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REPORT TO P.G.A.

Jordan J. Baruch, Chairman
IRE Professional Group on Audio

The P.G.A. is extremely happy to note that the Institute has taken recogni-
tion of some of our outstanding people in the field of Audio by awarding them
the grade of Fellow. These awards, which were made at the Spring meeting, and
which were reported in the PROCEEDINGS for May, 1952, are made annually in
recognition of outstanding contributions to the state of art. A list of the
Fellows from the field of Audio and their citations follows:

S. J. Begun "in recognition of his contributions to the field of
magnetic recording"

L. L. Beranek "for his contributions in research, teaching, and adminis-
tration in the fields of acoustics and speech communication"

M. Camras "in recognition of his contributions to the field of
magnetic recording”

H. E. Hartig "for his achievements as a teacher, his research in the-
field of acoustics, and his contributions to the under-
water sound program during World War II"

J. K. Hilliard ‘“"for his contributions in the field of motion picture,
audio engineering, and in the advancement of standards"

H. H. Scott "for his contributions to acoustic measurement and
reduction of noise in audio reproduction"

To these six people we wish to extend our heartilest congratulations for their
awerd and our.heartiest thanks for the advancements and achievements which they
have brought to our field. :

As mentioned on Page 3 of the May TRANSACTIONS, the Administrative Committee
approved a constitutional amendment to increase the size of the Administrative
Committee from six to nine members. The Institute has now approved this proposed
amendment and it remains to be submitted to the membership for ratification.

Included with this issue, you will find a printed ballot. If you approve the
above resolution, please indicate this on the ballot. If you disapprove this
resolution, please mark the space so designated. In elther case, please mail
the ballot in accordance with the printed instructions.

The proposed amendment has been approved by the Administrative Committee with
the view of securing more complete representation for the various parts of the
country, fields of interest, and types of specialization. Should the resolution
be approved, the constitution will be altered where necessary and the three new
members of the Administrative Committee will be appointed for terms of three
years, two years, and one year as sSOOn as possible. :

Replies have now been received from most of the committee chairmen of the PGA,
and indications are that during the coming year our committees will be chaired
by essentially the same people who chaired them during the past year. Their
able work in contributing to the growth of the PGA will therefore ccntinue for
another year. ‘
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DO YOU AURALIZE?*

Daniel W, Martin
The Baldwin Company
Cincinnati 2, Ohio

In this interesting Technical Editorial, the PGA Midwestern Editor
treats certain acoustical concepts and terminology. By special ar-
rangement with the IRE Rditorial Department and the "Journal of the
Acoustical Society of America", this editorial is being published .
simultaneously in both publications. The author will welcome com-
ments from our readers regarding this Editorial,

-~ Editorial Committee

During the past ten to fifteen years the term "audio" has developed in
usage from strictly scientific and engineering parlance imto- a word under—
stood and even used by the proverbial "man on the street". Many factors have
contributed, such as the following: , '

1. More widespread use of audiometers in the selection of hearing aids,

2. Increased emphasis upon the use of audio equipment in education and
training. '

3. The formation of organizations to serve the professional interests of
engineers specializing in audio equipment and its use. .

L. Entire.publications on audio topics and other publications devoting
a section to audio.

5. The growth of a new type of hobbyist knomn as an "audiophile" (a
lover of recorded sound), 4 A _

6. The distinction made in television program credit lines s between the
"video engineer" and the "audio engineer",

Another group of terms, which antedates "audio" in widespread usage and
acceptance, includes "acoustics","acoustic", and "acoustical"., The new
American Standard Acoustical Terminology, sponsored by the Acoustical Society
of America in co-operation with the Institute of Radio Engineers, makes a
distinction in the usage of "acoustic" and "acoustical", similar to that pre-
viously adopted for "elsctric" and "electrical", There would appear to be
little reason for ambiguity between "audio" and "acoustic" as long as "audio"
pertains to the means by which the electric counterpart of sound is amplified,
recorded, played back, modified, monitored, or transmitted. Of course s the
sound itself is "acoustic", and the devices by which the electric waves are
converted to acoustic waves are "electroacoustic" transducers.

It is in that part of the process known as "andition", or hearing, that
the terminology becomes more difficult to clarify. An "audience" composed of
"auditors", occupying a space called an "auditorium", uses the "auditory
sense for the reception of "audible" sounds. Yet another group of terms s
less widely used but well known, includes "aural" and "auricle™, "auristh,.

¥ Manuscript received April 9, 1952,
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Perhaps the phonetic similarity of "aural" and "oral" has discouraged the use
of the former term, but there is an important audible distinction which spe-
cialists in sound should be capable of producing consistently. (Pronounce
"ay" as in Austria and "o" as in old). It may be too late to suggest the
combination "aural-visual" as a substitute for "audio-visual", but the writer
finds "aural-visual" more euphonious and somehow more suggestive of the edu-
cational process. Perhaps for the."aural-visual" method there should be
"audio-video" equipment. There might be some slight: objection to "aural" as
implying the existence of an aura, but this is hardly more serious than the
implication of a vision by the term "yisual",

These remarks are introductory to the main purpose of this editorial,
which is to suggest what the writer believes to be a new and useful verb, to
"auralize", and its companion noun "auralization". These words would be the
counterpart in hearing to the terms tyisualize" and "visualization" in seeing.
In other words, "to auralize" would be to form a mental impression of sound
not yet heard. Auralization is much more commonly practiced than has general=-
ly been recognized. Recent research in physiology reveals that people move
the muscles of the vocal mechanism involuntarily and almost imperceptibly as
they read silently. Surely some auralization must accompany these reflex ac-
tions of "vocalization". Why else would one so enjoy reading poetry gilently?

