is generating only 59 Hz;
the rotor is 1.66 percent slower, with
reference to 60 Hz.

In the first method of transfer that
might be used, the battery-driven re-

133

corder is now used as a reproducer
{Fig. 3-84A). The sync-pulse signal is
amplified by a 60- to 100-watt ampli-
fier, which drives the synchronous mo-
tor In the sprocket-driven transfer re-
corder. Since the power for the transfer
recorder motor is the original pulse
signal recorded during the shooting of
the sound track now undergoing trans-
fer, the sprocket-driven machine motor
will inerease and deercase its speed In

TRANSFER RECORDER

ERASE PULSE]

RECQROD

—
174" TAPE RECORDER-REPRODUCER

SPROCKET DRVEN

PREAMPLIFIER |

)

MOTOR

PYIR AMPUFIER
607100 WATT

-0

3

V

Fig. 3-B4A. Direct method of transferring Va-inch tape vsing a sync-pulse signal to a
sprocket driven machine.

_ MOTOR CONTROL

& r POWER LINE
MANUAL. l :l__]_‘
CONTROL
recorper [ TNCTUSE L ge 5o ven
MOTOR

BATTERY |

OPERATED AUDID SIGNAL :

RECORDER v

TRANSFER RECORDER

Fig. 3-84B. Kudelski Nagra Il Y4-Inch tape rccorder connccted to a sync-pulse

resolver. The sync-pulse signal is fed to the resolver from the recorder. After cor-

rection, it is returned to the motor-control circuits in the recorder. The maonual con-

trol extends the range narmally outside the resolver rangs. The audlo signal is fed
from the recorder ta the transter machine in the usuwal manner.

Fig. 3-84C. Kudelski Nagra Ill and Model SLO resolver, with Yariator maonual con-
trol at left.
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accordance with the record of the sync
signal on the tape, Thus, the same result
is obtained as !f the origimal sound
track had been recorded on the
sprocket-driven machine. It will be ob-

served that in this system and all others
to be discussed, corrections are autp-
matically made for variations in the
speed of the tape recorder, elongation
of the tape, und any other elements that



CONSTANT-SPEED DEVICES, MOTORS, AND GENERATORS 135

disturbed the linear speed during the
recording of the original tape. This
method can be used with satisfactory
results, when other methods of transfer
are not available.

In the second method, the same re-
sults are obtained by reversing the pro-
cedure. Here, the sprocket-driven ma-
chine is powered from the studio power
line, and the speed of the motor driving
the tape recorder is controlled by a re-
solver to synchronize it with the studio
power-line frequency. The advantage
of this method over the first is that
there are always slight discrepancies
between the syne signal on the tape
and the power line frequency, and in
many instances it is next to impossible
to avoid parastic oscillations, resulting
in slow drifts and low frequency Autter.
This second method eliminates these
difficulties, and is the system used by
Rangertone. {See Question 3.78.)

A third resolving system (Fig.
3-84B), developed by Kudelski of Laus-
sane, Switzerland for the Nagra line of
recorders, is of diflerent design. The
principal component of the circuitry is
a phase-diseriminatlng circuit for com-
paring the frequency of the sync pulse
on the tape to that of the studio line
frequency. The phase difference is con-
verted into a pseudodirect current
which is used to correct the speed of
the dc motor in the Nagra recorder as
it reproduces the sync-pulse signal.
Three types of reference signal may be
employed: the internal line frequency
(50 or 60 Hz), twice the line frequency
(100 or 120 Hz) of any voltage up to 50
volts, or a signal generated from a
quartz crystal clock for instrument use.
Kudelski uses the name NeoPilot for
the sync-pulse voltage. For normal
transfer work, a cathode-ray tube dis-
plays the reference signal (line [re-
quency) horizontally, and the sync sig-
nal from the tape vertically. When the
reference and pulse signals are in ab-
solute synchronization, the oscilloscope
display is a steady oval nonmoving Lis-
sajous pattern. The latitude of the
speed control on the tape recorder mo-
tor circuit is *2.5 percent, for a linecar
speed of 7.5 ips. If a greater spread is
required, a manual control, called a
Variator, is connected to the recorder
by means of a cable, which permits the
speed control operating range to be ex-
tended. There are also internal controls

for extending the speed control range
where a Variator is not avallable. If a
malfunetion occurred during the orlgi-
nal recording, it may be necessary to
control manually the motor speed cor-
rection. This is accomplished by slowly
rotating the Variator. As a rule, most
transfers will fall within the 1.5-percent
range. If the power line was used for
the sync signal during the recording
of the original tape, the differences in
speed will fall well within 0.5 percent.

Included in the resolver is a control
for selecting cither automatic or manual
control of the tape recorder motor
speed. If a tape is being transferred au-
tomatically and a dropout occurs, a
marker trigger circuit becomes opera-
tive when the pulse signal drops to a
predetermined level. The trigger circuit
actuates an audible signal from a built-
in loudspeaker, turns off a green sync-
signal indicator light, turns on a yellow
warning light, and actuates an external
circuit which may be applied to a pen-
cil-marking device on the transier re-
corder. This latter device, however is
not necessary, but is quite handy if the
transfer operator cannot keep a steady
watch on the operation, since #t indi-
cates dropouts in the original sound
track and where they appear on the
transfer track. The resolver may also be
used to record a sync signal when a Y-
inch tape is being rerecorded from a
sound track on a sprocket-driven ma-
chine for playback purposes.

A front view of a Kudelski type
SLO resolver is shown in Fig. 3-84C,
with a Verlator manual control at the
left. Above the resolver is a Nagra III
Ya-inch tape reccorder. A simplified
block diagram for the internal circuitry
of the resolver appears in Fig. 3-84D.

3,85 Show a block diagram for play-
ing back VYg-inch tape on location using
a resolver.—The Kudelski Type SLO
resolver can be quite useful on location
for making immediate playbacks alter
recording, or from tapes previously re-
corded in the studio. A block dlagram
of the conncctions appears in Fig. 3-85.
Here is shown a Nagra recorder being
used as a playback machine, in con-
junction with the resolver, fed from a
source of 50 or 60 Hz. The audio signal
is fed to a power amplifier and loud-
speaker,

If local power Is not avallable, the
equipment may be fed from the cam-
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Fig. 3-85. Location playback system using o camera power supply unit far o source
of 60-Hz power. The power supply must be adjusted carcfully to hold the frequency
os ncor 60 Hz as possible.

era-motor power supply system. In this chronous sprocket-driven machine, and
latter Instance, the eamera power-sup- recorded in the usual manner. The
ply frequency must be maintained as sync-pulse signal is fed to the resolver
near to the line frequency of the studio unit, amplified, then applied to a stro-
as possible. A camern supply system boscopic lamp In the resolver. This lamp

with automatic frequency conirol is
ideal for this purpose. Generally, for
playbacks on location the tapes are pre-
recorded (using the studic mains) with
the syne-pulse signal on the tape, This
assures absolute synchronization of the
picture with the piayback,

3.86 Describe a synchronous re-
solver using a stroboscope lamp.—A
unique method of obtaining synchro-
nous sound transfer is by the use of a
Strobelite resolver (Fig. 3-86A) devel-
oped and manufactured by Magnetic
Sales Corp. Using this device, absolute
synchronization can be obtained be-
tween any type of Y-inch syne-pulse
tape recorder and a synchronous
sprocket-driven recorder. Synchroniza-
tion is achieved by manual control of
either machine, depending on the basic
setup. d

j ~
In Fig. 3-86B is shown a #¥-inch
syne-pulse tape recorder reproducing Fig. 3-8B6A. Strobelite resolver manufoc-
an audio signal which is fed to a syn- tured by Magaetic Sales Corp.
174" TAPE 16 OR 33 M
RECORDER / REPRODUCER SYNCRONOUS MAGNE TIC
BATTERY OPERATED FILM RECORDER
<- \ [ AUDIO SIGNAL .
L
o SYNC
1 SIGNAL \
.| Lawp STROBELITE]
o) @F AESOLVER
¢) o3 c
— _F—-

STROBELITE HEAD
R
MANUAL _l_\ STRCBOSCOPE DiSC

contno.l__|

1
SINGLE OR

3-PuaSE POWER

Fig. 3-868. Block diogrom for transfcrring Y4-inch sound track to magnetic film
using o Strobelite resolver manufactured by Mognetic Sales Corp.
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16MM PROJECTOR
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RECOROING FACILITIES

174" TAPE RECORDER
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STROBELITE
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AUDIO SIGNAL,
MANUAL L,
CONTAGL Al

Fig. 3-86C. Basic sctup for moking synchronous sound transfers from a sync-pulse
tope rccorder to a 16-mm projector with sound recording facilities.

flashes once for each cycle of the syn- recorders come factory cquipped with
chronizing signal. The lamp fashes are these discs). When the image on the
employed to illuminate a stroboscope disc is brought to rest, the tape is run-
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% 1000uF
12¢ ==
<. , +
23300
'.zv AA -’v
AA—
1.8%
== 250pF X 1000
NIBsoTZ| o
{3.9v) -
IN30S
o 2uF IE 12on
2NI2T4
- > ‘b‘ —a
=
w i
SYNC- , CONTROL! T
SIGNAL INPUT . Al
TRANSISTOR 4MP Atk | 2a.F
2008 GAIN L ANA,
- ==

Do etll
HTvae
+
+
.
& C-220 §g _L

SCR V- o liameHEaD | CASE

29 i )

3 g3 , !

2z | '

g8 ‘ ;

o i !

{ * ¥ : :

¥ (o0ov} i PULSE p ]

2 120K ! TRANS, ¥ :

1 : -

Ll ]

T ]

! STROBELITE )

v GE-FT-30 !

P S mmmtms s

Fig. 3-86D. Schematic diagram for Magnetic Soles Corp. Strobelite resolver.



138

originally recorded with the picture.
The external manual control for the
tape recorder is adjusted to bring the
tupe recorder to the proper speed for
stopping the image on the stroboscope
disc.

A second method for using the
Strobelite resolver is shown In block
dlagram in Fig. 3-86C. In this setup,
the tape recorder is run at a fixed speed
and the audio signal is applied to a 16-
mm projector cqulpped with magnetic
recording facilities. A stroboscope disc
is mounted on one of the exposed ro-
tating shafts. (See Question 3.87)

The sync-pulse signal from the tape
is applied to the resolver input, and the
stroboscopic lamp placed in front of the
stroboscope disc mounted on the pro-
jector. The speed of the projector is
adjusted manually for a standing image
on the disc by connecting a variable
resistor (about 150 ohms, 50 watt) in
place of the fixed resistor connected
normally in the speed-governor control
circuit (see Question 3.74). This will
permit the speed of the projector/re-
corder to be varled above and below
24 frames per second.

To operate the system, the recorder
is started and the speced of the projec-
tor/recorder adjusted for a steady im-
nge on the stroboscope disc, and thus
majntained throughout the transfer.
The sound may be recorded on a striped
picture or on magnetic film.

The schematic diagram for the
Strobelite resolver is shown in Fig.
3-86D. The sync-pulse signal is appiled
to a transistor amplifier, which feeds
the signal to the gate of a silicon con-
trolled rectifier (SCR). (See Question
11.150.) When the SCR fires, it applies
a sharp pulse to a flash lube through a
pulse transformner stepping up the volt-
age high enough lo fire the siroboscopic
lamp. The power supply provides 200
Vde for the SCR tube, and low voltage
for the transistors. {Sec Questions 3.81
and 3.84.)

3.87 Show o group of stroboscope
discs suitable for usc on a rotating shaft
te indicote synchronous speed.--Several
stroboscopic discs that may be dupli-
cated and fastened to the end of a ro-
tating shaft or sprocket, for checking
synchronous speed, using a neon or
regular lainp operated from the power
mains, are shown in Fig. 3-87. For
speeds other than those given they may
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Fig. 3-B7. Stroboscope discs. (Courtesy,
Magnctic Sales Corp.)

be calculated as given In Question
13.117.

For shaft speeds of 3600 rpm, only
one bar is used to make it easier to dis-
tinguish. At speeds where the bars are
large in number, they may be divided
into even wnultiples of the basic number.

3.88 Describe o portable comera
motor-drive unit for a constant source of
3-phase 60-Hz 230 VYoc.—In the pro-
duction of motion pictures, the demand
for a portable synchronous motor-drive
system has been going on for years.
with many different systems having
been proposed and developed. The basic
requirement of such a system is a
source of 230 Vac, 80-Hz three-phase
power, that will interlock the camera
with the sound equipment and hold the
frequency to within a very small per-
cent of the basic frequency (in USA 1t
Is 60 Hz), and yet be operated from
hatteries.

Since the advent of the batlery-
driven Y-inch tape recorder for loca-
tion work, the load of the sound ecquip-
ment has been eliminated, Thus, the
power-supply unit is now only required
to supply power for the cameras and a
low voltage (1.5 Vac) for the sync-pulse
signal recorded on the tape recorder.
(See Question 3.78.)

The schematie diagram for a camera
control and generator unit, developed
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by F. G. Albin and manufactured by
Magnetic Sales Corp., Is shown In Fig.
3.88A, The system consists of a control
cabinet and a soundproof case, which
houses a 250 Vac 3-phase 500-watt (al-
ternator) rotary inverter turning 3600
rpm driven from a 30.volt bhattery
supply. The controi cabinet supplies a
means for manually or automatically
controlling the frequency of the supply
voltage. The control circuit consists of
an claborate network of transistors and
diodes, which maintain the de voltage
constant at the motor terminals driving
the alternator. In addition, the alterna-~
tor is fitted with a centrifugal mechani-
cal governor, which holds the de voitage
approximately constant to the driving
motor, when the field current is ad-
justed for a given value. With the two
methods of control, it is possible to hold
the frequency to within less than =+ i5-
cycle in 60 Hz. (See Question 3.74.)
Provision is also made for manual con-
trol of the caumera speed for special ef-
fects shots, where the camera must run
faster or slower than 24 frames per
second. Three melers are installed on
the control unit for monitoring the de
driving veltage, generated 3-phase volt-
age, and frequency read in frames per
second. (See Question 3.72) The 1.5-
Vae sync pulse for the tape recorder is
supplied through a step-down trans-
former from one leg of the 230 Vac. In-
dividual controls are provided for ad-
justing the field current for manual and
automnatic control modes.

When such a system is operated in
the manual mode, the frequency must
be continuously mnonitored to assure a
constant frequency of 60 H: In the
automatic mode as soon as the start
switch is thrown (the generator scttles
down, in 1 to 2 seconds), the frequency
is held constant at 60 Hz and requires
no further adjustment, provided thc
ficid current has been adjusted for a
particuiar camera load in advance of
the shooting, since cameras vary in
their load requirements. Operating in
the automatic mode saves considerable
camera film, and is an important factor,
particularly if the picture is being shot
in color. To prevent damage to the tran-
sistors, a fan in the control unit auto-
matically starts if the internal temper-
ature of the control cablnet rises above
100°F. The fan is autoinatically turned
off during a take.

When more than one eamera is used,
It Is generally necessary to add capaci-
tance across cach leg of the 3-phase
alternator to provide powersfactor cor-
rection. For convenience, external ca-
pacitor banks consisting of two banks
of 10 and 20 uF each, are plugged into
the power supply for switching across
each leg of the aiternator. The same
valuc of capacitance is always used
across cach phase. The capacitors
should be oll-filled. Under no circum-
stances are conventional electrolytic ca-
pacitors permissible, because of their
internal leakage and the possibility of
exploding. Nonpolarized eclectrolytic ca-
pacitors can be used; however, the
paper or oil-filled type is preferred. In
most portable alternator sets capacitors
permanently connected across the three
phases serve two purposes. First, they
act as noise suppressors for the sllp
rings; sccond, they provide power-fac-
tor correction for a single camera.

When two or more eameras are to be
driven, the eameras are run in advance
and the capacitance adjusted for proper
operation. In Flg. 3-88B, is shown a
typical capacitor bank, consisting of six
10-uF banks, that may be connected
for either 10- or 20-uF operation,

3.89 Describe o printed-circuit mo-
tor~—The printed-circuit motor is a di-
rect-current electrical machine, in
which the conventional wire windings
of a cylindrical armuture have been re-
placed by printed circuits. Printed—cir-
cuit motors may be operated from one
revolution per day up to several thou-
sand revolutions per minute, and may
be designed to deliver lorques from a
few ounce-inches to hundreds of
pound-feet. Since the motor Is basically
of pancake form, it is well adapted to
applications where the motor would be
Integral with the driven device. Because
of its design, there is no magnetic at-
traction between the rotating armature
and the statlonary portion of the
machine.