In the field of music the composer auralizes the composition while writ- .
ing, the conductor auralizes as he scans the manuscript before the rehearsal,
and the instrumentalist or vocalist auralizes while examining the written mu-
sic before the time comes for performance. Many musicians have difficulty
playing music in a key which differs in pitch from that shown on the printed
sheet because the sound elicited differs in pitch from that auralized. This
writer, for example, finds it much easier to transpose a familiar melodic line
by playing in accordance with transposed auralization than by shifting an ar-
bitrary number of semitones from the notes printed on the music.

Recording engineers, program directors, and audio monitors auralize (or
need to) for the typical ultimate listener. In other words, through practice
one should learn to auralize a modified sound while listening to an original
or monitored sound, in order to compensate for differences in listening means
and environment. Aids to auralization need to be developed for the audio
monitor. :

Listening tests, whether for musical instruments s loudspeakers, records,
or audio systems, require auralization for ultimate validity. It is an art
to be practiced. Do you auralize?
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PROPER CARE OF TEST RECORDS*

L.AJWood and R.C. Moyer
RCA Victor Division of RCA
Indianapolis, Indiana

In accordance with the policy of the PGA, the TRANSACTIONS endeavors
to publish material of tutorial nature dealing with the latest ad- .
vances in audio theory and technology as expounded by eminent auth-
orities in the field. This invited editorial will prove to be of
great interest to all persons responsible for the custody and use
of records. : —— Editorial Committee

A well made test record, such as one of the frequency records used for.
calibration of reproducing equipment, is a precise measwring device. In or-
-der to utilize such records to their fullest capabilities, they must be af-
forded the same care as other precision equipment. The following paragraphs
point out some of the "do's" and "don'ts" which should be followed.

Storage Temperature

When properly stored, all types of phonograph records are capable of
withstanding reasonable temperatures. Long periods at temperatures up to
1200F do them no harm if they are properly supported.

Excessively high temperatures will, of course, permanently damage re-
cords. Such temperatures may be reached if records are stored near registers
or radiators, or if they are exposed to direct sunlight. Records left on a
window sill or in a parked automobile, for example, can be seriously damaged
by the heat absorbed from direct sunlight. A lamp bulb placed too near re-
cords can also be a dangerous source of heat.

Storage at excessively low temperatures does not harm phonograph records.
If records have been allowed to reach zero temperature, merely bring them
back to normal room temperature slowly and no harm will result. Care should
be exercised in handling records while they are excessively cold since they
may be slightly brittle until they are warmed uwp again.

Position during Storage

In general, records should never be stored in such a position that their
own weight or pressure of other objects will tend to warp them out of shape.
Any plastic material, such as a phonograph record, is subject to warping or
bending if it is left under a mechanical stress for a sufficiently long time.

Ten- and twelve-inch records, either 78 or 33 1/3 rpm, should be stored
vertically on edge in their original containers or in suitable storage albums.
Such records should never be piled flat, stored at an angle, or left on the

#Manuscript received April 10, 1957,
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supports of a changing mechanism,

"5 records may be stored either vertically or piled flat, The raised
Jabel area of these records, combined with their extremely light weight,
makes flat storage quite practicable. This is often a convenience when the
records must be stored in cabinets designed for 10- and 12-inch records,
Vertical storage is, of course, much more convenient when appropriate space
is available. Like 10— and 12-inch records, the "}45's" should never be al
lowed to lean at an angle against the end of a storage cabinet., ‘

Dust and Dirt

Records should be protected from accumilation of lint, cigarette ashes,
or dust of any kind, Normally, the sleeves or folders supplied with the re-

binets, Dirt and dust will collect on the records when removed from the ca-

Generally, records should not be removed from their folders until they
are actually placed on a turntable to be played, and they should be returned
to their folders immediately after use., In addition, care should be taken to
avoid leaving fingerprints or other oily smears on the record playing surface.
Such deposits tend to cause dust and lint to stick to the record surface and
work into the grooves where it is difficult to remove, '

A word about the effect of dirt and dust on test records should empha-
size the necessity for keeping records as clean as possible., In general, the

usually brushedaside by the stylus as the record is played. Serious noise
in the form of clicks or "static" will result, however, if a dusty record is
scuffed or rubbed against another record or against an envelope with some
pressure applied. Microscopic particles have become imbedded in the record
compound or have scratched the groove walls sufficiently to form slight pro-
Jections or holes which cause noise. Once a record has been damaged in this
manner, no amount of cleaning will restore its original quiet reproduction.

If a record collects a film of dust or dirt, it should be thoroughly
cleaned before playing or storing, In cleaning, it is desirable to use a
soft cloth which has been dipped in a.dilute room temperature solution of a
saapless detergent such as "Dreft", "Tide", "Vel", etc. Such solutions
should be kept away from the record label, If a detergent solution is not
readily available, use a soft cloth which has been dampened with plain cool
water,

Under certain temperature and humidity conditions, records will acquire
relatively high charges of static electricity while being removed from en-
velopes, slipped on a turntable, or wiped with a brush or dry cloth. Such
charges make the records much more likely to pick up harmful dust and dirt,
If left alone, the charge will gradually dissipate into the air, but as
pointed out earlier, the accumulated dust may cawse considerable damage to
the records in the meantime. The static charge may be removed by wiping the



TRANSACTIONS OF THE IRE-~-PGA b= PGA-8 JULY, 1952

the record surface with a damp cloth, but this will not prevent the build-up
of a charge the next time the record is used. Use of the soapless detergents
in cleaning records leaves an invisible film on the surface which has a de-
finite antistatic effect for & short period of time. For a more lasting, but
not necessarily permanent effect, any of the currently available antistatic
preparations for disc records may be used.

Record grooves are exitremely accurately prepared surfaces which must be
maintained in their original condition if the highest fidelity of reproduc-
tion is to be obtained. In cleaning records, therefore, it is essential to
use care in rubbing or wiping the surfaces so that the grooves will not be
scratched or scuffed. All wiping should be in the direction of the grooves
and not across the grooves. Rough brushes, dusty cloths, or excess:we pres-—
sure in wiping may all produce serious scratches,

Records should never be cleaned with alcohol, naphtha, or other house-
hold cleaning flulds. Many of these cleaning materials will dissolve some of
the record surface. The record cannot be damaged by cool water, as recommen-
ded above.

Record Wear

Even with the best of care, test records eventually wear out in usage.
While an exact analysis of the causes of wear is not possible, it is evident
that dust particles are one of the leading factors. It is not difficult to
envision a gouge or tear in a groove wall which was started by a dust part-
icle between groove wall and stylus, and which is spread and extended by sub-
sequent passages of the stylus.

Actual plastic flow of the record material is, in some cases, a cause of
record wear. The mechanical stresses to which the groove wall is subjected
by the stylus may be sufficient to deform the modulations and produce a dis-
torted signal. On test records, this is most likely to occur on the high
frequency bands, B

In some cases, the friction between stylus and groove wall develops suf-
ficient heat to allow roughening and tearing of the surface film of plastic.
This is not likely to be an important factor in test record wear, however. I
It becomes important only in the case of heavy pickups.

A fourth cause of record wear is the chipping away (failure in shear) of
portions of the groove wall. This seldom happens in the case of flexible .
vinyl records, but is the primary cause of wear on rigid "shellac type" pres—
sings. The dust developed on such records offers visible evidence that ma-
terial has been bodily removed from the groove. :

The symptoms of wear are: (a) an increase in background noise; (b) an
increase in distortion; (c) a change (it may be either an increase or a de-
crease) in output. These symptoms can best be detected by comparison of the
suspected record with a new pressing of the same record. It is desirable
that test records in routine use be inspected in this manner at regular in-
tervals so that pressings which have changed sufficiently from their original
characteristics as to be no longer useful may be discarded and replaced.
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. Tt should be noted that mere storage does not change the characteristics
of a test record. Thus a record well stored for two or three years may still
be a "new pressing" so far as its usefulness in measuring is concerned.

HHEEEEEREHEEEEEERRENNE

REPORT ON FOURTH SOUTHWESTERN IRE CONFERENCE*

R.M, BrO'ngher
Houston Section IRE
Houston, Texas

The fourth Southwestern IRE Conference held in Houston, Texas, May 16-17,
was finally here (after nine months of labor) and activities began with open-
ing remarks by Gerald K. Miller, General Conference Chairman, a notice of wel-
come by Sidney A. Martin, Chairman of the Houston Section, a keynote address
by Dr. Donald B, Sinclair, President of the IRE.

Following the presentation of student papers from Rice Institute and the
University of Houston, there were technical sessions on Instrumentation and
Geophysics, Communication and Navigation, Components, Broadcast and TV, Audio
and Instrumentation, and Microwave Communications with a total of thirty-one.
papers presented.

The Audio session included the following papers and was held under the
guidance of Lewis B, Erath as Technical Chairman:

"Microphone Directivity", by B.B. Bauer, Shure Brothers, Inc.

"Recent Development in Magnetic Tape Recording", by Harrison Jolmson,
Ampex Electric Corporation.

"Ionic Loudspeakers', by J.C. Axtell, Soutlwest Research Institute.

"New Developments in Loudspeaker Design", by Frank H. McIntosh, McIntosh
Engineering Laboratories.

"Sub-Audio Time Delay Circuit", by C.D. Morrill, Goodyear Aircraft Cor-
poration. .

Other papers of particular interest to PGA members were "An Audio Cir-
cuit with Splatter Suppression", by John Reinartz, Eitel-McCullough Inc., and
"Mechanical and Electrical Design Considerations in Speech Input Systems of
the Highest Fidelity", by Norbert L. Jochem, Gates Radio Company.

Many exhibitors contributed to the success of the conference, and the
items displayed were far too numerous to mention. However, some of the audio
items of particular interest were the following: ‘

The Gulf Coast Flectronics demonstration room included a wide variety of
standard high fidelity components, some of the newer items being custom built
exponential horns and cabinets, the Stevens 500D direct drive amplifier used
with the 500-ohm woofer and tweeter speakers mounted in a Klipsch cabinet, a
laboratory model of the McIntosh speaker system, the Grommes preamplifier,
Magnecorder equipment including the binaural, and ample supply of good demon-—

¥ Received Moy 26, 1952.