An exploded view of a motor, manu-
factured by Printed Motors, Inec., is
shown in Fig. 3-B9A. At the left is a flux
plate, a portion of the housing support-
ing the brushes which muke contact
with the 132 segments shown in the
center. A slmilar winding s printed on
the reverse side, and connected to the
front side by plated through holes. At
the right is the opposite portion of the
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housing, with a permanent magnet comparison to conventlonal motors. For
stator, an armature diameter of 3.5 to 85
An important aspect of the printed inches, the terminal voltage will range
motor is the fact that the printed arma- from 6 to 150 voits dc. Consequently
ture is a single-wave winding. As a re- they are sulted to control circuits em-
sult, the operating voltage is low in ploying semiconductor devices.
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The armature consists of a disc
printed and electroplated with the pat-
tern of conductors rotating In a planar
air gap permanent-magnet structure.
Commutation is provided by the use of
brushes bearing directly on the flat sur-
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faces of the armature segments. Since
the effective number of commutator
bars is large and the rotating armature
contains no iron, the motor provides a
smooth modulation-free output torque
in response to a constant input current.
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Fig. 3-88B. Comera moror power-supply capoacitor bonk for correcting power factor.
Switch open, two camcras. Switch closed, three cameras. In some instonces all the
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Fig. 3-89A. Explodcd view of a printed-circuit motar. At the lett is the housing cover
with the brushes, armature, and permanent-mognct stotor. (Courtesy, Printod
Motors, Inc.)

Fig, 3-898. Printed-citcuit matar armoture at lcft and the conventional ormature It
replaces. [Courtesy, Printed Motors, Inc.)

rotate with the shaft, the rotation of
the armature does not tend to modulate

A printed-circuit armature, com-
pared to a conventional armature it re-

places is shown in Fig. 3-89B. Since the
magnetic field in a printed motor Is
supplied by a structure which does not

or vary the permeability of the mag-
netic path. Due to the design, cogying
has been eliminated and there Is the-
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(ey View of exterior.

(b) View of interior,

Fig. 3-90. Modcl-700 portoble dc generator for motion picture set lighting. Manu-
factured by Mole-Richardsan. Generator is capable of developing 650 amperes at
120 VYde.
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oretically no limit on the angular accu-
racy.

The lack of armature Inductance dis-
played by a printed motor is significant
in applications where fast response is
desired. }f the mechanical time-constant
Is defined as the time for the machine
to complete 63 percent of the velocity
transition resulting from a step change
in terminal voltage, printed motors lie
between 0.010 and 0.050 second. Printed
motors are best sulted to applieations
involving direct drive of loads at speeds
in the range from zero to several thou-
sand rpm, where a premium Is placed
on the smoothness of generated torque,
freedom from preferred armature posi-
tion, fast response, and high aecuracy.

3.90 Describe the construction of a
portable de¢ gencrator, for motion picture
set lighting.—Although portable light-
ing plants are under the jurisdiction of
the electrical department in a motion-
picture studio, in small organizations,
very often the sound engineer s re-
sponsible for them; thercfore, a basic
knowledge of their design is useful.

Generating plants designed for mo-
tion picture use are generally portable
either as a unit that may be loaded on
a flat-bed truck, or built on a truck as
an integral unit. Generally the plant
consisls of a pasoline motor driving a de
generator with automatic voltage con-
trol. A portable plant, manufactured by
Mole-Richardson, is shown In Fig. 3-90.
This plant Is capable of generating 650
armaperes at 120 Vde, The generator is
driven by a V-§ Cadfllac gasoline en-
gine. Depending on the electrical load
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demands, the output voltage may be
controlled either manually by means of
a rheostat, or automatically by a voltage
regulator which controls the speed of
the engine. The ripple voltage from the
commutator is less than 0.5 percent;
thus, the noise generated by arc lamps
is at a minimum. Such power plants
may be used for lighting elther incan-
descent or are lamps.

The silencing of a generator for mo-
tion picture use is a compromise be-
tween portability and the degree of
noise reduction required. The housing
wall of this particular plant consists of
20-gauge sheet metal outer skin, with
3M Co. undercoating applied to the in-
ner surfaces. A fibrous asbestos is
sprayed over the undercoating to form
an additional sound absorbing layer
about ¥-inch thick. This is protected
by two coats of casein base paint and
metal hardware cloth. The bottom of
the plant is closed with covers consist-
ing of Y%-inch Celotex set between
18-gauge steel sheets. An acoustical
partition within the housing, made of
-inch Celoter faced on both sides by
Yg-inch Transite, prevents the engine
nolse from escaping through the radia-
tor., All access doors are gasketed. A
blanketed baffle spaced a short distance
in front of the radiator reduces air and
fan noises. The engine exhaust is muf-
fled by a series-parallel system of si-
lencers. One 3-pass muffler is connected
to the exhaust of each 4-cylinder bank
of engine, with the outputs of the muf-
flers joined at the Input to a third
muffier.
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Section 4

Microphones

Since the invention of the microphone by Dr. Alexander Graham Bell, many
types and designs of microphones have been developed over the years, cach having
served well untll its replacement.

Microphones may be classified according to their physical design, such as carbon,
capacitor, ribbon-velocity, moving-coil, semiconductor, crystal, and ceramic. They
also may be classified according to their polar patterns as omnidirectional, bi-
directlonal, directional, polydirectional, superdirectional, and cardioid. Nomencla-
ture given to microphones designed for special use, such as wireless, dual-sterco-
phonic, in-line, and high-intensity, might be considered yet another category. All
of these microphones have been covered in this section, and also their electronics,
phasing, and such ancillary equipment as cables, wind and rain screens, and
concentrators are discussed in this secllon, In some instances, the description of a
particular microphone is only basic since the design will vary with different manu-

facturers.

4.1 Whot is a microphone?—A
transducing device which converts
acoustical energy into electrical energy.
Also called an clectroacoustic trans-
ducer.

4.2 What are the basic principles
of microphono operation?—Microphones
are divided into two categories of oper-
ation, veloelty and pressure. Pressure-
operated microphones employ a dia-
phragm with only one surface exposed
to the sound source. The displacement
of the dlaphragm Is proportional to the
Instantancous pressure of the sound
wave. At lower frequencies such micro-
phones are practically nondlrectional.

A velocity microphone is one in
which the electrical output substanti-
ally corresponds to the instantaneous
particle velocity in the impressed sound
wave. A velocity microphone is also re-
ferred to as a gradient microphone. A
gradient mlcrophone Is a microphone in
which the output corresponds to the
gradient of the sound pressure. The
quality of a microphonec can be judged
by the frequency response, sensitivity,

distortion, internal noise, and field
paitern.
4.3 What ore the terms ond equo-

tions associoted with microphones?—
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Average threshold of the human ear
=0-dB SPL (sound pressure level)
= 0.0002 dynes/cm® = 0.0002 microbar =
10" watt/em? (free field in air) =10

watts/ft*.
1 microbar =1 dyne/cm’ = 10"* bar
= 74-dB SPL
1 atmosphere = 1 bar = 14.5 Ib/In?
= 10" dynes/cm®
= 194-dB SPL.

Microphone sensitivity is defined as
output voltage in dB re: 1 volt for a
sound pressure of 1 dyne/cm”, or 71-dB
SPI. As an example: the sensitivity
rating for a given microphone of minus
85 dB re: 1 volt/dyne/em’® states; the
output voltage is 85 dB helow 1 volt for
74-dB SPL; for 174-dB SPL, the output
voltage would be 174 — 74 4 (—85) =
+15 dB re: 1 volt. An output voltage
15 dB above 1 volt equals 56 volts.

4.4 What types of microphones ase
classed as pressure operated?—The car-
bon, erystal, dynamlic, pressure, capaci-
tor, and frequency-modulated.

4.5 Whot type of mlcrophone s
classed as velocity operated?—The rib-
bon. The electrical response corre-
sponds to the particle velocity.
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4.6 What Is o pressuro gradient
microphone?—A ribbon velocity micro-
phone such as deseribed in Question
4.50.

4.7 What is a polar tield pottern?—
It is a plot employing polar coordinates,
to show the magnitude of a quality in
some or all directions fromm a given
point for three hundred sixty degrees.
Polar plots are used to present the di-
rectional pattern of mieroghones, loud-
speakers, and other devices having di-
rectional characteristics. The term field
pattern is also used to denote direc-
tional qualities; hewever, either term
may be used interchangeably. In some
instances the term directional psttern
or characteristic is used. The term free-
field denotes the device under measure-
ment is in space, In an area [ree from
obstructions and reflections, such as
would be found in open air or in an
anechoic chamber. Polar plots are also
used in the measurcment of magnetic
fields and many eclectrical devices not
having acoustical properties. Typleal
polar plots or field patterns are shown
in Fig. 4-57.

At (a) is an omnidirectional or cir-
cular or nondirectional field pattern for
the crystal, dynamic {moving coil}, ca-
pacitor (condenser), carbon, electronic,
frequency modulated, and inductor type
microphones.

At (b), a semidirectional pattern ob-
tained with an adjustable fleld pattern
microphone is illustrated. The micro-
phone is directional at the higher fre-
quencies but nondirectional at the low
frequencies.

The bidirectional pattern obtalned
with a ribbon microphone is shown at
{¢). The microphone is essentially dead
to picknp at the sides. This pattern is
generally referred to us a figure-8 feld
pattern.

The pattern for a unidirectional mi-
crophone, called a cardiold pattern, is
shown at (d). Microphones are avail-

(b} Semidirec-
tional.

(a) Omnidirec-
tional.
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able that will permit the feld pattern
to be varied to fit almost any situation
and include all of the foregoing patterns
in some form or other.

4.8 How Is a carbon microphone
constructod and what i3 Its principle of
operation?—Several hundred small ear-
bon granules are held in close contact
in a brass cup called a button, which
is attached to the center of a metallic
diaphragm. Sound waves striking the
surface of the diaphragm disturb the
carbon granules, thus changing the con-
tact resistance between their surfaces.
The change In contact causes a current
from a battery connected in series with
the carbon button and the primary of
a transformer to vary in amplitude, re-
sulting in a eurrent waveform similar
to the acoustic waveform striking the
diaphragm. After leaving the secondary
of the transformer, the minute changes
of eurrent through the transformer pri-
mary are amplified and reproduced in
the conventional manner. The eircuit
diagram and construction of a carbon
microphone are shown In Fig. 4-8. The
output voltage from a carbon or pres-
sure microphone is proportional to the
displacement of the diaphragm. The
field pattern is omnidirectional This is
shown In (a) of Fig. 4-7.

One of the prineipal disadvantages
of the carbon microphone is that it has
continuous high-frequency hiss caused

RuBB(R
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STIEP-we
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i
AMEQGTAY BATTEAY

Fig. 4-8. Connection ond construction of
o single-button corbon microphone.

(c) DBidirectional. (d) Cardioid.

Fig. 4-7. Bosic microphone ficld potterns.
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Fig. 4-9B. Early model Western Electric type 600A, double-button, stretched-dia-
phragm, carbon microphone.

by the changing contact resistance be-
tween the carbon granules. In addition,
the frequency response¢ is limited and
the distortion is rather high.

4.9 Whot is a doublc-button carbon
microphone and how does it function?—
The double-button microphone employs
two carbon buttons similar to those

RUBBER MOUNT

STRE TCHED METAL
CAPRAGY |

&—OuTPUT
Fig. 4-9A. Connegtions and construction
of o double-button corbon microphone.

——— SINGLE BUTTON —=-DOUBLE BUTTON,STRETCHED DIAPHRAGM

used In the single-button type. One
button is mounted on each side of the
diaphragm. Pressure waves striking the
surface of the stretched diaphragm
causc it to move and disturb the con-
tact resistance of the carbon granules
in the buttons In a manner similar to
the single-button microphone described
in Question 48. As the diaphragm
moves, the contact resistance of the
granules in the button mounted on the
pressure-wave side is reduced, while
the resistance of the button on the op-
posite side is increased. When the pres-
sure wave reverses Itself, the reverse
action takes place in the carbon but-
tons. Thus, the current through the but-
tons corresponds to cach half of the
pressure wave at the diaphragm. This
action is somewhat similar to that of a
push-pull amplifier stage. The circuit
connections and construction are shown
in Fig. 4-9A. The exterlor appearance of
an carly model double-button carbon
mnicrophone, manufactured by Western
Electric Co,, is shown in Fig. 4-9B.
The disadvantages of the double-
button microphone are about the same

+20 +20
- /N +o0
‘fl "".‘ "\‘
5 o -y —t— - - 7 3 o
Q B .
8.0 // ++4-10
- 20 l =20
100 1000 10000

FREQUENCY IN Hz

Fig. 4-9C, Frequency responsc of early model single- and doublo-button
carbon microphones.
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as for' the single-button type, except
the waveform distortion is Jess. The
frequency responses for single- and
double-button microphones are given
In Fig. 4-9C. The solid line is the single
button and the dotted line the double
button. It will be noted the resonant
peaks of the diaphragm have been re-
duced in the double-button type by
stretching the diaphragm.

4.10 What precautions should be
observed when using carbon button-type
microphones?—The current through the
buttons should not exceed that recom-
mended by the manufacturer, or the
carbon granules may be fused. If the
microphone is of the double-button
type, the currents through each button
must be the same when the diaphragm
is at rest. Carbon microphones should
not be subjected to heavy jars when the
current i1s flowing, unless they are de-
signed for such service.

4.11 What causes pachking of the
carbon granules in a carbon micraphone?
—Exeessive current through the but-
tons and moving the microphone when
the current is flowing. However, carbon
microphones used in communications
weork are designed to be moved while
there is current through them.

4.12 Deseribe a crystal microphone.
—A microphone employing one or more
Rochelle salt crystals placed in such a
manner that when their surfaces are
struck by a pressure wave they are
bent or twisted out of shape. This action
results in the generation of an electrical
current because of the piczoclectric
effect of such crystals. A typieal erystal
microphone is shown in Fig. 4-12.

Flg. 4-12, A typical crystal microphonc.
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4.13 What is the picroclectric cf-
fect> —~When a erystal is subjected to
strain, electrical polarization takes
place. The polarization is proportional
to the nechanical strain and sine with
it. The inverse effect is produced when
electrical current is applied to the crys-
tal. The mechanical movement in this
case is proportional to the applied cur-
rent. Advantage Is taken of this char~
acteristic in the design of crystal micro-
phones, pickups, speakers, and record-
ing heads. The subject of piezoelectric
effect is discussed further in Question
25.191.

4.14 What type crystals ore used
in e¢rystal microphoncs?—Rochelle salt
crystals. They are grown from a super-
saturated solution of sodiwm potassium
tartrate tetrahydrate by cooling at a
temperature of 40°C. Such crystals
should not be operated or stored in
temperatures exceeding 140° F. Crystals
of this nature should not be confused
with the quartz crystals used in radlo
transmitters. (Sce Questions 25.102 and
25.103.)

4.1S What type crystal microphones
are in gencral use?—The direct-actn-
ated, Fig. 4-15, part (a) and the Indl-
rectly actuated, Flg, 4-15, part (b). In
the former type, the sound waves strike
the surfaces of the crystals creating
mechanical strain. In the latter, the
sound waves impinge on a diapliragm
attached mechanically to the crystal
elements.

4.16 What is a sound.cell crystal
microphone?—One In which a number
of crystal elements are stacked In a pile,
as shown in Fig. 4-15, part (c).

4.17 What is & Bimorph crystolte—
A type of construction used in erystal
miicrophones to increase their sensitiv-
ity. The crystal consists of two slabs cut
on axces which determine whether they
are to be benders or twisters. The two
slabs are separated by a thin piece of
foil which connects to one side of the
external circuit. The outer surfaces of
the erystul slabs are covered with foil
and connected to the other side of the
external ecircuit as shown in Fig. 4-15,
part (a). The name Bimorph is a trade
name of the Clevite Corp., Piezoelectric
Div.

4.18 What Is o bender elementd—A
crystal clement cut on an axis which
results in a plezoelectric effect only as
a result of bending.
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(a) Bimorph.
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CRYSTAL
ELEMENT
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(b) Indirectly actuated,

CRYSTAL
ELEMENTS

(¢) Sound cell.

Fig. 4-15. Direet and indirect actuated
crystal clements used in microphone
construction.

4.19 What is a twister element? —A
crystal element cut on an axis which
results in a piezoelectric effect only as
a result of twisting,

4.20 Whot Is the teld pottern for
a crystal microphone?—Circular, as for
all pressure microphones. See Fig. 4-7,
part (a).

4.21 What is the output impedance
of o crystal microphoneP—Generally on
the order of 60,000 to 100,000 ochms.

4.22 Which type crystol microphone
hai the greatest output, the diophrogm
or the sound celi?—The diaphragm type
has the greatest output voliage, but the
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frequency response is limited beecause
of the construction. The sound cell,
Fig. 4-15, part (¢} has the hest frequency
response but the lowest output level.

4.23 Maw is the greatest output
voltage obtained from o erystol micro-
phone with the lowest output imped-
ance?—By connecting the crystal cle-
ments in series-parallel.