TRANSACTIONS OF THE IRE-PGA -3~ ‘PGA-8 JULY, 1952

stration tapes and records, all set up for comparafiv?'e listening.

, The Sound Sales and Engineering Company demonstration room included RCA

sound equipment, custom built consoles for schools and industrial uses, inter-
commnication and paging equipment, and a demonstration of television pro-
jected on a 6~ x 8-foot screen.

In the Ampex Electric Corporation booth was a multichannel tape  recorder
with demonstrations of AM and ™M recording of geophysical data. .

The Gates Radio Company demonstration room included their own transcrip-
tion tables, the new line of plug-in amplifiers, a dual channel consolé, and
numerous other components such as Ampex, Magnecorder, the Magnecordette, Gar-
rard changers, Partridge transformers, Gray pickups, KT-66 tubes s Jensen
speakers and enclosures.

Other articles of interest such as ADC transformers, Clarkstan equipment,
Permoflux speakers, Radio Craftsman units, Concertone recorders, Browning tu-
ners, Triad transformers, Webster Teletalk equipment, Rekocut turntables, Pic-
kering and Audak cartridges, University speakers, MB vibration pickups, minia-
ture components, and practically all makes of test equipment were on display
by the various exhibitors along with TV, mstrumenta'blon, industrial, commni-
cation, and component items.

During the conference it was noticed that Dr. William N. Rust, Jr., Di-
rector of Region 6, was quite busy shaking hands and chatting with his many
acquaintances. Mr. William C. Copp, with his attractive IRE booth and full
of wit and humor (as is usual) passed out good advice, applications for mem=
bership in the IRE, information regarding the Professional Groups, and even
sold Don Sinclair an emblem. By the way, during Dr. Sinclair's stay in Hous-
ton, he was declared a naturalized citizen of the Empire of Texas, was given
a certificate to prove it, and was awarded a Texas hat. Conversations over-
heard included one in which Frank McIntosh was encouraged either to make his
transformers available (you can get one now with each amplifier) or to pro-
duce a kit for the people who like to say, "I built this",

The conference closed with a banquet address by Commander T.A.M. Craven
of Washington on "TV Spectrum Allocations", Cash awards of $25.00 for first
place, $15.00 for second place, and paid-up Associate memberships in the IRE
for both were given for the two best student papers. The following newly
elected officers of the Houston Section were announced: Harvey T. Wheeler, -
Chaiman; Karl O. Heintz, Vice-Chairman; James K. Hallenburg, Secretary;
+Floyd S. Phillips, Treasurer.

A1l of us look forward to another successful Region 6 Conference planned
for San Antonio, Texas, in February, 1953.
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PGA PEOPLE

EDMOND GRANGER DYETT, R,

Born March 30, 1928, in Guatemala, C.A. Attended elementary and high
School in New York state, Trip winner in Westinghouse Science Talent Search
and Valedictorian of seniop class, 194,

Attenﬁed Massachusetts Institute of Technology, l9hh-l9h7, majoring in
Physics and Acoustics, Received B.S. in Physics in 1947,

Employed as Research Technician by M.I.T. Acoustics Laboratory during
Summer of 1947 and Joined Hermon Hosmer Scott, Inec., Cambridge, Mass. as De-
velopment Engineer in faly of 1947, At present, heading the Production and

Joined the Institute of Radio Igineers in 1948 and assisted in formation
of the Audio Chapter in Boston in 1949, Served as Vice~Chairman of this Chap-
ter in 1950-1951 and as Chairman in 1951~1952,

Business address; Hermon Hosmer Scott, Ine,
385 Putnam Avenue
Cambridge 39, Mass,

Home addresss 28 Prince Street
West Newton 65, Mass.
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MICROPHONE DIRECTIVITY*

Benjamin B. Bauer
Shure Brothers, Inc., Chicago, Illinois

The auditory habits of humans are dependent to a great extent upon the
experience of binaural hearing, which, aided by eyesight, helps us to
localize and concentrate upon the desired sources of sound. One is
compelled unconsciously to transfer this experience to the microphone --
but this often leads to disappointing results. A conventional " presoure
microphone is a monaural device and what it perceives can be roughly.
approximated by plugging up one ear and closing both eyes. When this is -
done, the desired sounds are often lost amidst the surrounding noise.

To aid with the pickup of the desired sounds, directional mlcrophones have
been developed which favor sounds arriving from certain directions. These
directional microphones serve partially to overcome the handicap of the
monaural system by permitting us to concentrate upon the desired sounds
and Yo reject undesired sounds. In this paper, we propose to review
microphone dlrectivity and the utilization of directional microphones --
in the light of reuent developments.

The choice of a microphone by the purchaser depends upon several factors --
technical, financial, and aesthetic; an important consideration is the

mode of the moment. At this writing, the "new look" in microphone

fashions is the elongated miniature microphone. Unfortunately, as is
often the way with fashions, the choice of the mode of the moment does

not necessarily indicate compliance with sound .physical principles.
Disregard of directional properties of miniature microphones has led many
users to disappointing results. It is well to remember, therefore, that
while miniaturization "per-se" is not bad, it is not good -- unless
directional properties are kept in the foreground.