4.24 What is the moximum length
of coble that may be used with o crystol
microphoneP—Approximately 50 feel
Because of the high impedance, a crys-
tal microphone must not be separated
0o far from the input of the amplifier.
The capacity of the cable acts as a
capacitor in paraliel with the ecrystal
elements. A long cable attenuates the
over-all level but has little effect on the
frequency response.

4.24 Whot Is the internal ¢opoci-
tance of o crystol microphone?—Gener-
ally on the order of 0.03 uF, for the
dlaphragm-actuated type. For the
sound-cell type, 0.0005 to 0.015 uF.

4.26 Whet is the frequency response
of o crystal microphonc?—About B0 to
6500 Hz for the diaphragm type, with
a peak occurring around 3500 Hz. High-
quality crystal microphones will re-
spond up to 16,000 Hz; however, they
show a rise in the higher frequencies
necessitating cqualization to obtain a
uniform frequency response. The fre-
quency response of a typical high-qual-
ity crystal microphone of the sound-
cell type Is shown in Fig. 4-26.

4.27 What type amplifier input cir-
cuit is recommended for crystal micro-
phones?—Resistance-coupled similar to
that shown in Fig. 4-27. Because a crys-
tal mlcrophone appears as a capaci-
tance, it may be considered to be In
series with the grid resistance of the
input stage. The grid resistance (Ra)
should be from 3 to 5 megohms for a
microphone of the sound-cell type and
from 1 1o 5 megohms for the diaphragin
type. Lowering the resislance in the
grid eircuit attenuates the low fre-
quencies.

4.28 What types of microphones ore
considered to be high Impedancel—
Crystal, ceramic and the head of a ca-
pacitor microphone (condenser) are in-
cluded in this category. The ceramic
microphone may be considered from an
impedance standpoint to be slmilar to
the crystal microphone. The head of a
capacitor microphone Is of extremely
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Fig. 4-26. Frequency response of a high-quality sound-cell type crystal microphone.

Fig. 4-27. Method of coupling a crystal
microphone to the input of on amplier.

high impedance, running into several
megohms; therefore, it must be oper-
ated adjacent to a preamplifier. An out-
put transformer in the amplifier sup-
plies a low output Impedance, ranging
from 50 to 250 ohms. Dynamic micro-
phones may be obtained, with impe-
dance ranging from 50 to 40,000-ohms.
4.29 Describe a coeramic  micro-
phone?—A microphone similar in char-
acteristics to the erystal, except that it
employs a barium-titanate slab In the
form of a ceramlic. It has piezoelectric
characteristics and may be opcrated in
higher temperatures and humidity.
Generally speaking a ceramic micro-
phone may be used wherever a crystal
microphone is employed; however, the
equalization may have 1o be revised
slightly. Ceramic microphones, like the
crystal microphone, must be operated
into an input impedance from 1 to 5
megohms. Such microphones are ideal
for walkie-talkies, hearing aids, dictat-
ing machines, public-address systems,
and many other services. Typical out-
put levels are minus 59 to 50 dB, where
zero dB equals 1 volt/microbar, with an
output impedance of 100,000 ohms.
4.30 Describe the construction ond
characteristics of @ dynamic microphone.
—A dynamic mlcrophone cemploys a
small diaphragm and a voice coil, simi-
lar to a dynamic loudspeaker, moving in
an intense permanent magnetic field.
Sound waves striking the surface of the
diaphragm causec the coil to be moved
in the magnetic ficld, thus gencrating a
voltage proportional to the sound pres-

sure at the surface of the diaphragm.
This microphene is also referred to as
a pressure or moving-coil microphcne
(nicknamed “eight ball" because of its
appearance). Typical examples of this
design are the Western Electrie 630B,
shown in Fig. 4-30A, and the Altec-
Lansing Model 633a/c (nicknamed “salt
shaker”), shown in Fig. 4-30B. Due to
their similarities, the following expla-
nation will suffice for both types, al-
though the case and frequency response
of the Atlce-Lansing 633a/c is somewhat
different than the Western Electric
630B.

Shown In Fig. 4-30C is a cross-sec-
tional view of the 630B. The diaphragm
(A) is of Dural, approximately 0.5-mil
in thickness, and it weighs 25 milli-
grains. Cemented to the rear of the dia-
phragm is a voice coil (B) constructed
of edge-wound Dural ribbon 8 mils
thick X 8 mils wide. The body of the
microphone (C) consists of a molded
spherical housing, containing a perma-
nent magnet (D) with a center pole
picce over which the voice coil is cen-
tered. The cdge of the diaphragm is
hinged and supported at the edges by
the housing. The outer surface of the
diaphragm is protected from mechanical
injury by a perforated grid (E). A two-
layer 16-mesh circular screen baffle (F)
with layers of silk between the screens
Is placed in front of the diaphragm. The
perforated grid and screen act as acous-
tical equalizers to improve the omni-
directional characteristics, At the lower
left Is a small metal tube (G) termed
an acoustical equalizer. Its function is to
rclease alr pressure behind the dia-
phragm to prevent distortion of the dia-
phragm during its inward travel. Work-
ing In conjunction with this tube are
two air-relcase vents (H) under the
voice coil, to provide acoustical resist-
ance. External pins (I} provide connec-
tions to the voice-coil leads (J).
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Fig. 4-30A. Western Electric 6308 dy.
namic {moving-coll) microphone.

Microphones of this type do not em-
ploy an output transformer; the output
voltage Is taken directly from the
voice-coil winding. The frequency re-
sponse of this microphone is little af-
fected by the angle of incidence up to
120 degrees as may be seen in Fig.
4-30D. The output impedance is 20
ohms, but is operated into a 30=- to 50-
chm preamplifier. The polar pattern is
omnidirectional, with a frequency re-
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Fig. 4-308B, Altce-Lonsing Model 6330/c¢

dynomic (moving-coil) microphone. The

8b haffle Is used to ossist in ochieving
a directionol charocteristic,

sponsc as shown In Fig. 4-30D. The out~
put level is minus 55 db/10 dynes/cm’.

4.31 Whot 0 pressure micro-
phone?—It Is a dynamic microphone

it
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Fig. 4-3). Amerlican Microphone Co.,
type D-22 pressure (moving-coill micro-
phone with windscreen and beom hanger.

similar to that described in Question
4.30. A typical pressure microphone
manufactured by American Microphone
is pictured in Fig. 4-31, with a wind
screen and hanger for fish-pole opera-
tion. The construction of the wind
screen is discussed in Question 4.90.

4.32 Whot Is v moving-coil micro-
phone?—A dynamlic or pressure micro-
phone such as the ones described In
Questions 430 and 43l

4.33 What is on ocoustical cquol-
irer?—A small metal tube located at the
rear of a dynamic microphone to release
the pressure hehind the diaphragm and
thus prevent distortion of the dia-
phragm. The acoustic equalizer (see
Fig. 4-30) also tends to smooth out the
frequency characteristic of 2 dynamic
microphone.

4.34 What is the lield pattern of o
dynamic microphone?—Omnidirectional.
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Some directional effect may be obtained
by hanging the microphone overhead
wlith the diophragm downward; how-
ever, this will attenuate the high fre-
quencies to some extent.

4.35 Show an cxploded view of o
dynomic  microphone. — An  exploded
view of an Electro-Voice Model 635A
dynamic microphone is shown in Fig.
4-35. Starting at the left, is a protective
screen (A) which combined with ele-
ments (B) and (C) compromises a
four-stage pop-filter for close talking.
Element (B) consists of a special
Acoustifoarn material developed by the
manufacturer. Element (D) is a fine
screen of magnetic material for attract-
ing metal dust particles 0 prevent
them from falling on the diaphragm and
its associated magnetic assembly (F)
and (G). The plate (E), with Lhe dia-
phragm assembly, forms a Helmholtz
resonator in front of the diaphragm
(F). The inertance of the holes in the
plate resonatc with the compliance of
the alr between the retainer and the
diaphragm. The moving elements con-
sist of an Acousticalloy diaphragm (a
special material developed by Electro-
Volce) which is quite stable to pressure
and temperaturc changes. A voice coil
mounted at the rear of the diaphragm
is centered in a strong permanent mag-
netic field (G).

As this microphone is designed to be
hand-held if desired, mechanical shock
must be reduced to an absolute mini-
mum by isolating the voltage-generat-
ing elements from the case. This is
accomplished by the use of o low-du-
rometer plastisol sleeve (H). If the iso-
lation between the case and the moving

|
£

Fig. 4-35. Exploded view of Electro-Yoice Model 635A dynamic microphone.
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elements is not sufficient, vibrations will
be transmitted to the moving coll and
dlaphragm assembly, resulting in un-
wanted noise.

The diaphragm is % inch in diameter
and 0.0015 inch In thickness. No cutput
transformer is used, as the moving coll
is wound using a number 48 copper
wire for an impedance of 150 ohms.
Since there is only one opening to the
diaphragm, the polar pattern is omni-
directional. This system of controlled
leakage allows for pressure equalization
on both sides of the dlaphragm. The
high-frequency response is held up by
the use of the Helmholtz resonator (E).

The last three elements are the case
(I), the three-pin male connector (J),
and the female cable plug (K). The fre-
quency response is 60 to 15,000 Hz, with
an output level of minus 55 dB re:
1 mw/10 dynes/cm®’ Microphones of
this type are used for professional and
public~address work, and in television
and broadecast studlos.

Since the advent of rock and roll re-
cording where the artist sings or shouts
directly into the microphone one or two
inches from the mouth, special blast-
type microphones have been developed.
This has been necessary because of the
extremely high sound-pressure levels
(SPL) distorting the diaphragm. Special
precautions must alsc be taken to pre-
vent the overloading of the microphaone
preamplifier input circuit. (See Ques-
tion 9.51.)

4.36 What precautions must be
taken when using pressure-fype micro-
phones with an omnidirectional polar
pattern?—A characteristic of pressure
microphones is their lack of diserimi-
nation to low-frequency sounds arriv-
ing from random directions. Sounds
which originate at the rear of the mi-
crophone will be hent around the
microphone housing and actuate the
diaphragm as if they had arrived from
the fromt. This !s especially true of
sounds whose wavelengths approach
the dimensions of the microphone hous~
ing. At the higher frequencles, for
sounds originating at its rear, the fre-
quency response will drop off due to
diffraction. When recording dialogue
with this type of microphone, it may
be desirable to increase the directional
qualities by the use of a small bafie on
the front of the microphone in place
of the small screen baffle normally em-
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ployed. The center hole of the substitute
baflle is covered with a single layer of
thin silk. The use of a baffle with this
type of microphone not only increases
its directional qualities, but alsc in-
creases the response at the lower fre-
quencies. The increase In low-fre-
quency response may be desirable for
certain types of pickups but not for
dialogue. Therefore, the low-frequency
attenuation normally used for dialogue
recording may have to be increased.

4.37 How should a pressure micro-
phone be used suspended from o boom?
—The diaphragm is tilted downward
with the diaphragm almost parallel te
the floor. One reason for this suspension
is that pressure-type microphones are
highly efficient at the higher frequen-
cies and any small loss of high fre-
quency response Is not detrimental to
the pickup. A second reason is that for
large angles of incldence, the directional
response changes less rapidly than for
small angles of incidence. Thus, 1 more
uniform quality of pickup may be
maintained.

4.38 Whot size baffle is recom-
mended for use with the microphone dis-
cussed in question 4.30?7—The bafle
should be 34 inches in diameter with a
1-inch hole in the center. The material
may be Y-inch Bakelite or Dural.

4.39 Describe @ dynamic micro-
phone with cardioid characieristics ond
a variable-frequency response. — Many
times it is necessary to intermix micro-
phones, which generally poses a prob-
lem because of the difference in fre-
quency response. The ideal microphone
would be one that would permit its fre-
quency response to be varied so as to
match other microphones, while retain-
Ing its directional characteristics. The

Fig. 4-39A. Electro-Voice Model 668 dy-
namic cordioid microphone mounted in
its wind se¢rcen ond boom hanger.



Fig. 4-39B. Electro-Yoice dynamic cardi-
ofd microphone Model 668. The basic
design is of the in-line type., Thirty-six
diffcrent frequency-response curves are
possible by the connections in the base.

microphone to be described is of the in-
line family, and has been developed
especially for this purpose by Electro-
Voice. Complete with wind sereen and
boom hanger (Fig. 4-39A), it is light
enough to be “fish-poled.” The micro-
phone proper is shown in Fig. 4-39B,
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Fig. 4-39C. Cross-sectional view of Elcc-
tro-Yoice Model 668 dynamic cardicid
microphone, with its wind scrcen.
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with a cross-sectional view of the wind-
screen and hanger construction given in
Fig. 4-39C.

Basically the microphone is an in-
line type, with two slotted tubes cou-
pled to the back of the diaphragm. The
acoustic length of the tube varies inver-
sely with the frequency of the sound
source, permitting the phasing-out of
unwanted sound from all portions of
the spectruin for a inaximum front to
back ratio. The transducer consists of
a single moving-coil element. Contained
in the base Is a passive equalizer net-
work, which provides a choice of three
variations in the high-frequency re-
sponse (A) (B) and (C) in Fig. 4-38D,
and a choice of three variantions in low-
frequency response Identified as (1) (2)
and (3). A filter network for reduction
of the response above 8000 Hz and be-
low 80 Hz, having a 50 dB per octave
cutoff rate, is also provided, The output
level is minus 51 dB re: 1 mw/1D

@ 300
{8 5000 My
(© 10,000 W

Fig. 4-39E. Polar pattern for Electro-
Yoice Model 668 dynamic cardioid
microphone.
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Fig. 4-39D. Frequency response for Electro-Yoice Model 668 dynamic
cardioid microphonc.
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Fig. 4-40A. Typlcal preamplitier circuit for o copocitor microphone using o singlc
vocuum tube.

dynes/em’. The polar pattermn, Fig.
4-39E, is unaffected by the frequency
response c¢hanges.

Referring back to Fig. 4-39C, at (A)
is the microphone. The in-line port may
be seen at (B), and the three sections
of the wind screen at (C) (E) and (F),
held in place by shock-rings (D). A
cover (G) encloses a group of termlinals
for setting the desired frequency re-
spense and output impcedance. Plate
(H) shows graphically the frequency
response possible by the plugging-in of
the phone tips seen in Fig. 4-39B. The
whole assembly is supported by rubber
cords (J), held in place by steel rings

Fig. 4.408. Altec Model 29B solid-state
microphone system.

(K). The hanger is suspended from a
boom turret-head by a thumbscrew.

4.40 Decescribe the basic principles of
a <apocitor (condensor) microphanc.—
The head of a capacitor microphone
consists of a small two-plate capacitor,
about 40 to 50 pF in capacitance, Cne
of the two plates is a stretched dia-
phragm; the other is a heavy back plate,
or center terninal (Fig. 4-41A). The
back plate is Insulated from the dia-
pbragm and spaced approximately 0.001
inch from, and parallel to, the rear sur-
face of the diaphragm. Mathematically,
the output from the head may be cal-
culated:

E. E#
P T 8dt
where,
P is the pressure in dynes per square.
centimeter,

t is the diaphragm tenslon in dynes
per centimeter,

a is the radius of active area of the
diaphragm In centimeters,

d is the spacing between the back
plate and dlaphragm in centimeters,

E. i{. the dc polarizing voltage In
volts,

If referred to a reference level of 1 volt:

8 dt

dB = Zul.ﬂgm — 20Log:e o 3

P
E.C

Fig. 4-40A is a schematic diagram of
a typical preamplifier vsed with a ca-
pacitor microphone. Here, the back
plate is connected to the control grid of
the tube, and the diaphragm polarized
at 40 Vdc, through a 30k resistor, R1.
Thus a fixed charge accumulates on the
diaphrugm. As sound waves enter the
head cavity through the side openings,
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the pressure causes minute changes in
the spacing of the two head members,
thereby varying the internal capaci-
tance. The resulting signal voltage,
which is proportional to the pressure
wave, is applied to the control grid of
the tube, amplified, and passed on
through the output transformer.

It will be observed, the lower end
of the 150-megohm resistor R2 is re-
turned to a positlon of plus 24Vde
above ground. Also, the cathode is con-
nected to the plus 4 Vdc of the heater
circuit. This makes the control-grid
minus 1.8 Vdc with respect to the cath-
ode. Negative-feedback elements R3 and
C1 reduce the distortion, and aid in the
control of the frequency response. In
some capacltor-microphone amplifiers,
the grid resistor R2 is omitted, since the
microphone head is a capacitor, and to
obtain a good low-frequency response
the shunt resistance must be as high as
possible, The source impedance, as scen
by the control grid of the tube, consists
of capacitance and resistance In paratlel.
The thermal noise is least when the re-
sistance is the highest. The efcctive
grid resistance is established by the
tube itself.