DIRECTIONAL PROPERTIES

To review the directional performance of pressure microphones, Fig. la
shows the polfr patterns of the A.S5.A. Standard Type L microphone and
preamplifier.” This microphone was introduced by the Bell Telephone
Laboratories during the early part of World War II as a laboratory sound
pressure standard. It is the forerunner of all present-day omnidirectional
"miniature" microphones, and shares with them its directional properties.
Only one surface of the diaphragm is exposed to sounds, and, therefore,
the directional properties are dependent solely upon the. ability of sound
pressure to reach the diaphragm front. The diameter of the microphone is
only 0.936 inches, and sound pressure from all directions can reach it
very well indeed. As a reoult of this small diameter, this microphone is
quite non-directional, or "omnidirectional". The dlrect1v1ty patterns

at 250 and 1000 cps do not deviate from a perfect circle by more than

1/2 db. At L4000 cps, the response begins to drop from the side and the
rear; nevertheless, it is still within 3 db of being uniform. It is

*Presented at the Southwe.tern IRE Conference, May 17, 1952, in Houston,
Texas.
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evident that this type microphone will receive all sounds about equally,
whether they arrive directly from the performer, from the audience, or
after reflection from the room boundaries. The type of performance
exhibited by an omnidirectional microphone is desirable in certain appli-
cations -~ such as the measurement of sound level or intensity of noise,
or in orchestral pickup in an acoustically "dead" studio where it may be
desired to retain the maximum of remaining reverberant quality. However,
sound engineers have discovered that omnidirectional pickup does not
provide sufficient control over undesired sounds. This accounts for the
continued popularity of the earlier type semi-directional microphones in
many broadcasting and communications applications.

The polar patterns of a typical semi-directional microphone are shown in
Fig. 1b. Sounds with frequency of 250 cps and below are received by the
microphone with almost complete uniformity; however, beginning with 1000 cps
and above there is considerable directivity. This directivity is caused
solely by the diffractions of sound around the microphone case when the wave-
length 1s comparable to, or smaller than the dimensions of the case, and,
therefore, directivity increases with frequency. At 4000 cps, for example,
directivity is very pronounced. Semi-directional microphones are useful in
separating high frequency noises, such as applause, footsteps, etc. from
the voice of the commentator. Several manufacturers have provided snap-on
"directional baffles" for small pressure microphones to increase their
directivity.

Advances in. broadcasting and public address techniques demanded an
increasingly greater control over reverberation. Therefore, new means
had to be discovered to improve directivity of microphones at low fre-
quency without a corresponding increase in size. The earliest of the
successful attempts in this direction yas the invention of the velocity
microphone by Dr. Harry Olson in 1932.  Velocity microphones owe their
directivity to the "gradient" of sound pressure, that is, to the space-
rate change of sound pressure in the direction of propagation. Many
improvements have been made in their design during the past two decades;
however, the basic operating principles have remained unchanged.

To review these principles briefly, a gradient-operated microphone is
shown in schematic cross section in Fig. 2. The unit has two elongated
pole pieces which provide an intense magnetic field, and a thin aluminum
ribbon, free to float back-and-forth in this field as a result of the
difference of sound pressures at its sides. We define a distance d,

which represents the equivalent distance of sound travel between the front
and the back of the ribbon when arriving from a 0° or frontal direction.
To the first approximation, this distance may be assumed to be equal to
the shortest air path from the center of one side of the ribbor to the
other. As the sound travels from right to left, the pressure at the

back pp will be delayed, or lag behind the pressure at the front p; by

the time interval d/Cv, where Cv is the velocity of sound. This interval
corresponds to a phase angle equal to 2nfd/CV radians, where f 1s the
frequency. If the sound arrives from an angle 9, the effective difference
in paths equals d cos @, and the phase shift angle is correspondingly
decreased. When © = 90°, the time of arrival at the front and the back

is identical, resulting in equal and opposite pressures, l.e., no output
from the microphone. :
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In graphical form, the pressure relationship is shown by the vector diaphragm,
where, for the zero degree incidence, p,(0°) and p, are separated by the

angle and/cv. For other angles of incidence ~-- cﬁoosing P» as reference
vector -- p, will move along the dashed arc in accordance with the cosine

law. The resultant R will diminish as the angle @ increases until it will
vanish at the 90° incidence. Thereupon, there is a phase reversal and the
resultant increases to a negative maximum at 180°. The output of the
microphone is proportional to the magnitude of this resultant pressure
difference. Plotting this resultant in polar coordinates, the typical
figure-8 polar pattern is obtained.

Despite the many valuable characteristics of gradient microphones,'often
a microphone 1s desired which 1s unidirectional or most sensitive to
sounds arriving from one direc¢tion. Thils property can be obtained in
more than one way. We shall describe, however, the way which 1s used
today morg than any other, and which employs acoustical phase shift
networks.

A phase shift microphone is shown in schematic cross section in Fig. 3.

For a 0° incidence, let the sound travel from right to left and impinge
upon the diaphragm with a pressure p;(0). The sound travels an additional
distance d before reaching the rear entrance ports; therefore, the pressure
po at these ports 1s delayed by the interval d/Cv, corresponding to a phase
shift enfd/Cv radians. To this point, the operation is identical with that
of the gradient microphone. However, in ccntrast with the gradient operated
structure, a new element is now introduced, in the form of an acoustical
phase shift network shown schematically by the doubly cross-hatched section.
This network is designed to shift the phase of sound entering the port, so
that the pressure p; acting internally upon the diaphragm will be of the
same magnitude as pp but shifted in phase by an angle m(2nfd/cv); There-
fore, the two phase angles are related by the constant of proportionality m.

If sound proceeds from a direction O, the effective distance between the
front of the diaphragm and the rear entrance ports becomes 4 cos @, corres-
ponding to a phase shift (and/cv) cos ©@. Again choosing p, as a fixed
reference vector, the vector pl(Q) will shift along the dasﬁed arc in accor-
dance with the cosine law curve at right. The resultant pressure upon the
diaphragm 1s the difference between p;(0) and p3. Complete cancellation
will not occur at 90° but rather at some angle between 90° and 180°, when
vectors p,(0) and p, become coincident. As the source of sound keeps
rotating around the“microphone, the phase of the resultant force is reversed
and rises to a negative maximum at the 180° incidence. The magnitude of R
plotted against the angle O in polar coordinates produces the familiar gra
of a limagon defined by the equation F(@) = (1 - k) + k cos 9. Here, k is
the quotient of the maximum phase shift angle due to the external gradient
divided by the maximum total phase shift angle, and it is given by the equation:

k =1/(1 + m) (1)

For the special case where m = 1, i.e., the internal phase shift is equel
in magnitude to the maximum external phase shift, k = 1/2, and the polar’
pattern 1s that of a cardioid.

One should keep in mind that the external phase shift varies directly
with the frequency. Therefore, the internal phase shift must also increase
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with frequency to maintain the directional pattern at all frequencies. To
fulfill this condition, the phase shift network is designed to provide an
internal phase shift which is proportional to frequency throughout the
important working range of the instrument. The theory of phase shift net-
work design for use with unidirectional microphones has been described
elsewhered and need not be restated for the purposes of this paper.

SMALL DIRECTIONAL MICROPHONES

In Fig. 4 is shown a small gradient type element. The magnetic structure
consists of a soldered assembly of two Alnico magnets, two soft iron pole
pieces, and a ribbon mounting frame. The assembly is 2-1/2 inches long,
7/8 inch wide, and 1/2 inch deep. The ribbon element is approximately

1 inch long, 1/16 inch wide, and 0.0001 inch thick, and it is suspended

in the air gap so that it is free to move to-and-fro with a clearance of
approximately 0.003 inch at either side. The ribbon is suitably insulated
from the frame, and the electrical connections are made to the terminals
at either end. To protect the ribbon from dust, a fine mesh screen is
installed at both sides, before magnetizing. The unit is mounted in the
case shown in Fig. 5. Access to both sides of the ribbon is achieved
through perforated metal grilles. The lower part of the case contains the -
low impedance-to-line transformer, and a switch for selecting either the
low, medium, or high impedance winding. The case is mounted on a cable ~
connector shell through a rubber bushing. The shell contains & frequency
modifying choke and a voice-music switch.

A relatively, small unidirectional phase shift microphone cartridge is shown
.gectionalized in Fig. 6. The front of the diaphragm is freely exposed to
sound. After travelling around the pole piece, the pressure enters through
the slit formed by the voice coil and the bobbin, which is part of the phase
shift network, into the chamber at the rear of the diephregm, and thereupon
it 1s by-passed through the acoustical screens into the immer volume of the
magnet end into the rear chamber. An appropriate choice of agoustical
constants of the slits, screens and volumes produces a phase shift propor-
tional to frequency throughout the useful frequency range of the network.
The polar pattern is a cardioid at all important frequencies.

The unit. is approximately 1-5/8 inches square and 2-1/U4 inches long. It is
mounted in the case shown in Fig. 7 with the front removed using elastic
rubber mounts. The multi-impedance voice coil-to-line transformer is
located below the unit and the switch is conveniently accessible at the
rear base portion. The profile of the case as seen by the audience is
approximately 2 inches wide. The case is 3 inches deep, and is attached -
to a stand type connector similar to the previous model.

IMPLICATIONS OF DIRECTIVITY

The ability of a directional microphone to favor reception of Erontal
sounds is described by a number called the Directivity Factor. This term
is defined as the ratio between the power transmitted by the -microphone
owing to frontal sound and the power transmitted owing to random’ sounds of
equal intensity. The method employed to determine the Directivity Factor
can be made clear by reference to Fig. 8. Let the sounds from the per-
former impinge directly upon the front of the microphone and note the
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power output. Next, remove the direct sound and let the nolses and other
undesired sounds, as from excessive reverberation, etc. fall upon the
microphone, from all directions at random but with the same average
intensity as before. What is the power output,édue to the undesired sounds?
In the case of the omnidirectional microphone, the answer is simple. The
microphone being'equally sensitive in all directiomns, the output due to

the noise is the same as that due to the desired sounds. Therefore, the
Directivity Factor is unity. This is precisély why ommidirectional micro-
phones are useful in the measurement of ambient noise.