A microphone system, manufactured
by Altec-Lansing and illustrated in
Fig. 4-40B, .consists of a single dia-
phragm; the directional (cardiold) head
is of small size and low mass, for good
high frequency and transient response.
The cardioid characteristic is obtained
by controlling the relative phase of the
sound pressure reaching the back side
of the diaphragm. This method provides
the greatest front-to-back discrimina-
tion over a wide frequency range.

The microphone head Is mounted on
a base containing a field-effect transis-
tor (FET) and the nccessary compo-
nents. The FET converts the extremely
high impedance of the microphone ca-
pacitor head to a low impedance suit-
able for connection to a standard two-
conductor cable. One conductor of the
cable carries both signal current and
the direct current for the FET, while
the second provides a microphone po-
larizing potential of 64 volts. The out-
put from the microphone amplifier is
unbalanced until it joins the power
supply unit which also contalns an out-
put transformer.

The power-supply wnit is provided
with both male and female cable plugs,
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to permit it to be inserted at any point
in the microphone line when long cable
runs are being used, thus increasing the
signal-to-noise ratio of the signal in the
cable. Power is supplied by two 4.2-volt
and three 21-volt mercury batteries,
with an expected life of about 2500
hours. A meter is provided on the rear
of the power supply case for monitoring
the batteries. The frequency range of
this microphone Is 20 to 20,060 Hz, with
output level of minus 53 dB re: 1
mw/10 dynes/cm’.

4,41 Deseribe the construction of a
capoaciter microphone heod. —1In earlier
types of this microphone (Fig. 4-40A),
the internal capacity of the head varied
from 200 to 400 pleofarads, for a dia-
phragm diameter of 13} inches. Present
day capacitor microphone heads have
an internal capacity of 40 to 50 pico-
farads with a diaphragm diameter of
0.5 inch. The impedance of such a head
is approximately 30 megohms; there-
fore, it must be operated within a few
inches of the amplifier input. Generally,
the head and amplifier are assembled
as a unit. A cross-sectional view of a
head assembly manufactured by Altec-
Lansing, is shown in Fig. 4-41A. Capae-
itor microphones may be deslgned to
have omni, bi, or unidirectional {car-
dioid) polar charaeteristics. A capacitor

Cap

o ' II ».\.\.\.\.\.\.\.‘:\.\.\.\.‘\.\.I I/‘
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(BAZK PLATE) A
TER SHELD AND CASE”

Fig. 4-41A, Cross-sectional view of a

capacitor microphone head used with the

Altec capacitor microphone pictured in
Fig, 4.408.

Fig. 4-418, Copacitor head for Neumann
Model U-84 capacitor microphone.
(Courtesy, Gatham Audio Corp.)
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head for the Neumann Model U-64 ca-
capitor microphone is shown in Fig.
4-418, The diaphragm consists of an
extremely thin mylar base, gold plated,
less than 3 inch in diameter. Although
the head shown has only a single dia-
phragm and hack plate, capacitor mi~
crophone heads designed for directional
characteristics employ two diaphragms,
with a common polarized hack plate
centered between the two. (See Ques-
tion 4.115.)

4.42 What is the output level of o
copocitor microphone hcadP—Approxi-
mately minus 90 dBm.

4.43 What is pressure doubling in
o copacitor microphone?—It is the re-
sult of pressure waves, which are small
in comparison to the diaphragm dimen-
slons, coming to a complete stop at the
face of the diaphragm. Pressure dou-
bling in earlier types of microphones
often caused a peak of 4 to 6 dB in the
midrange frequencies. This peak caused
extreme sibilance and high-frequency
distortion. This defect has been elimi-
nated in present day designs by reduc-
ing the physical size of the capacitor
head. (See Question 4.41.)

4.44 Describe the effects of covity
r¢sonance in a eapacitor microphone.—
In the older model capacitor miero-
phones, cavity resonance was quite
common because of the large diaphragm
(about 2 inches), the design of the case,
and the method of stretching the dia-
phragm. Most of these effects have been
eliminated in modern microphones by
the reduction in size of the diaphragm
to dlameters of % inch or less, and by

CLAMPING RING

OLaPHRAGM

R

PRESSURE

ARGAP

|00y

(a) Diffraction effect (b)

causing frequency dou-
biing or tripling.

Phase-differences

caused by pressure dif-

ferences across the face
of the diaphragm.
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improved methods of streiching the
diaphragm. Three common causes of
cavity resonance are given in Fig. 4-44.
In part (a) are shown the effects of dif-
fraction, which result when the re-
flected component of the scund-wave
incidence upon the surface of the dia-
phragm causes a standing wave suffi-
cient enough to produce pressure dou-
bling and tripling. Part (b) shows the
phase-difference effect, which is caused
when the wavelength of the sound
wave is comparable to the diameter of
the diaphragm and occurs when the in-
cident wave front strikes the diaphragm
at an angle theta (#) to cause pressure
variations across the surface of the
diaphragm. Part (c¢) shows cavity reso-
nance caused when the wavelength of
the sound wave Is comparable lo the
inside dimensions of the diaphragm as-
sembly. This causes an increase in the
sound pressure in proportion to the
ratio of the diaphragm dl to the dimen-
sion of the cavity depth d2 (d1/d2).
4.45 What are the general charac-
toristics of a capacitor microphone?—
Capacitor microphones have wide fre-
quency response, low distortion, and
little internal noise. Although the ear-
lier models were omnldirectional, they
may now be ohtained with omni, b, and
unidirectional characteristics. A typical
frequency response for a capacltor mi-
crophone, using an omnidirectional
polar pattern is shown In Fig. 4-45.
Capacitor microphones require a pre-
amplifier as an integral part of the
housing and a source of polarizing volt-
age for the head, plus a source of power

(c) Pressure increases

because of the resonance

of the cavity area at cer-
tain wavelengths.

Fig. 4-44. Cavity ctfects in front of o capacitor microphone.
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Fig. 4-45. Typical frequency responsc for o capacitor microphone using a transistor
emplificr, Omidirectional potecrn.

for the amplifier section, which may be
either transistor or vacuum tube. Such
microphones, if operated In a high hu-
midity, may develop noise due to mois-
ture getting into the head, and cause
arcing between the diaphragm and back
plate; however, in present day micro-
phones, this has been almost com-
pletely eliminated. If the device is belng
operated in high humidity, the head
should be stored in desiccator jar
when not in use.

4.46 Describe a completely seli-
contained copacitor microphone.—The
microphone shown in Fig. 4-46A, Model
S5-10, manufactured by Sync¢ron Corp.,
is completely self-contained and em-
ploys a field-effect transistor (FET),
operated from a 8.4-velt mercury
battery. Fig. 4-46B shows o cross-sec-
tional view of the intermal construction,

The capacitor head is at (A) with a
series of portholes (B) to permit the
sound to enter the rear of the capacitor
head, thus producing a cardioid pat-
tern. The solid-state amplifier (C) con-
sists of an FET, capacitors, resistors,
ond an output transformer (D). A
solid-clectrolyte polarizer (E) supplies
a permanent polarizing potential of 62
volts to the capacitor head. This polar-
lzing system has a capacity of 15,000
microampere hours, and because of
careful control of leakage, the expected
life is around 20 years. At (F) is a
Type TS-126 B.4-volt mercury battery
with an expected life of 1000 hours. The
output transformer supplles a balanced
output, with a nominal impedance of
200 ohms.

One of the interesting features of
this microphone is its transient re-

®

Fig. 4-46B. Cross-sectional view of Syncron Corp. Moded $-10 capacitor microphone.
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Fig. 4-46C. Rise timc oscillograph for
Syneron S-10 capacitor microphone.

sponse, as seen in Fig. 4-46C. The os-
cilloscope display shown was made
with a shock-wave having a rise time
of 1 microsecond, followed by a small
amount of ringing and overshoot. The
frequency response for three angles of
incidence is shown in Fig. 4-46D, and
the polar pattern appears in Fig. 4-46E.

The total harmonic distortion Is less
than 0.5 percent for an SPL up to 124
dB. The outpnt level is minus 53 dB re:
1 mv/10 dynes/em’. The nominal cutpnt
impedance is 200 ochms; however, it is
unaffected by loading from 30 ohms to
infinity.

4.47 What is o unidirectional mi-
csophone?’—One having a greater sen-
sitlvity to sound pickup in one direction
than another. The average unidirec-
tional micrephone has a back-to-front
picknp of 20 to 26 dB; that is, it has
26 dB greater sensitivity to sound waves
approaching from the front than from
the rear. Dircctional characteristics
may be obtained by using capacitor,
dynamic, or ribbon-velocity design.
Unidirectiona] microphones are used
extensively for motion picture and tele-
vision work.

4.48 Describe a dwol-type micro-
phone for stereophonic recording.—Mi-
crophones of the dual type are espe-
cially designed for the recording of
stereophonic sound and may be of the
capacitor or ribbon-velocity type. The
first type to be discussed Is the Neu-
mann Model SM-2, manufactured in
West Germany by George Neumann,
previously known wunder the name,
Telefnnken (Fig. 4-84A). An interior
view of jts construction is shown In
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Fig. 4-46E. Polar pattern for microphone
shown in Fig. 4-46A,

Fig. 4-48B. The microphone censlsts of
two completely independent but similar
capacitor microphones in a single case,
one above the other (A) and (B). The
upper unit may be rotated to achieve
the MS (midscale) method of stereo-
phonic recording technique, discovered
by Lauridson, and sometimes termed
the intensity system.

Each microphone system is of the
pressure-gradient type head, employing
two diaphragms (A and AA) and (B
and BB), monnted on cither side of two
fixed-polarized electrodes. Each half of
the system, (A) and (B), can be com-
bined in a different manner, in order to
obtain three different polar patterns:
omnidirectional, cardioid, and bidirec-
tional (Hgure-8). Below the capacitor
head assembly are two preamplifiers,
each employing a single AC-T01K vac-
uum tube (C and CC). The second am-
plifier, not shown, is opposite (C). The
polar pattern of each microphone can
be Independently and remotely ad-
justed for the three polar patterns and
six intermediate patterns by changing
the value of the polarizing voltage. This
permits great Aexibility and the varia-
tion of the polar patterns for optimum
results.
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Fig. 4-46D. Frequency response for three angles of incidence.
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Fig. 4-48A, Neuman Model SM-2 stereo-
phonic microphone in its case. (Courtesy,
Gotham Audio Corp.)

Because of the small diameters of the
microphone capsule (less than % Inch)
the directional properties are slmost in-
dependent of frequency; thus, the rear
rejection ratio does not Increase at the
higher frequencies, relative to the mid-
dlc or lower frequencies. This permits
the microphone to be used close up in
a more reverberant sound fleld. The
high frequency rise which is generally
required to compensate for the nar-
rower pickup angle is unnecessary.
The frequency response as measured
in a linear sound field shows only a
small rise at the high frequencies.

The frequency response for the three
polar patterns Is shown in Fig. $-48C.
Harmonic distortion is less than 0.4 per-
cent over the entire frequency range,
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Fig. 4-48B. Intcrior view of MNecumann
Model SM-2 stercophonic microphone.
The twe copocitor heads may be scen ot
the top. {Courtesy, Gothom Audia Corp.)

up to an SPL of 110 dB. The output
impedance may be set for either 50 or
200 ohins, with an effective output level
of minus 43 dBm. An external power
supply model NSM supplies the operat-
ing voltages for the preamplifiers, and
polarizing woltage for the capacitor
heads. The output transformer is wound
hum-bucking, to eliminate magnetic
fields. The schematie diagram for a
single side is shown In Fig. 4-48D.

A second dual-type microphone to
be discussed is Model-200 stereophonic
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Fig. 4-48C, Frequency response for Necumann Model SM-2 stercophenic capacitor
microphone, for three polos patterns,
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microphone, manufactured by Bang and
Olufsen of Denmark (Fig. 4-48E). The
device consists of two individual mono-
phonic pressure-gradient bidirectional
ribbon-velocity mlcrophones, arranged
one above the other, with provisions for
rotating the upper unit 100 degrees.
The lower sectlon is converted to
stereophonic by plugging a sccond mon-
ophonic microphone in the top of the
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Fig. 4-4BE. Bang and Olufsen, Sterucr
Denmark Model 200 stercophonic ribbon
microphone. Left, single monophonic
unit; center, stereophonic; right, stesco-
phonic with upper ond lower wunits
separoted, (Courtesy, Dynoco Ine.)

lower element. Such a design reduces
phasing problems, since for practical
purposes, both microphones occupy
ncarly the same space with respect to
the source of sound pickup. The lower
section includes a three-position switch
(T) for talking, In which the low fre-
quencies are rolled off at the rate of 3
dB per octave, whereby 125 Hz is minus
9 dB with respect to 1000 Hz. This 1s
accomplished by muting the upper sec-
tion and connecting a small inductance
in parallel with a portion of the output
transformer, making the microphone
suitable for dialogue recording at dis-
tances of 8 to 20 inches. The polar pat-
tern appears in Fig. 4-48F, and as can
be observed, is quite constant from 200
to 10,000 Hz. The frequency response
in musie positlon Is shown in Fig.
4-48G. The owutput level is minus 60 dB
re: 1 voit/microbar. The output imped-
ance Is 150 and 250 ohms.

The moving clement of cach individ-
ual clement consists of a dural ribbon,
0.0001 inch in thickness and weighing
1.3 milligrams. The ribbon, because of
its welght, eliminates resonance in the
normal operating {requency range. The
magnctic structure consists of an aniso-
tropic permancnt Ticonai-E magnet in
o magnetic circuit having negligible
leakage. To obtaln a smooth frequency
response, the microphone must be hung
on a soft suspension rather than on a
stand; otherwise, a rise in [requency
response below 50 Hz may be noted.

In stercophonie recording it is of ex-
treme {importance that the clectrical
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Fig. 4-4BF. Polar pattern for Bang ond Olufsen Madel 200 stereophonic micro-
phone, (Courtesy, Dynaco Inc.)

outputs from both microphone systems
be in phase.

4.49 What is o bidirectiono! micro-
phone?—A microphone which picks up
at the front and back equally well, with
little or no pickup at the sides. The feld
pattern is a figure-8. (See Fig. 4-7, part
c.) Ribbon-velocity microphones have
this characteristic.

4.50 What is a ribbon-velocity mi-
trophone?—A microphone in which a

%0

very light metallic ribbon is suspended
in a strong magnetic feld. Pressure
waves cause the ribbon to vibrate in
the magnetic field generating a voltage
corresponding to the particle velocity
of the pressure wave. Velocity micro-
phones may be designed to have a wide
frequency range, good sensitivity, low
distortion, and low internal noise. Typ-
ical examples are the RCA 77DX and
the MI-10001-C ribbon-velocity micro-
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Fig. 4-48G. Frequency response for Bang and Olufsen Model 200 stercophonic micro-
phene. (Courtesy, Dynaco Inc.)
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Fig. 4-51. Internal construction of a ribbon-velocity microphone.

phones discussed in Questions 4.59 and
4.77 respectively.

4.51 Describe the construction of a
ribbon-velocity microphone.—Referring
to Fig 4-51, the magnetic structure con-
sists of a horseshoe magnet with ex-
tended tapered pole pieces. A ribbon
made of aluminum foil approximately
0.001 inch in thickness and corrugated
throughout its full length for greater
flexibility is suspended between the
pole pieces on {nsulated supports.

4.52 Why arc the pole pieces of a
ribbon microphone topered?—Because of
the mechanical design, the magnetic
structure acts similar to a baffle at the
sides, obstructing the sound waves in
their travel from the front to the rear
surfaces of the ribbon. When a pres-
sure wave passes, the ribbon is actu-
ated by the variations in pressure and a
voltage is generated by the movement
of the ribbon in the magnetic field. This
voltage is applied to the primary of an
impedance-matehing transformer and
then to the input of a preamplifier. The
ribbon in a velocity microphone may
be looked upon as an inductive react-
ance. The higher the frequency, the
higher the reactance of the ribbon. This
causes the ribhon velocity to vary with
frequency; however, the pressure on
the ribbon surfaoces will also increase
with frequency and will continue to do
so up to a point where the baffle dimen-
sions equal one quarter the wavelength
of the pressure wave frequency.

The greater the baffle dimenslons
(distance from front to rear surfaces
of the ribbon) the greater will be the
pressure; hence, a greater output re-
sults at the lower frequeneles. At the

higher frequencies the baflle affects the
frequency response by reducing the
output as the wavelengths of the pres-
sure wave approach the baffle dimen-
sions. When this situation occurs, the
pressure is at a minimum for both sur-
faces of the ribbon. Holes are provided
in the upper section of the magnetic
pole pieces to reduce the length of
travel for the higher frequencies. As a
result, a greater output is obtained at
the higher frequencies with a smooth-
ing out of the frequency response.