In the case of a directional microphone, the answer is a bit more com-
plicated. Assume -an lmaginary sphere of unit radius around the micro-
phone. The area of this sphere is known to be Ux. The area of a zone
located at an angle © from the axis of symmetry and having a width 4o

is 2x sin © d6. All directions of sound arrival being equally probable,
the fractional contribution to the average intensity by sounds transmitted
through this area is (2n sin © d9)/4x. If the fractional angular voltage
response of the microphone is given by the function F(e), then the
fractional angular power response is given by the function F<(9). The
fractional contribution to the total powsr output due to sounds penetrating
through this annular area will then be F<(9) (2x sin @ d0)/Un, and the
total power output  from the microphone in terms of the normal incidence
power can be obtained by integrating this expression from 0° to n. The
Directivity Factor is the reciprocal of this integral, and it is given,
therefore, by the equation:

D.F. = 2/§ F(0) sin 0 a0 (2).

This equation is applicable only to microphones which have an axis of
symnetry coincident with the direction of maximum sensitivity, which is
the case with the Limagon family of directivity patterns. The Directivity
Factor for the Limacon family is shown in Fig. 9, in terms of k, the
fractional contribution of the gradient component as given in Eq. 1. At
both extremes are shown the parents of the family, the pressure pattern
(circle) with a Directivity Factor equal to 1, and the gradient (cosine

or figure-8) pattern, with a Directivity Factor equal to 3. Mixed in equal
contributions, for k = 0.5 is the cardioid, also with a Directivity Factor
equal to _3; and two other recognized members of the family, the hyper-
Sardioid® for k = 0.75, which _has the highest Directivity Factor equal

to 4, and the super-cardioid,7 the most unidirectional member of the
family, with practically nil response at the rear and with a Directivity
Factor of 3.75. It is evident that all microphones with polar patterns
from the cardioid to the gradient are highly effective in favoring sounds
on the axis against sounds arriving from random directions. The choice
between them depends upon operational conditions and the acoustic con-
figuration.

A most useful corollary of the Directivity Factor graph is a deduction of"
the distance from the performer to the microphone for equal signal-to-random
noise ratio. - This we call a "Distance Factor". The sound energy density
roughly varies inversely with the square of the distance from the mouth of
the performer. Therefore, the Distance Factor is the square root of the
Directivity Factor. The Distance Factor for the Limagon famlily is also
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plotted in Fig. 9. It is seen that.for equal signal-to-noise ratio, micro-
phones having directional characteristics from cardioid to gradient may be
used at distances from the performer between 73% and 100% greater than is
possible with the omnidirectional microphones. Formerly, the Distance
Factor was considered to have & bearinhg principally upon the freedom of,
motion of a performer in front of the microphone. It is now known, however,
that this factor has an important bearing upon the unobtrusiveness of
microphones. ' '

UNOBTRUSIVENESS OF MICROPHONES

We shall attempt to answer the question: "How unobtrusive is a miniature-.
microphone?"” At first, this gquestion sounds trite. However, consider the
following query: Will a l-inch diameter microphone placed at 1 foot from
the performer partially hide his face for a greater portion of the audience
than a 2-inch diameter microphone placed at 2 feet? When put in this
‘fashion, the question takes on a different aspect. The geometry of this
situdtion is shown in Fig. 10. The large circle represents the head, and
the small circle, the microphone. It is evident that all persons in the
audience located within the angle ¥ will see the microphone in front of

all or 'a portion of the face of the performer. This will not be the case
for those outside the angle ¥. The geometry of this situation is identical
with that of a solar eclipse where ¥ is the angle of the penumbra. ¥ is
given by the equation sin ¥/2 = (a +.b)/(a + b + 2D), D being the distance
between the two bodies and a and b‘'the diameters of the bodies. Assuming

a head with average dlameters of 7 inches, families of curves have been drawn
in Fig. 10 showing the angle of the penumbra as a function of distance for
microphones of various diameters. These curves bring out interesting

facts: An omnidirectional microphone with a diameter of 1 inch placed

at 10 inches from the performer will partially obstruct the view of the
audience seated within an included angle of 34°. If the microphone could
be reduced down to nothing so that only the stand tubing were to .remain,

the view of a 30° segment of the audience still would be obstructed.
However, if the same l-inch microphone, by virtue of being endowed with
directional propertles, could be moved out to a distance of 17 to 20 inches,
the view of only a 21° segment of the audience would be obstructed. A
relatively large microphone of 3-inch diameter at the greater distance will
impede the view of only a 25° segment of the audience, which is considerably
less than will be caused by the small microphone placed at 10 inches.

Similar results are obtained by repeating this analysis for various
distances from the performer. It will be seen in every.case that a small
omnidirectional microphone cbstructs the view of a greater segment of ‘the
audience than a considerably larger microphone with cardioid or cosine
"characteristics. Therefore, for minimum obtrusiveness, microphones which
are directional as well as small are needed.