When sounds originate at the side
of the microphone in the same plane
with the ribbon, a ecancellation effect
will take place, since the pressure on
both the front and rear surfaces of the
ribben is equal. This cancellation action
causes the field pattern to take the
form of a figure-8, as shown in Fig. 4-7,
part (c).

4.53 What is the impedance of the
tibbon in a ribbon-velocity microphone?
—Approximately 0.1¢ ohm, a value al-
most eqnivalent to its dc resistance. An
impedance-matching transformer brings
this low impedance up to the line
impedance.

4.54 What is the resonant frequency
of the ribbon in o ribbon-velocity micro-
phone?—The ribbon is generally tuned
so that the resonant frequency falls be-
tween 30 and 40 Hz For microphones
with a higher cutoff frequency, the
resonant frequency is generally made
higher.

4.55 Whot is o voice filter used
with a ribbon-velocity microphone?—A
small reactor connceted in parallel with
the output of the microphone to reduce
the low-frequency response for speech.
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Fig. 4-56A. A typical frequency response for a bidlrectional ribbon-
velocity microphone.

At frequencies above 200 Hz, the reactor
has little or no effect. Below this fre-
quency, the response is slowly tapered
off to the point where 40 Hz is attenu-
ated 7.5 dB with respect to 1000 Hz.
This is shown graphically in Fig. 4-56A.
When recording musie, the reactor is
not nsed. Connections for the voice
filter are shown in Fig, 4-51.

4.56 Shaw the frequency respunse
and polar pattern for a bidirectional,
ribbon-velocity microphone.—The fre-
quency response for a typical bidirec-
tional ribbon-velocity microphone is
shown in Fig. 4-56A, with and without
a voice filter, The polar pattern is
shown in Fig. 4-56B. It will be noted
that the response at 90 degrees is zero.
This is caused by the pole-piece con-
struction as described in Question 4.52.

4.57 Show the relationship of #re-
quency to distance of a seund source for
a bidirectional ribbon-velocity micro-
phone.—As the distance between the
sound source and .the microphone is de-
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Fig. 4-56B. Polar pattern showing the bi-
directional characteristics, of o typical
ribbon-velocity microphone.
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ribbon-velocity bidirectional microphone.
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creased, the low-frequency response
will rise, as shown iu Fig. 4-57. If the
microphone Is being used for dialogue
pickup, the low-frequency response
below 200 Hz must be rolled off, other~
wise the reproduction at the low end
will be excessive and tubby. The rolloft
way be accomplished by the use of a
voice filter, generally installed as an in-
tegral part of the microphone, or by the
use of one of severa! dialogue cqualiz-
ers discussed in Section 6.

Ribbon-velocity microphones should
not be used closer than 4 feet from the
sound source without a low-frequency
rolloff. With the rolloff they may be
used to within a few inches of the
sound source. The increase in low-fre-
quency response is characteristic of this
type microphone. Ribbon-velocity mi-
crophones employing a directional
characteristic give considerably less in-
crease at the low frequencles for a
given distance from the sound source,
as illustrated in Fig. 4~-57. This effect is
referred to as the proximity effect.

4.58 Whot type microphones are
generally used for motion-picture and
television recording?—Capacitor or dy-
namic or ribbon-velocity microphones
may be used if they provide a direc-
tlonal pattern and are suitable for boom
operation. Typical types are the Altec-
Lansing M-30 system and the 689BX,
Electro-Volce 642 and 6681, and RCA
MI-11010-A, Choice is not limited to
the above microphones, but they do
represent typical microphones devel-
oped for these express purposes.

4.59 Describe the construction of a
unidirectional  ribbon-veloclty  micro-
phone.—A typical example of a unidi-
rectional cardioid microphone designed
for motion picture and television pro-
duction recording, and broadcasting, is
the RCA MI-10001C, shown in Fig. 4-
59A, with its boom-suspension mecha-
nism. The internal magnetic structure is
similar to that of the bidircectional rib-
bon-velocity type, discussed in Question
4.51, with the exception of the added
mechanism for obtaining the directional
characteristics (Fig. 4-59B). The mov-
ing element is a single extremely light
corrugated dural ribbon, suspended in
an air gap, between the poles of a very
highly charged permanent magnet (A).
Thus, the ribbon can vibrate freely with
the motion of the air particles of the
sound wave. The voltage generated due
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Fig. 4-59A. RCA MI-10001C unidirec-
tionol ribbon-velocity microphone for
motion picture ond television use,

to the movement of the ribbon cutting
the magnetic ficld of force is the clec-
trical equivalent of the velocity of the
alv particles. An acoustical labyriuth
in the cylindrical section below the
magnetic structure is filled with hair-

Fig. 4-59B. Interior view of RCA M-
10003C microphone.
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Fig. 4-59C. Horizontal polar pattcrn for
RCA MI-10003C ribbon-velocity unidi-
rectionai microphone—200 to 800 Hx.

feit and terminates at the rear of the
magnetic air gap by a tubular connec-
tor (C). The tubular connector is sealed
to the rear of the air-gap, and contains
a small silk covered opening, facing to-
ward the ribbon (see Fig. 4-65). The
area of the opening is of suitable di-
mensions to provide a cardioid or uni-
directional polar pattern.

The ribbon and magnetle assembly
are enclosed in a circular silk-lined
grill, to provide protection to the mech-
anism and prevent metallic dust parti-
cles from entering the air gap. The
hemispherical shell (B) also contains
an impedance-matching transformer,
with taps at 30, 150, and 250 ochms. The
output signal is taken through a stan-
dard 3-pin male connector. Such micro-

200 HE » ——————
GO0 ME ® = oos o= oo e k
-

Fig. 4-59E. Vertlcal polar pottern for
RCA MI-10001C ribbon-velocity unidi-
rectional microphone—200 to 800 Hz.
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HORIZONTAL
Fig. 4-59D. Horizontal palor pattern for
RCA MI1-10001C ribbon-velocity unidi-
rectionol micraphone—1000 to 8000 Hz,

phones have a quite uniform frequency
response for sound incidence at the zero
axis (front of mlerophone), with output
decreasing as the angle of the sound
source with zero axis increases. The
pickup angle is approximately plus or
minus 50 degrees from the zero axis,
with less than 1-dB difference In the
output level, and approximately plus or
minus 90 degrees before the output
level decreases 6 dB over the frequency
range nonnally employed. The broad
angle of relativity equalizes the re-
sponse, thereby reducing and simplify-
ing “panning™ the microphone, where
two or more persons are concerned. The
polar patterns in Fig. 4-59C and Fig.
4-59D are based on a plane-wuve sound
incidence, Referring to the plot in Fig.

VERTICAL

Fig. 4-59F. Vertical polor pottern for
RCA MI-10001C ribbon-velocity unidi-
rectional microphone— 1000 to 8000 Hz,
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Fig. 4-59G. Frequency responsc of the RCA MI-10001C unidircctional microphane.

4-59C, cancellation for a plane wave at
the rear is such that the cancellation is
20 dB or more at 130 degrees incident
angle over a broad band of frequencies.
As the distance between the micro-
phone and sound source is decreased
and the wavefront becomes increasingly
curved, cancellation at the lower fre-
quencies Is reduced.

A loss of directional charucteristic at
the lower frequencies and short dis-
tances is such that the output level at
a distance of 1 foot from the sound
source is very nearly the same at the
back and the front. As an example, the
80-Hz output is approximately plus 1.5
dB at 180-degree incident angle, re to
zero dB at 1000-Hz for a zero-degree
incident wavefront at one-foot distance.
The 80-Hz zero axis output is accen-
tuated approximately plus 3 dB, due to
the low frequency tip-up characteristic
of a velocity microphone.

It cen be observed from Fig. 4-59G
that the frequency response is relatively
uniform over a range of 50 to 10,000 Hz.
However, when the microphone is op-
erated close to the sound source, the
response will exhibit to a certain ex-
tent the low-frequency accentuation of
a veloelty microphone, although to a
lesser degree than the conventional bi-
directional ribben microphone discussed
in Questions 451 and 4.56. Under nor-
mal conditions the microphone under
discussion should not be worked eloser
than 3 feet from the sound source, and
preferably 4 feet, as shown in the
curves of Fig. 4-59H.

As a rule, the RCA MI-10001C micro-
phone is suspended at un angle of 45 de-
grees to the Aoor, with the microphone

just outside the camera angle. The zero-
degree axis {perpendicular to the front
of the ribbon) should be directed to-
ward the sound source, with the back
facing unwanted sound sources, such as
noises from camera, lights, traflic, and
reflections from hard walls of a set. Re-
ferring to Fig. 4-59G, again the response
changes as the angle of incident sound
varies from zero to 45 degrees, and as
the distance between the sound source
and microphone s decreased (ap-
proaching the minimum of 3 feet), the
lower frequencies are accentuated. Ver-
tical polar patterns are shown in Fig.
4-59E and Fig. 4-58F for frequencles
ranging between 200 and 800 Hz. Sensi-
tivity to extrancous magnetic fields is
quite low. For an exciting ficld of 0.001

iy
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Fig. 4-59H. Reclationship of microphane
distance to frequency response for rib-
bon-velocity, unldirectional microphane.
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gauss, the output level Is minus 128
dBm., The signal output at 1000 Hz for
a pressure of 10 dynes/em” at the ribbon
is minus 49 dB, using the 30-ochm out-
put impedance.

Since random energy response of a
unidirectional or cardioid microphone is
one-third that of a nondirectional mi-
crophone, for the same permissible re-
verberation it may be used 1.7 times the
distance of a nondirectional micro-
phone, for a given set of conditions. The
characteristics discussed were obtained
operating the microphone into a pre-
amplifier, using an unterminated input
transformer, (See Questions 4.76 and
12.170.)

The hanger mechanism is desjgned
for boom operation. The housing is
clamped by two rings, supported by
heavy rubber bands from a larger ring
supported by the hanger arms, and
hung from a boom turret-head by a
single wing nut. Although the grill with
the silk covering acts somewhat as a
wind screen, it is not satisfactory for
outside work if the wind is blowing
more than 7 miles per hour. A large ball
type wind screen that slips over the
outside is generally employed.

As the distortion is quite low for this
type microphone, it may be used for
either dialogue or music recording. For
dialogue, the low end is rolled off start-

THE AUDIO CYCLOPEDIA

ing at 800 Hz to where it is down 8 to
12 dB at 100 Hz. This is the standard
dlalogue characteristic used by most
motion plicture studies. (Sce Questions
2.109, 6.80, and 18.81.)

4.60 Describe on corly model unl-
directional microphone.—One of the
original unidirectional microphones de-
veloped for motion picture sound re-
cording was the Western Electric RA-
1142A. The magnetic structure of this
microphone was quite similar to the
639A wnicrophone used for broadcasting
work. However, certain modifications
were necessary to ineet the require-
ments for sound recording and boom
operation. The perforated metal case
was added to improve the high fre-
quency response and a boom hanger
added with a shock mounting to protect
the magnetic structure. Although this
microphone has been obsolete for many
yeurs, its design is still of interest. The
frequency response is given in Fig.
4-60B. (See Question 4.66.)

4.61 Describe the construction of o
unldirectiopo! microphone using two dy-
namic units.—~The construction of the
model D-202es wunidirectional micro-
pbone, manufactured by AKG G.M.BH.
of Vienna, Austria, is shown in Fig.
4-B6lA. It employs two independent dy-
namic-unit (moving-coil) microphones,
placed one above the other in a single

Fig. 4-60A, Interior view of an carly (1935) Wesrern Electric RA-1142A unidirec-
tianal microphone for motion-picture sound recording. Now absalete, but it is still of

historicol interest.
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Fig. 4-60B. Frequency response of Westcrn Elcetric RA-1142A unidirectional
microphone.

housing, and connected electrically by
a phase-correcting, dividing network.
The frequency response of each dy-
namic unit is adjusted for optimum re-
sponse at the low and high frequencics,
crossing over at 500 Hz.

Referring to the cross-sectional view
of the interior in Fig. 4-61B, at (A) is
shown the high-frequency unit, em-
ploying 2 domed diaphragm (B) with
a compensating coil (C) for eliminating
the eflect of extranecus magnetic fields.
The high-frequency unmit is mounted
above the low-frequency unit by
mounting plate (G). The domed dia-
phragm and its moving coil may be scen
at (D), its magnets at (E), supported
on shock mounts {F) and (H). A mass
tube (I} projects into the low frequency
microphone unit and connccts with a
smoothing chamber communicating
with the outside sound field by means
of a series of slotted openings (0), cov-
ered with a damping material to the
lower end of housing (P). Because of
the long sound-hypass distance (ap-
proximately 5% inches) afforded by the
mass tube and the subdividing of the
frequency response hetween the high-
and Jow-frequency units, it is possible
to achieve a reduction on the distance
effect or change in frequency response
as a function of distance to the scund
source.

The high-frequency diaphragm has
a diameter of approximately % inch and
a sound bypass of ¥ inch. A phase-cor-
recting network, consisting of an RC
network combined with an LLC network,
corrects the phase and f(requency re-
sponse at the higher frequencies. At (J)
is a central screw for holding the as-
sembly together, at (K) the crossover
nelwork, (L) an off-on switch, and at
(M) a low-frequency attenuation
switch and eontrol that permits the low-

frequency response at 50 Hz to be rolled
off continuocusly to minus 20 dB, with
reference to 1000 Hz. Itetn (N) Is a
standard 3-pin mate connector. The up-
per end of the microphone housing (P)
is covered with a sintered bronze cap
{R) attached by a mounting ring (Q).
The frequency response is 30 to 15,000
Hz plus or minus 2 dB, with an output
level of minus 53 dB re 0.2mv/micro-
bar. The output impedance of 200 ohms
is practically independent of frequency.
The polar pattern is cardioid with a
front-to-back ratio of 20 dB minimum
over the entire frequeney range. The
off-axis response (90 degrees) is paral-
lel with the on-axis (zero degrees)
front curve. The microphone is designed
for either boom or stand operation.
4.62 Describe the basic methods
used for recording stereophonic sound.—
The so-called classical method of re-
cording stercophonic sound (sometimes
called the AB or XY method) involves
the use of two bidirectional miero~
phones with identical characteristics.

Fig. 4-61A. Unldirectional microphone

Model D-200es manufactured by AKG

G.M.B.H, Viecnna, Austrio. (Courtesy,
Sonocraft Corp.)
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Fig. 4-61B. Cut-away view of unidirce-

tional microphone Medel D202-es manu-

factured by AKG, G.M.B.H. Yienna, Aus-
tria. (Courtesy, Sanocroft Corp.)

The microphones are placed side by
side, spaced 12 to 48 inches apart, the
exact distance depending on the desired
working angle, relative to the source of
sound. The microphones are connected
as given in Fig. 4-62A. If additional vo-
cal or solo microphones are required,
they should consist of palrs placed
fairly close together. An additional con-
trol (PS) is connected across the output
from the vocal or solo mierophones to
provide a leakage path for reducing the
effects of movement by the vocalist and
the possibility of apparent movement
when reproduced from one loudspeaker
to the other.

For the listecner to locate the sound
source from the two loudspeakers, the
speakers must be in the same position

THE AUDIO CYCLOPEDIA

as were the microphones, to avoid dif-
ferences in the distance from the sound
source to the microphones. This may be
accomplished in two different manners.
The first method is by placing two mi-
crophones of similar electrical charac-
teristics on a support as shown in Fig.
4-26B, suggested by Madsen, 12 to 20
inches apart, separated by a small baflle
or sphere, thus ereating a dummy head
to enhance the left-to-right impres-
sions. The use of the dumimy head or
baflle causes laterally displaced sound
sources to be shadowed, resulting in a
more uniform sound reproduction. The
baffle has the effect of reducing the
crowding of the sound source. Diffrae-
tion of the sound around the dummy
head or haffle tauses attenuation of the
high frequencies on the far side. The
resulting field pattern is shown in Fig.
4-62C.

The second ‘method requires the
mounting of the two microphones by a
support, as shown in Fig. 4-62D. Here
two capacitor-type microphones are
placed one above the other as suggested
by Lauridsen. The microphones must
have similar electrical characteristics
and thelr physical size must be small
enough that they do mot distort the
sound field when they are placed in
close proximity. They are rotated to a
position where each microphone picks
up the sound from half the studio.

The German (MS) method, also de-
veloped by lauridsen, eliminates many
of the drawbacks to the intensity sys-
tem developed above. In the MS method
(midside stereophony), one cardioid
microphone supplies a complete pickup,
similar to a single microphone pickup
for monophonic recording. The second
microphone having a bidirectional polar
pattern is placed either above or below
the cardioid and rotated to where its
null point (x) meets the axis in the
polar pattern of the cardioid micro-
phone (Fig. 4-62E). Reclerring to Fig.
4-62F, if the output from the two mi-
crophones (A) and (B) in Fig. 4-62E
are Interconnected by means of differ-
ental transformers (S) and (M) to
form an (A 4 B) and an (A — B) sig-
nal, two channels will result. In each
channel one half the pickup area is
preferentially received, relying on the
fact the two principal axes of the pres-
sure gradient microphone correspond
to voltages of opposite polarity., Again
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Fig. 4-62A. Classical two-channcl method of recording stcreophonic sownd.

referring to Fig. 1-62E, and assuming
the instantancous value of the sound
from the left microphone produces an
instantaneous positive voltage (B) in
the bidirectional microphone, the sound
source on the central axis (M) will rise
to the voltage (A) in only the cardioid

ACOUSTIC BARRIER

" SR

Fig. d4-62B. Storeophonic microphone

placement using two ribbon-velocity bi-

directional microphones sct at an ongle

of 45.degrees eoch side of zero. (After
Magdsen,}

microphone, thus creating a central im-
pression. Sound sources making angle
(Al) with the central axis, give rise to
a voltage (A 4+ B) at the left loud-
speaker, and (A — B) at the right loud-
speaker, In a condition where (A = B)
only the lelt loudspeaker is operative,
and to the listener, the source is from
the left. For sound sources at angle
(A2) the sound appears to be com-
ing from the right loudspeaker. For
smaller angles in the recording studio,

they correspond to the apparent direc-
tion. The size of the angle (Al 4 A2)
may be varied by changing the relative
gain ol the microphone channels. Ex-
perience indicates that sound sources
lylng outside angle (Al 4 A2) will be
more ¢entralized, because the output
from the bidirectional microphone pre-
dominates, causing the loudspeakers to
be driven in opposite phase, resulting
in a loss of direction to persons listen-
ing in a central position. This indicates
that an Individual microphone is neces-
sary for a vocalist.

The advantages gained by the use of
the MS method lie In the fact that one
channel, namely the midchannel, pro-
duces a satisfactory single channel
transmission; thus, the recording may
be reproduced stercophonically or mon-
ophonically. To satisfactorily record
sterecophonically using the MS method
requires dual micrephones (sce Ques-
ton 4.48) or two Individual micro-
phones placed as near as possible to
the same position (Fig. 4-62D). Dual-
type microphones, when added for vocal
or solo position, may be connected as
shown in Fig. 4-62H,

The British EM.L system employs
two bidirectional ribbon microphones
{figure-8 pattern) placed at a 45-degree
angle to the source of sound. The ficld
patterns of the two bidirectional micro-
phones create a pattern similar to a
four-leaf clover (Fig. 4-62G). Since
both microphones have equal sound
pickup In the designated areas, Al and
A2, they may be connected in or out of
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Fig. 4-62C. Poior pattern for two bidirectiongl ribbon-velocity microphoncs using an
acoustic barrier between the microphones. Each microphone is turned 45 degrées
from the zero point. (After Modsen,)

Fig. 4-62D. Two cardiald capacitor mi.
crophones mounted vertically hood-to-
head for stercophonic recording,

phase to produce a given signal al the
cutting-head colis.

Connecting the output of the micro-
phones in phase produces a lateral sig-
nal component equivalent to the (M)
component in the German MS system
(Fig. 4-62E). 1f the outputs are con-
nected out of phase, the resulting field
pattern is that of the (S) or vertical
component of the German system. For

Fig. 4-62E. Polar pattern for o micro-
phone combination using cardicid aond
bidirecHonal microphones.

signals of random differences, the re-
sulting signal at the cutting head is a
complex one, a combination of both
lateral and vertical motion.

In the United States and Europe,
many variations of the methods of
sound pickup described above as used
in combination with the 45/45 degree
system of disc recording developed by
Davis and Frayne of the Westrex Corp.,
(USA). Reproducing characteristic in
the United States is that stzndardized
by the Record Industry Association of
America (RIAA), Fig. 13-95. As a rule,
each recordIng activity develops a sys-
tem of microphone placement and
method of operation which is peculiar
lo itself,
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Fig. 4-62F, Differential transformers
connected at the output of two micro-
phones to obtoin sum ond diHerence
voltoges for MS stercophonic recording.

4,63 HMow does the tronsient re-
sponse of o dynamic microphone ¢compare
to o capacitor microphone?—The tran-
sient responses of a dynamic and ca-
pacitor microphone are compared
graphically in Fig. 4-83. It can be ob-
served that the capacitor microphone
has a much faster rise time than the
dynamic microphone. The dynamic mi-
crophone has a longer rise time because
of the diaphragm and the inductance of
the moving coil. Although the capacitor
microphone appears to have better
transient response, in both instances the
rise time amounts to microseconds; the
capacitor rising from 10 percent of its
rise time to 90 percent in approximately
13 microseconds, while the rise time for
the dynamic microphone is on the order
of 40 microseconds. The measurement of
rise time Is discussed in Question 22.T4
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Fig. 4-62G. Microphone plocement ond
tield pottern for British E.M. 1. method
of recording stercophonic sound.

4.64 Show the methods used for
grounding microphones and microphone
cables.—The grounding of inicrophones
and tbeir Interconnecting cables is of
extreme importance, since any hum
frequencles or noise plcked up by the
cables will be amplified along with the
audio signai. Professional systems gen-
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Fig. 4-63. Transient time of capocitor
microphone ¢comparad to thot of a dy-
namic microphone.
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Fig. 4-62H. Mixing circult for two dual-type microphones when odded for vocal or
solo positions.
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Fig. 4-64A. Grounding method for 3-conductor microphone cables. The physical
ground connection is made at the amplifies or mixer console,
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Fig. 4-64B. Grounding mcthod used for 3-connector microphone cobles using pin-
plugs. The physical ground is connccted at the amplifier end only.

erally use the method shown in Fig.
4-64A. Here the signal is passed through
a three-conductor cable to the input
transformer of a preamplifier. It should
be observed, that the eable shield Is
connected to conduetor and pin number
1, and the audio signal is carried by
conductars and pins 2 and 3. The actual
physical ground is connected ut the pre-
amplifier chassis, and carrled to the mi-
crophone case over conductor number
1. In no instance is a second ground
ever connected to the far end of the
cabie, as to do this wlill cause the flow
of ground currents between two points
of grounding. The grounding of elec-
tronic circuits and their assoclated
equipment is discussed in Section 24.

In the making up of microphone ¢a-
bles, precautions must be taken to es-
tablish a color code and follow it
through all cables. The pin count shown
is that used by RCA. The plus or minus
side of the audio signal (hot side) is
connected to pin number 2.

In systems designed for semiprofes-
sional and home use, the method in Fig.
4-64B is used. It will be noted that one
side of the audio signal is carried over
the cable shield to a piu-type connector.
The bodies of both the male and female
connector are grounded, the female to
the amplifler case and the male to the
cable shield. The microphone end is
connected in a similar manner; here

again the physical ground is connected
only at the preamplifier chassis. Pin
counts are also discussed in Questions
2442 and 24.100,

4.65 Describe how o cardioid polar
pattern Js obtained with o ribbon-velocity
microphone. — The basic principles of
securing a directional patteru with a
ribbon-velocity microphone are shown
in Fig. 4-65, The dural ribbon is sus-
pended In a strong magnetic field, as
described for the ribbon-velocity mi-
erophone In Questions 4.51 and 4.52. The
ribbonn §s anchored at its mechanical
center and grounded to the case. This
effectively divides the rfbbon into two
separate parts. Directly behind the up-
per ribbon is a metal tube which con-
nects to an acoustical labyrinth located
in the base of the microphone case, The
labyrinth is filled with hair felt and dis-
sipates sound waves traveling down the
pipe In the form of heat. With this type
construction, the upper portion of the
microphone becomes a pressure-oper-
ated device, while the lower section
operates as a normal ribbon-velocity
micrcphone. The overall device now
becomes a combination of a pressure
and a velocity microphone. The extreme
ends of the ribbon are connected to a
transformer.

Pressure waves striking the front of
the ribbons cause voltages, which are in
series and In phase, to be generated
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Fig. 4-65. Basic principles of opcration of a unidirectional ribbon-
velocity microphonce,

simultaneously in both the upper and
lower ribbon sections. Hence, these
vollages are additive. However, pres-
sure waves, either reflected or direct,
which strike the ribbons from the rear
will have little effect, since they gen-
erate voltages which are in series, but
out of phase. Furthennore, it is difficult
for waves approaching from the rear to
strike the upper ribbon, due by the
mechanical interference offered by the
pipe connecting to the acoustical laby-
rinth below. Thus, the effect of waves
approaching from the rear is minimized,
since the waves are able te actuate only
the lower half of the ribbon and have
little or no effect on the voltages gen-
erated by waves striking the front of
the ribbous. (See Question 4.59.)
4.66 Describe the construction of a
directional microphone employing both o
ribbon-velocity and pressure unit.—Mi-
crophones of this design (Fig. 4-66A)
make use of both a pressure and rib-
bon-velocity unit to obtain a cardiocld
omidirectional or bidirectional polar
patterns. The output vollages from the
two microphones are used independ-
ently, or combined in various propor-
tions to obtain a variety of polar pat-
terns. Six different patterns are avail-
able by means of a switch at the rear
of the microphone housing. The pres-
sure uuit is a moving-coil dynamic unit
microphene, similar to the Altec-Lans-
ing 633a/c, described in Question 4.30,
and when used alone, has an omnidi-
rectional polar pattern. The ribbon-
velocity section has a bidirectional pat-
tern. Combining the output voltages of
these two units results in the phasing
of the voltages in such a manner to pro-

duce a cardioid polar pattern. The out-
put impedance is approximately 35
ohms and is operated into a 30- to 50-
ohm input. The output level is minus
52 dB. re: 10 dynes/cm®.

Fig. 4-66A, Altec-Lonsing Model 639B

microphone. Six diffcrent field patterns

are made availoble by mcans of a switch
ot the rear of the housing,

4.87 Shaw the frequency response
and angle of incldence for the micro-
phone discussed in Question 4.66.—Both
the frequency response and field pat-
terns for this microphone are shown in
Flg. 4-67. The single letter at the top of
each characteristic may be interpreted
as follows: R-ribbomn, D-dynamic, C-
cardioid. Numbers 1, 2, and 3 are varia-
tions of C.

4.68 What is a polydirectional mic-
rophone?—A microphone in which the
polar pattern may be changed from
omnidirectional to a bidirectional, a
cardioid, or a combination of the three.
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Fig. 4-69. The RCA type 5734 mechano-
clectronic tronsducer, This device is o
vacuum-tube type microphone.

Such a microphone s discussed in
Question 4.77.

4,69 What Is on clectronic micro-
phone?—A microphone constructed in
much the same nanner as a vacuum
tube. One of the internal elements is
connected te an external diaphragm.
Pressure waves striking the diaphragm
move the internal element causing it to
be displaced. This action causes a
change in plate current proportional to
the diaphragm dispiacement. The out-
put voltage is amplified in the usual
manner. Since the device is pressure
operated, its field pattern is clrcular. A
cross-sectional drawing of lts con-
struction [s shown In Fig. 4-69. It is
sometimes referred to as a mechano-
electronic microphone. It was developed
by RCA but is not used commercially.

4.70 Whot iIs o frequency-modulated
microphone®=A eapacitor microphone
which is connected to a radio-frequency
oscillator. Pressure waves striking the
diaphragm cause variations In the ca-
pacity of the microphone head, which
frequency-modulates the oscillator. The
output of the modulated oscillator Is
passed to a discriminator aud amplified
in the usual manner.

4.71 Describe o copacitor micro-
phonc using o radio frequency oscilla-
tor.—Capsacitor microphones using a
radio-frequency oscillator are not en-
tirely new to the recording profession,
but since the advent of the transistor
considerable improvement has been
achieved in design and characteristics.
An interesting microphone of this de-
sign is the Schoeps Model CMT26U
(Fig. 4-71A) manufactured in West
Germany by Schall-Technik, and named
after Dr. Carl Schoeps, the designer.

The basic circultry is shown in Fig.
4-7T1B. By means of a single transistor,
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two oscillatory circults are excited and
tuned to the exact same frequency of
3.7 MHz. The output voltage from these
circuits is rectified by a phase-bridge
detector elrcuit, which operates over
a large linear modulation range with
very small radio-frequency voltages
from the escillator. The amplitude and
polarity of the ontput voltage from the
bridge depends on the phase angle be-
tween the two high-frequency voltages.
The microphone capsule (head) acts
as a variable capacitance In one of the
oscillator eircuits. When a sound wave
impinges on the surface of the dia-
phragm of the microphone head, the
vibrations of the diaphragm are de-
tected by the phase curve of the oscil-
lator circudt, and an audio frequency
voltage iz developed at the output of
the bridge circuit. The microphene-
head diaphragm is of metal to guarantee
a large constant capacitance. An auto-
matic frequency control (afc) with a
large range of operation is provided by
means of capacitance dlodes to preclude
any influence caused by aging or tem-
perature ¢hanges on the f{reguency-
determining elements, which might
throw the circuitry out of halance.
The internal output resistance is 200
ohms, fed directly from the bridge cir-
cuit through two capacitors and deliv-
ering an ocutput level of minus 51 to 49

WCROPHONE ~—_ : Fa
— 1

[

R

BATTERY
i i

Lus —

Fig. 4-71A. Schocps (West Germony)
Model CMT26U radio-frequency capoci-
tor microphone, with BZO2 bottery sup-
ply unit. {Courtesy, Internatienal Elec-
troacoustics Ing.)
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dB (depending on the polar pattern
used), into a 200-ohm load for an SPL
of 10 dynes/em’ The signal-to-noise
ratlo and the distortion are independent
of the locad because of the bridge cir-
cult; therefore, the microphone may be
operated into load Impedances ranging

THE AUDIO CYCLOPEDIA

from 30 to 200 ohms. The manufacturer
suggests that no output transformer be
used; however, this will be determined
by the mixer input circuits employed.
The audio signal and 3 dc operating
potential of 8.5 volts are carried over a
two conductor cable; the battery volt-
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Fig. 4-71B. Basic circuit for the Schoeps radio-frequency capocitor microphones,
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Fig. 4-71C. Schematic circult for Schoeps bottery supply unit BZO2.
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Fig. 4-71D. Network for operating a series CMT microphone from an ovailoble power
supply, sither 12 or 24 volts dc.
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Fig. 4-71E. Cordioid frequency response ond polar patteen for Schoeps Model
CMT26U capacitor microphone.

age Is fed across the center point of
the output clrcuit and the cable shield.
The center or neutral point is created
by the two resistors across the output
of the microphone bridge circuit, and
the two resistors on the Input side of
the battery unit (Fig. 4-71C).

The advantage of supplyiug the op-
erating voltage in this manner is that

since the modulation voltage is not
superlimposed on the supply voltage,
the crosstalk damping is around 100
dB, even when operating several miero-
phones from the same supply source.
The interna! noise voltage when termi-
nated in 1000 ochms ranges from $.30 to
0.44 microvolt, depending on the polar
pattern used. Hum pickup is negligible

200 HY s = — ="
1000 Mz
2900 Wi # == = = —
S00C Mz & == - ——
10,000 H & ——ttmmee
0
- ‘l
=
=10
=-20
=30
=40
Hr 50 100 800 Lo ] SO00 0,000 20,000

Fig. 4-71F. Bidirectional frequency response and polae pottern for Schocps Model
CMT26U capocitor microphone,



182 THE AUDIO CYCLOPEDIA

— -—
‘\
-0
=20
-30
-~40
W 80 100 =0 1000 5000 10,000 20,000

Fig. 4-71G. Omnldirectiongi frequency response and polor pettern for Schocps Madel
CMT26V capacitor microphone.

because interference superimposed on
the supply voltage does not directly
reach the modulation. The phase of the
output voltage may be reversed with-
out modification to the power-supply
source. A resistive network for supply-
ing the operating voltage from an exist-
Ing power supply is shown in Fig.
4-71D. Frequency response and polar
patterns for three methods of operation
are shown in Flgs. 4-71E, F, and G.

A second microphone of the capacltor
type, developed by Stephens, utilizes
the advantages of the capacitor micro-
phone in a circult that does not require
the use of a preamplifier at the capac-

Fig. 4-71H. Microphonc hcad for rf type Itor head, as it differs in the manner in
microphone used as o lapel micraphone. which the minute changes of capac-
L B 1]
g e~
L il
c....-:::*"‘ -
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i @ @ @
@‘ of U oy U A
o | [ 1 —1—it-
L | e
ChvaTin, g [ ] ayteyt
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N L T f3] 1
l R B,

s

Fig. 4-711. Schematic diagram for capacitor microphonc oscillator-demadulater unit.
{Afrer Stephens.)
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Fig. 4-71). Extéernal appearance af Scan-

helser Models MKH404 and MKH405 ca-

pocitar microphanes having ¢ardioid di-
rectional charccteristics.

itance are used. No polarizing voltage is
required, as in the conventional capac-
itance microphone. The head assembly,
Fig. 4-T1H, contains a resonant circuit
link-coupled by a coaxial cable to a
crystal-controlled oscillator. Tuning of
the circuit to a frequency that is ap-
proximately that of the c¢rystal oscilla-
tor is provided by the capacitance of
the head (Fig. 4-71I). Sound waves at
the diaphragm cause small changes in
the head capacitance and shift the fre-
quency of the osclliator either above or
below the nominal operating frequency.
A demodulator (detector) converts the
rf changes Into audio frequencies, which
are amplified In the usual manner. Typ-
fcal operating frequencies for the crys-
tal are: 8.6 kHz and 8.725 kHz. The
cable length between the capacitor head

-
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Fig. 4-7 L. Basic circuitry for Scnnhcisce capacitor microphanes Model 405 and 805.
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Fig. 4-71M. Frequency response and manufocturing tolcrance for Sennheiser Model
MKHA405 copocitor microphone.

Fig. 4-17N. Field pattern for Sennhciser
Model MKMHAQS copacitor microphone,

and the oscillator is quite critical, and
is cut In lengths of 37.5 inches. The
oscillator-modulator may be placed up
to 400 feet from the capacitor head.

A capacitor microphone of somewhat
different design, manufactured by Senn-
heiser of West Germany and also em-
ploying a crystal-controlled oscillator,
is shown in Fig. 4-T1J. In the conven-
tional capacitor microphone (without
oscillator) the input Impedance of the
preamplifier Is on the order of 100
megohms; therefore, it is necessary to
place the capacitor head and preampli-
fier in close proximity. In the Senn-
heiser microphone, the capacitive ele-
ment (head) used with the rf circuitry

A0

ot oUTPUT

4.710. Duplexing the operating
voltage for o micraphone aver an oudio

Fig.

line.

15 of lower impedance, since the effect
of a small ¢harge in capacitance at rf
frequencles is considerably greater than
at audio frequencies. Instead of the ca-
pacitor head being subjected to a high
de polarizing potential, the head in this
microphone is subjected to an rf voit-
age of only a few volts.

Since the preamplifier and crystal-
controlled oscillator ure of transistor
design, they are assembled in an in-
tegral unit. An external power supply
of 12 Vdc is required. The circultry for
a Model MKH404 microphone is shown
in Fig, 4-71K, with the circultry for a
Model MKH405 shown in Fig. 4-71L.

Referring to Fig. 4-T1K, the output
voltage of the 10-MHz osclllator is pe-
riodically switched by diodes D1 and D2
to capacitor C. The switching phase is
shifted 90 degrees from that of the
oscillator by means of loose coupling,
and aligning the rescnance of the mic-
rophone circuit M under a no-sound
condition. As a result, the voltage across
capacitor C is zero. When a sound im-
pinges on the diaphragm, the switching
phase changes proportions! to the sound
pressure, and a corresponding audio
voltage appears across capacitor C. The
output of the switching diodes is di-

MCROPHONE
ouTPUT 150 -0HM
00 {OR OREATER)
e

MPEDANCE -MATCHING
TRANSFORMER

Fig. 4-7TP. Impedance-matching trans.

former connected in the output of a mi-

crophone, with valtage
duplexed over the oudio line.

the opctating
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Fig. 4-71Q. Alternoting-current power supply for sin capacitor microphones, The d¢
operating voltages are duplexed over the oudio lincs. The schematic diagram shown
Is for the Sennheiser Model MZN-6 power supply.

rectly connected to the transistor-
amplifier stage, whose gain Is limited
to 12 dB by the use of negative feed-
back.

To eliminate the effects of rf oscil-
lator noise, the cscillator eircuit is erys-
tal controlled. Noise in an oscillatory
clrcuit is inversely proportional to the
“Q" of the circuit, and because of the
high Q" of the erystal and of its sta-
bility, compensating clrcuits are not
required, resulting in extremely low
intermal noise. In Model MKH404 mi-
crophone, only one stage of amplifica-
tion is employed. For model MKH405
and 805 two stages are used as shown
in Fig. 4-71L.

The output stage is in reality an
impedance-matching transformer. In
the Model MKH404, the output is ad-
justed for 100-ohms, and for the MKH
405 and 805, 10 ohms. With proper pre-
cautions, they may be operated into a
balanced, symmetrical, or unbalanced
input circuit For an output impedance
of 100 ohms, the load impedance must
be 2000 ohms or greater; and for the
10-ohm output, 150 ohms or sgreater.
Using an output impedance of 10 ohms
permits long cable runs without an ap-
preciable loss of the high frequencies.
Radio-frequency chokes are connected

in the output eireuft to prevent rf Inter-
ference and also to prevent external rf
fields from being induced Into the mic-
rophone circuitry. Shown In Fig. 4-TIM
is the frequency response, with manu-
facturing tolerances shown by the
dashed lines; the polar response is
shown In Fig. 4-TIN. Two types of
power supplies are available, mercury
battery and ac operated. The battery
supply will provide 50 to 60 hours of op-
‘eration on one set of batterles. The op-
eraling voltage (12 Vde) is duplexed
over the audio lines. This is accom-
plished by connecting the battery across
the audio line through Lwo series resis-
tors of 180 ohms each (Fig 4-710).
With impedance-matching transform-
ers, the clrcujt shown in Fig. 4-71P is
used. Here a capacitor (C) is connected
in series with the split primary of the
input transformer to prevent the flow of
current through the windings. If the
transformer does not have a split pri-
mary, a capacitor is connected in each
side of the line.

The schematic diagram for an ac
power supply appears In Fig. 4-T1Q.
This supply is capable of operating up
to six mierophones simultaneously. The
voltages are well stabilized, using zener
diodes for cach microphone supply cir-
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cuit. The output level for the Model
MKH405 is minus 275 dB re: 1 mw/
10 dynes/em®. Frequency response is
40 to 20,000 Hz; THD distortion 0.5 per-
cent; EIA rating 121.5 dB. Mode of op-
eration is pressure gradient, with a
cardioid directional characteristic.
4.72 What is a wircless microphone?
—1t is a miniature microphone attached
to a frequency-modulated radlo trans-
mitter and is worn on the body of the
user. For motion plcture and television
use, the microphone and transmitter are
concealed. Two systems are in use. One
system uses a small transmitter worn
on a coat lapel or mounted on the hous-
ing of a miniature frequency-modulated
radio transmitter. The second system
employs a hand-held or lavalicr micro-
phone housing a transistor radio trans-
mitter (FIg. 4-72A): this is the system
to be discussed. The antenna is wrapped
around the bLody of the user and he
becomes a part of the antenna system.
Or, in the instance of the hand-held
microphone, the antenna is attached to
the microphone-transmitter or it may
be built into a helmet. The transmitted
signal is picked up by a remote recelver.
The maximum transmitting distance is
about one half mile, depending on the
frequency used and the antenna system,
As a rule, the distance between the
transmitter and the receiver Is kept to
within 200 feet or less. When several
microphones are required, sueh as
might be used with several charuacters
in a play, a separate receiver is required
for each microphone, each receiver
tuned to a different frequency. The
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transmitter may be tuned from 25 to 45
MHz, with a sighal-to-noise ratlo of 60
dB, or better, for a plus-minus 20-kHz
modulation swing.

The recelver consists of 11 tubes, in-
cluding radlo-frequency amplifiers, lim-
iters, automatic frequency contiol (afe),
intermediate amplifiers, sudio stages,
and an adjustable squelch control for
reducing baekground noise. The unit
also contains a built-in 36-inch collaps~
ible antenna, or it may be used with a
72-ohm remote transmisslon line and
antenna. A tuning eye is provided for
setting the receiver to the exact fre-
quency of the transmitter. The sensi-
tivity Is 1.5 microvolts for 20-dB quiet-
ing. The audio frequency response is 20
to 20,000 Hz. The output has an imped-
ance of 150 or 600 ohms designed to
operate directly into a mixer console.
A loudspeaker Is also included [or
monitoring purposes. The schematic
diagram for the receiver portion Is
shown in Fig. 4-T2B.

The microphone with lts transmitter
is completely transistorized. Its sche-
malic diagram appears in Fig. 4-72C,
and consists of a2 dynamic microphone
clement, with a frequency range of 80
to 14,000 Hz. The transmitter has a
swing of 20 kHz at normal voice levels,
with a power output ol 40 milliwatts
to the final amplificr, depending on the
frequency and the antenna system used.
The battery is a 6.5-volt mercury type,
with an expected life of 20 hours. The
whip antenna, shown on the side of
the microphone in Fig. 4-72A, is used
for personal interviews or when walk-

Fig. 4-72A. Yega Electronics Corp. wireless microphone system. The microphone and
and its tm radlo transmitter are shown ot the right, and the receiver ot the lcft.
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Fig. 4-72B. Schemalic diogrom for Yega Electronies Corp. wireless
microphone recciver.

ing around in a crowd, and may be
extended to 23 Inches. Frequencies for
wireless microphone operation in the
United States are under the jurisdiction
of the Federal Communications Com-

mission, and such devices are operated
in the general business frequencies,
33.14, 35.02 and 42.98 megahertz, or 268.25
for rudio and television relay operation.
Permission must be obtained from the
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turcd by VYega Electronics Corp,

FCC in advance, before any type of
wireless microphone can be operated

4.73 How far con o low-impedance
microphone cable be sun without a pre-
amplifier?>—~Microphones with an output
impedance ranging from 30 to 200 ohms
can be run to a distance of 200 feet
without seriously affecting the fre-
quency response. It is a fairly safe rule
to follow, that the lower the impedance
of the line, the greater the distance it
can be run. However, unless the cable
is well shielded, the signal-to-noise
ratio may be seriously affected. Also for
such long runs, the cable must be kept
clear of all ac lines and equipinent. A
good practice to follow when long runs
are necessary is to insert a preamplifier
in the cable run at about 100 feet. This
preamplifier may be of transistor de-
sign with a gain of 40 to 60 dB adjust-
ahle in steps of 20 dB. {Sec Question
4.76.)

4,74 It an escilloscope is connccted
to the output of a microphone, what is
the relationship between the pressure
wave and the image?--The vertical de-
flection will be propoftlonal to the am-
plitude of the pressure wave at the dia-
phragm of the microphone.

4.75 What does the term open-
circult voltage mean?—I11 is the voltage
measured with a high impedance
vacuum-tube voltmeter at the output of
an unterminated microphone. As a rule,
preamplifiers designed to be used with
microphones do not use a termination
across the secondary of the input trans-

former. This method of operation in-
creases the voltage at the control grid
of the first tube in the preamplifier 6 dB
or a voltage gain of S0 percent, which
results in a substantial increase In the
signal-to-noise ratio. Open-—circuit op-
eration is discussed in detail in Ques-
tion 12170,

4.76 What effcct docs the terminot-
ing impedance have an microphone char.
acteristics? — Microphone specifications
relative to their frequency-response
characteristics and output level are
based on an open-circuit voltage mea-
surement. Such measurements are made
using a high-lmpedance voltmeter, con-
nected directly across the microphone
output terminals (Fig. 4-76). However,
in nctual practice the microphone is fed
into a preamplifier with an input trans-
former using an unterwmingted second-
ary. (Sec Question 12.170.)

1§ the microphone characteristic Is
measured using a load impedance
approaching the inicrophone internal
output {mpedance, the performance
characteristics will differ from those
specified for an unloaded measurement.
A typleal example of a loaded condition
is operating the microphone into s low-

LTO 10 MEGOHM
MPEDANCE

. .
| vTvm
32000

Fig. 4-76. Mcosuring the open-circult
voltage of @ microphone.
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level mixing circuit, a transistor pre-
amplifier with a low input impedance,
or into an input transformer with a
terminated secondary. (See Question
9.2,)

If the microphone is terminated in
a resistive load equal to its own im-
pedance, only a drop in level will be
experienced with no appreciable change
in the characteristics. If the load varics
with frequency, the overall response
will be aflected. This can ecasily occur
if the Intercomnecting cables have an
appreciable amount of capaeitance such
as might be encountered with a high-
impedance microphone. The greater the
cable capacitance per foot, the more
the high frequencies will be attenuated.
This is particulary true for microphones
having an output Impedance of 10,000
to 20,000 ohms. Generally about 18 to
20 feet is the maximum distance that
can be run.

Mass-controlled microphones, such
as the bidirectional and cardiold types,
generally have an impedance curve that
decreases sharply as the frequency is
increased In the range of 100 to 2000 Hz.
Connection of these microphones to a
reslstive load causes a change In both
the output level and the frequency re-
sponse, particulary at the low fre-
quencies. For professional usage, mic-
rophones are fed Into an open circult
preamplifier; thus, the problem of load-
ing is eliminated. They are also oper-
ated at an impedance of 50 chms, there-
fore cable lengths may be up to 600 feet
with about a 1-dB loss at 10,000 Hz.
(See Question 4.73) Operating a 50-ohun
impedance into a 250-ohm input results
in a 7-dB loss of output level, but no
appreciable change in the frequency re-
sponse, (See Question 1.98)

4.77 Describe a ribbon-velocity mi-
crophone with varioble polar pattcins.—
A variable polar pattern microphone
can sometimes be quite useful and con-
venient as it may be changed from a
directional to a bidirectional or omni-
directional polar pattern by a simple
adjustment. The microphone to be dis-
cussed Is the RCA 77-DX MI-4C45-F
ribbon-velocity microphone (Flg. 4-
77A). The gencra! design of this mi-
crophone is simlilar to the unidirectional
ribbon-velocity microphone discussed
In Questions 4.58 and 4.65. As In the
RCA MI-10001-C, the 77DX ribbon is
divided Inte two sections, with the cen-
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ter grounded and the upper portion ter-
minated in an acoustic impedance con-
sisting of a small tube sealed at the back
of the ribbon and connected with an
acoustic labyrinth situated in the lower
portion of the housing. An aperture in
the back of the tube near the top is
made variable by a rotating plate con-
trolled from the exterior at the rear of
the housing. Controlling the size of the
aperture determines the types of polar
pattern. When the aperture is com-
pletely open, the ribbon is not termi-
nated by the acoustic labyrinth; there-
fore, both sides of the ribbon are
exposed to the sound source. Under
these conditions, the microphone oper=
ates as a ribbon-velocity microphone
with a bidirectional polar pattern (Fig.
4-11B).

Closing the aperture to about half
size, one half of the ribbon has both
surfaces exposed to the sound pickup
and therefore operates as a ribbon-ve-
locity microphone; however, the other
half of the ribbon is terminated in the
acoustic labyrinth and operates as a
pressure unit. Operating under these
conditions, the voltages generated by
the upper and lower sections of the rib-
bon, tend to reinforce each other for
sounds arriving from the front, but tend
to cancel ecach other for sounds arriving
from the pear, resulting in a cardioid
polar pattern (Fig. 4-77B). By closing
the aperture completely, the two sec-
tions of the ribhon arc tegminated in
the acoustic labyrinth and the polar

Fig. 4-77A. RCA Model T7DXMI-4045.F
polydirectional microphone.
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Fig. 4-778. Polar patterns for RCA TTIDXMI=-4045-F polydirectional ribbon-velocity
microphone.

pattern becomes omnidirectiona!l (Fig.
4.77B). Because the aperture is vari-
able, six polar patterns are possible. In
the unidirectional position, the attenua-
tion between front and rear is approxi-
mately 20 dB, or a ratio of 10:1.

The bottom of the housing contains
an Impedance-matching transformer,
and a switeh for selecting two types of
low-frequency rolloff for volce, and a
Aat position for music. Position V1 is
used for sound pickups within 1 foot
of the microphone, aud V2 for distances
greater than 1 foot (see Fig. 4-59H).
Low-frequency attenuation is accom-
plished by connecting a reactor across

the output of the microphone. The
smaller the value of the reactor, the
greater the attenuation will be.

The frequency response is shown in
Fig. 4-77C. In the Aat position the re-
sponse Is 30 to 20,000 Hz, within plus-
minus 5 dB at the low and high ends,
with output impedances of 30, 150 and
250 ohms. The output level ranges from
56 dBm (omnidirectional) to minus 50
dBm for the bidirectional position, for
sound pressures of 10 dynes/cm® Hum
level is minus 128 dB, referred to a ficld
of 0.001 gauss. Microphones of this type,
offering adjustable polar patterns are
often termed polydirectional.
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Fig. 4-77C, Frequency response for RCA 77DXMI-4045.-F polydirectional microphone.
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4.78 What Is the impedonce of a so-
colled high-Impedonee dynamic micro-
phane?—The term high impedance is
generally associated with crystal or cer-
amic microphones and will range from
100,000 ohms to 1 megohm. However,
dynamic microphones rated high im-
pedance are usually 40,000 ohms output
impedance, although the moving-coil
element may be on the order of 1.5 to 50
ohms. An output transformer of 40,000
ohms impedance with taps at 250, 150,
and 50 ohms is included in the miero-
phone housing.

4.79 What is a uniaxiol micre-
phone?—A unidirectional microphone In
which the maximum response s in the
principal cylindrical axis.

4.80 Whaot is a cephloid micro-
phone?—A mannikin head with inicro=
phones mounted in the head at the
normal ear level to create a diffraction
pattern and simulate human hearing.
Such microphones are used in acoustical
laboratories for hinaural work.

4.81 What is a lavalier microphone?
—A small dynamic microphone worn
around the neck as a lavalier. A typlcal
microphone of this type is the RCA
BK-6B shown In Fig. 4-81A,

This microphone has been especially
designed for correct specch balance

Fig. 4-B1A. RCA BK-6B dynamic lavalier
microphone, designed to be worn around
the neck.
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when used Informally in television
broadcasting interviews and public ad-
dress applications. The frequency re-
sponse and directional qualities are en-
gincered to complement human speech
so that a correct frequency balance Is
maintained when the speaker is talking
ofl mike.

An internal resonator placed in front
of the diaphragm reduces the high fre-
quency emphasis while extending the
upper frequency limit.

The output impedance may be set
for 30, 150, or 250 ohms. The output
level is minus 67 dB, for a pressure of
10 dynes/fem® The polar pattern is
shown in Fig. 4-81B and the frequency
response is shown in Fig. 4-81C.

4.82 What is o throat microphonoe?
—One in which the diaphragm is actu-
ated by being directly in contact with
the extermnal portions of the throat. Such
microphones are widely used in aireraft
for radio and internal intercommuni-
cation, or where the ambient noise level
is high.

To obtain the maximum intelligibil-
ity, the high frequencies are attenuated.
The unit may be of the moving coil or
button design.

4.83 What is o sound-powered mi-
crophone?~A microphone constructed
similarly to a dynamic microphone, with
the exception that it generates consid-
erably more output power and may be
used without amplification over a con-

o~
e lee RS |
> o 530~

Fig. 4-B18. Polar pattarn for RCA BK-4B
lovolier mi¢rophone.
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ig. 4-81C. Frequency response of RCA BK-68 lavalier micraphone.

siderable distance. It is frequently ysed
in Intercommunication systems. The
frequency response is limited to the
voice frequency range.

4.84 How important Is the phasing
of microphones when making a muitiple
microphone pickup?—When two or more
microphones are being used on the
same channel and they are within ten
feet of each other, they should be elec-
trically in phase. If they are not, serious
distortion may take place due to can-
cellation.

4.85 How are microphones phased?
~—The microphones to be phased are
placed alongside each other and cen-
nected to their respective preamplifiers
and mixer inputs, While someone
speaks Into the microphones, one mixer
pot is adjusted for a normal output
level as indicated on a VU meter. The
setting is noted aud the pot closed. The
same adjustment is made for the sec-
ond microphone and the setting of that
pot noted. Now both pots are opened to
the above settings and, if the micro-
phones are out of phase, the quality of
reproduction will be distorted and there
will be a distinct drop in level. Revers-
ing the electrical connections to one
microphone will bring them into phase.
A second test is then made similar to
the first. U the microphones are in
phase, the output level will be greater
and undistorted.

If the microphone is of the bidirec-
tional type (figure-8) it mmay be re-
versed 180 degrees to bring it into

phase, and later corrected electrically.
If the microphones are of the directional
type, only the output or cable connec-
tlons can be reversed. After phasing a
bidirectional microphone, the rear
should be marked with a white stripe
for future reference.

4.86 Describe the methods used for
colibrating microphoncs.—Generally a
microphone is calibrated using one or
more of four calibrating instruments—
the pistonphone, thermophone, electro-
static actuator, or a reciprocity calibra-
tor.

Pistonphones are used for calibrating
below 150 Hz, and consist of a pressure
chamber, tightly sealed to the front of
the microphone housing to be calibrated
(Fig. 4-86A). The voltage developed at
the output of the microphone for a
glven pressure at the diaphragm Is
nated. The pistonphone is then discon-
nected, and a voltage of the same fre-
quency is connected in series with the
microphone head and adjusted for the
same output level as developed by the
pistonphone. The response E./P is then
the ratlo of the second voltage to the
applied pressure.

Two practical applications of the pis~
tonphone are shown in Figs. 4-86G and
H. Referring to Fig. 4-86G, the piston-
phone consists of a sealed glass jar, with
a mechanically driven piston in the
base, which produces known sinusoidal
Auctuations in air pressure. The actual
pressure is calculated from the volume
of the chamber, the dimensions of the
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Fig. 4-86A. Pistonphone microphone calibrator.
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Fig. 4-B6C. Frequency range of instruments used In the colibrotion of microphones.

piston, its stroke, and the constants of A second design appears in Fig.
the alr. With devices of this type, fre- 4-86H, and is somewhat similar to a
quencies of a fraction of a cycle are dynamic-loudspeaker mechanism. The
possible, with sound-pressure levels of small plston In the chamber at the left

94 to 115 dB, re: 0.0002 dyne/cm'. produces the pressure for the measure-
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ment. A calibrated eyepiece and a
marker on the pistorn shaft permit the
calibration of the piston movement. A
capacitor microphone is shown under
measurement, with its electronics and
case mounted at the right end of the
pressure chamber. Noise contributed by
the electronics may be measured by re-
placing the microphone head with a
low-leakage capacitor of the same value
capacitance as the head, or the micro-
phone may be placed in an acoustic

THE AUDIO CYCLCPEDtA

chamber constructed of two lead cases,
one inside the other, separated by
acoustic absorbent. The noise level is
then measured at the output, using a
vacuum-tube voltmeter.

The thermophone, shown in Fig.
§-86B, is constructed of one or more
very thin gold-leaf strips, supported on
insulated blocks in front of the micro-
pbone diaphragm. A measured, steady
direct current is passed through the
gold-foil strips with the audio fre-

MICROPHONG
CIAPHRAGM

BACK PLATE

Fig. 4-86D. Cross section of an electrostatic actuator used in the collbrotion of
copacitor-type microphones. (Courtesy, LTV Rcsearch Center Western Division)
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Fig., 4-86E. Effcct of octuoter-plate geometry on the cffcctive spacing. (Courtesy,
LTY Resaarch Center Western Division)
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Fig. 4-B6F. Driving clreuit for clectrostotic actuator. The ompliticy should be capoble
of develaping 100 watts of power with low distortion. The dc polarizing voltage is
approximately 1500 volts, (Courtesy, LTY Research Center Western Division)
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quency slgnal superimposed on the dc.
The cavity of the thermophone is filled
with hydrogen gas to shift standing
waves in the cavity beyond the range
of measurement. Thus, the variatlon of
pressure In the cavity occurs at the
applied frequencics.

Microphones designed for use in
space require frequency calibrating
ranges from §.01 to 1 MHz per second,
with sound pressures up to 195 dB, re:
0.0002 dyne/cm’, also at extremely high
and low temperatures, with low statlc
pressures equivalent to those found in
high altitudes. The various methods
used for mlcrophone measurements and
their frequency range is given in the
tabulations in Fig. 4-86C. Both the reci-
procity and pilstonphone techniques
provide a high degree of accuracy, the
pistonphone being capable of mcasure-
ments down to 0.01 Hz, with an upper
limit of 15,000 Hz, using a closed cou-
pler, and up to 100 kHz in a free field.
Calibrations at high pressure levels are
performed in standing an< progressive
wave tubes, the high-intensily piston-
phone, and shock tube. However, the
ahove Instruments are difficult to apply
to calibrations et environmental condi-
tions similar to that expericnced In the
field. These difficultics have been over-
come to a greal extent by further de-
velopment of the electrostatic actuator
(Fig. 4-86D) which is used primarily
for the calibration of capacltor mnicro-
phones.

The electrostatic actuator was de-
scribed by Olson in 193], by Ballantine
in 1932, and further developed by
Brown and Dahlke. The actuator con-
sists of a slotted perforated flat metal
plate, which is insulated and placed

MOV (’MENT

"
GEAR REDUCTION
8 CRANK

Fig. 4-86G. Pistonphone far calibrating
microphones. A piston in the bottom of
the glass jar is driven by crank and gcar
reduction, from the motor at the floor
level. The microphone to be calibrated is
suspended in the jar over the piston.

parallel to the diaphragm of the micro-
phone at a known distance. A direct-
current voltage applied between the
actuator plate and the diaphragm of the
microphone to be calibrated generates
an electrostatic force, simulating a
sound pressure, at the surface of the
diaphragm. The sound pressure thus
generated is the function of the product
of the applied voltage, the square of the
effective spacing, the permittiyity of the
vacuum, and the dielectric constant of
the gas between the plates. Since the
influence of temperature and static
pressure on the dlelectric constant is
considerably less thau the accuracy in
determining the pressure, the simulated

PEAMANENT MCROPHONE
MAGNE T CALIBRATION PISTON UNDER TEST
[ INCL LIDING
vCICE-COIL | ELECTRONICS
A [}

o

D=
el

——
MEASURING CROUIT
e —

VOCE-COIL SUPPORT

PRESSURE CHAMBER

Fig. 4-86H. Pistonphonc built along the lines of o dynomic loudspeaker. The piston
is actuated by the movement of the voice ¢oil, creating a sinusadial pressure in the
chomber containing the head of the microphone {after Glover and Boumzweiger B
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sound pressure is not affected by the
environmenta! conditions. In addition,
the sound pressure is not a function of
the applied frequency.

The effect of the actuator plate and
its peometry is shown in Flg. 4-86E. If
the cffective spacing of the slot D,
which is not identical to the actual
spacing, can be determined, the effec-
tive sound pressure can be expressed:

P, =%E.,

where (D) Is the effective spacing be-
tween plates, E, permittivity of free-
space and equals 8.85 % 10'7 farads/m,
K the dlelectric constant of the insula-
tor between the plates, and E the dc
potential between the plates. For a com-
plete mathematical treatinent pertalning
to the actuator, the reader is referred
to the reference.

Since the simulated sound pressure
is produced by an electrostatic force,
the signal driving the system will de-
termine the low-frequency response of
the electrostatically driven diaphragm.
If the driving system cutoff frequency is
low enough, the output voltage of the
microphone system will be the response
of the microphone electronics. To obtain
the low-frequency response, the [ront
to back vent of the microphone must be
present in the sound field The clectro-
statlc actuator does not fulfill this re-
quirement,

The schematic diagram for the actu-
ator driving system Is shown in Fig.
4-86F. The maxituum sound pressure
level (SPL)} for 5-mil spacing of the
actuator and the microphone dia-
phragm, and a 20-percent safety factor
in breakdown wvoltage is 127 dB. For
2-mil spaeing, the SPL rises to 134 dB.
However, for this spacing, some dIffi-
culty may be experienced in keeping
the actuator and diaphragm parallel
To reducc harmonic distortion below
2.5 percent, the ratio of the de polariz-
ing voltage to the ac slgnal voltage must
be greater than 10:1; as 150 volts of sig-
nal is a reasonable value, the dc voltage
will be on the order of 1500 volts. Fre-
quency measurements, using this de-
vice, are possible to within plus or
inus 1 dB. Microphone callbration us-
ing the reciprocity method is discussed
in Section 23.

Considerable work has also been
done in the testing of microphones,
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termed real voice testing. In this test,
a person speaking in a normal tone of
volce replaces the usual sound pressure
generating device. As the speaker talks,
a frequency analysis is made and the
average output level established. Thus,
the average output for a number of
speakers is the real voice calibration.
The test equlpment consists of the mi-
crophone to be tested, preamplifier, and
a magnetic tape recorder, Portions of
the recording are made into a loop, and
the output fed to an octave-band ana-
lyzer and graphic level recorder. The
result of this test is the average power
output from the microphone. It has
been found for some types of research,
the real voice test is more satisfactory
than the usual pressure calibration.

4.87 Describe how the linearity of
a capocity microphone is determined ot
high intensitios.—It is tested by mea-
suring its linear response to a step
funclion gencrated by the use of a
shock tube at pressure levels equivalent
to 5 pounds per square inch. The line-
arity of an Altec-Lansing Model 21-
BR-202 high-intensity microphone is
shown In Fig. 4-87A, for SPL of 140 to
180 dB, re: 0.0002 dyne/cm’ at a fre-
quency of 400 Hz. To provide a primary
callbration, the sensitivity of a group
of eight microphones was measurcd,
using a pistonphone at an SPL of 124
dB at frequencies up to 400 Hz. Sound
pressures arc then generated in a stand-
Ing-wave tube t0 provide nearly undis-
torted sinusoidal pressures at extremely
high levels,

Essentinlly, a standing-wave tube
conslsts of two cylindrical tubes having
lengths which are nonharmonieally re-
lated. The tube is driven by an clectro-
dynamic driver, which produces a some-
what distorted signal at the amplitudes
necessary lo generate sound pressures
at the desired levels. This distortion Is
suppressed by the design of the stand-
Ing wave tube, which acts similar to an
acoustic bandpass filter. The standing-
wave tube measurements are performed
at a single [requency associated with
the tube resonance, To verify the mi-
crophone linearity at the higher {re-
quencies, shock-tube techniques are
employed.

A microphone is placed at the end
of the shock tube. A shock is generated
by bursting a diapbragm which isolates
the drive section of the tube. The mi-



MICROPHONES

2012 S0H: 0O+

197

ShHz O 20kMz

SOUND PRESSURE LEVEL @8
RE 00002 DYNE/CM®

KO [

[
150, /LL'/
i

1

oo 010

4] ©

MCROPHOME DUTPUT VLTS

Fig. 4-87A. Standing-wove tube llncarity callbration of Altec-Lansing capacitor
microphone Model 21-BR-200. Scnsitivity — 86 dB re: 1 volt/dyne/cm’.
ELECTROOTNAMC R——
DRIVER UNT S TANDRG -WAVE /
POWER TUBE
avPLFIER ’
MCROPHONE
OSCRLLATOR POWER
SUPPLY
CATHODE /
FOLLOWER 5
ouTPUT

CFFERENTIAL
VOLTMETER

S [i

OFFERENTIAL
VOLTMETER

Fig. 4-878B. Stonding-wave tube and its associated cquipment used in the linearity
measurcment of microphoncs, (Courtesy, LTV Rescarch Center Western Division)

erophone experiences a sudden risec in
pressure associated with the reflection
of the shock wave at the end of the
driven section of the tube. The risc-
time, overshoot, and decay time of this
response exhibit the lincar character-
istics of a simple system transient re-
sponse, The system resonance and
damping constant are established from
this transient response to yield the
steady-state response characteristics.
The basic test setup for using a stand-
ing-wave tube Is shown in Fig. 4-87B.
A cross-sectional view of a high inten-
sity microphone head is given in Flg.
4-115A. Details for the use of standing-
wave and shock-tube devices are given
in the reference.

4.88 What does the term ‘‘guaning
o microphone’ mean?—To point the mi-
crophone at the source of sound. If the
microphone is suspended from a boom

on a turret head, it is turned towards
the actors as they speak, to secure a
uniform sound quality. As the micro-
phone Is generally moved guite rapldly,
it is referred to as “gunning.”

4.89 What hoppens when a ribbon-
velocity microphone is moved ropidly
through the olrP—A low-frequency
fiutter is gencrated due to the passage
of air between the ribbon and the pole
picces, Jt is not practical to use stan-
dard ribbon microphenes on 3 boom
and attempt to gun them. Ribbon-ve-
locity type mierophones used for motion
pictures and television are especially
designed to be used on a boom and may
be gunned without producing noise.

4.90 Describe
screen, s construction, ond ecifective-
ness.—A wind screen is a device placed
over the exterior of a microphone for
the purpose of reducing the effects of

a microphone wind
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Fig. 4-90A, Typical silk-covered wind
screen and microphone. (Courtesy, B and
K Technical Review }

wind noise when recordlng out of doors,
or when panning or gunning a micro-
phone. The screen consists of a wire
frame covered with silk or a special
type foam-rubber composition. Micro-
phones designed for television and mo-
tion picture recording are generally
constructed with the wind screen as an
integral part of the microphone. (Wind
screens are also referred to as wind
RagS.)

With a properly designed wind
sereen, a reduction of 20 to 30 dB in
wind noise can be expected, depending
on the sound pressure level at the time,
wind veloclty, and the frequency of the
sound pickup. Wind screens may be
used with any type microphone and
they vary in their size and shape. Two

OECIBELS
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types of wind screens employing a spe-
cial type foam-rubber manufactured by
Electro-Voice, and marketed under the
trade name Acoustifoam are shown in
Figs. 4-39A and 4-37E. This material
has no effect on the high frequency re-
sponse of the microphone because of its
porous nature. Standard styrofoam is
not satisfactory for wind screen con-
struction because of its homogenous
na