CONCLUSIONS

Let us summarize our findings and state some conclusions. The trend
toward miniaturization is definitely good. Miniature ommidirectional
microphones have many virtues. They are useful for noise measurement
purposes. When small and light they can be easily worn on the lapel of
the speaker. They are useful for round table discussions, for orchestral
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sound pickup and similar.applications in relatively "dead" studios where it
is desired to preserve all the available réverberation. Semi directional
microphones are valuable for general amnnounce purposes, and commentary in
sports and public events where it is desirable to create the general
presence of ‘the crowd, and yet to decrease some of the higk frequency
background noises. Directional microphones are indicated when-it is
desired to greatly reduce ambient noise, emphasize or de-emphasize certain
instruments in an orchestra, control feedback in public address systems,
reduce reverberation and hangover in live studios, and permit the performer
to stand at a greater distance from the microphone. Unobtrusiveness of
microphones is also improved by directional properties. The choice of
pattern will depend upon the source and location of reflections and
undesired sounds, as well as upon the experience and preference of the
users..
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Fige 1 ‘- (a) Polar patterns of an omnidirectional microphone;
(b) Polar patterns of a semidirectional microphones -
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A small gradient type element. Miniature gradient microphone.
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IONIC LOUDSPEAKERS#*

James C, Axtell
Southwest Research Institute
San Antonio, Texas

The conventional audio reproduction system has for years consisted of an
audio amplifier driving a diaphragm loudspeaker. The loudspeaker has, on oc-
casion, been connected to a horn in order to give more efficient coupling to
the air, but the diaphragm mechanism has been used almost exclusively, It is
clear that any system which may be proposed to either supplement or complement
this time-proven method must either eliminate some of the associated acousti-
cal problems, or be far less expensive to construct. It is the purpose of
this paper to present a system which certainly offers promise of meeting the
first requirement, and may eventually meet the second. This system has been
devised largely through the intensive efforts of Dr. Siegfried Klein of Paris,
France, who conceived the idea in the early 1940's, and through whose research
the present form of the device was evolved,

Some years ago, while studying the characteristics of radioactive mater-
ials, Dr. Klein constructed an equipment, diagrammed in Fig. 1, for the mea-
surement of the ionization produced by the incidence of fast charged particles
on various gases. The contemporary theory at that time predicted that the
current flowing between the electrodes should be a defined function of the
electrode separation, the amount of radioactive material, and the gas charac-
teristics.l

When the experimental data had been gathered, an wmexpected phenomenon
was evident. The currents measured were far greater than those predicted.
These were quickly explained away when it was suggested that the electrons
created by the initial bombardment were being accelerated by the collector
field and were effecting further ionization. The cascade effect was thus
proposed to explain the newly observed characteristic.

Now, it is well known that the total ionization produced by a fast charg-
ed particle is essentially independent of the density of the medium being
traversed, but is rather very nearly constant.? However, since Dr. Klein's
device had exhibited effects not ascribable to the primary ionization of the
theory, there was reason to suspect the validity of the density effect as
well, An obvious method of test was, of course, to change the gas pressure
in the system, thus altering the density of the gas, which is precisely what
was done. Much to the surprise of the experimenter, very small changes in
pressure resulted in relatively large changes in the system current. It is
now supposed that the effect of the density (or pressure) change upon the
collector current was brought about by the change of mean free path of the
primary ions; when a reduction in pressure, resulting in an increase in free
path, reduced the number of secondary ions released during the primary ion
transit time,

Having been well schooled in acoustics, Dr, Klein immediately recognized
that the pressure variations in a sound wave were of such a magnitude that

#* Manuscripl received June 5, 1952,
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they should be effective in modulating the system current. Tests rapidly
proved, unfortunately, that the current changes produced were too small to
be of value, since the random noise in the system had a very high level, and
as a result, the signal-to-noise ratio was far too small.

Reasoning that the primary source of noise lay in the source of ioniza-
tion, Dr. Klein endeavored to devise a means of producing at once a heavier
jon current and a reduced noise level, His acquaintance with Richardson's
classical work on positive ion emission from incandescent %etal surfaces led
to the construction of the equipment diagrammed in Fig. 2.° The device con~-
structed by Dr. Klein consisted of a platinized metal cylinder, heated inter-
nally, situated coaxially with a cylindrical collector electrode, the plati-
nized cylinder being maintained at a positive potential with respect to the
collector. Early models were coated with electrolytically deposited platinum
black which was known to emit positive ions when heated. The susceptibility
of such surfaces to "poisoning" led to the incorporation of modified mater-
ials, the most successful of which was a proprietary mixture of precipitated
platinum, precipitated iridium, aluminum phosphate, and graphite. The pro-
portions used were entirely empirical, and no explanation has been found for
the inclusion of the auxiliary materials other than that they seem to result
in greater surface area for the platinum. The formula exhibits the peculiar
property of being very resistant to "poisoning".

Properly energized, the platinized cylinder was found to emit very heavy
ion currents — currents of the order of 4 microamperes per mm? of active
surface.t When it is realized that the projected surface area corresponding
to the active area is a small fraction of a square millimeter, the ion cur-
rents emitted from a small projected surface can be quite large. Furthermore,
the noise level was found to be no. higher than that exhibited by the first
model, which produced much smaller ion currents. The sensitivity to pressure
change exhibited by the first model was also observed in this unit, but in a
much greater degree. It was suggested that the pressure effect was more pro-
nounced because of the greatly enhanced ionization.

Properly coupled, the device seemed to work as a fairly good microphone.
It was entirely reasonable to expect that it should also function as an a-
coustic generator. In order to determine the walidity of the prediction, the
electrical connections were modified to the extent that the voltage applied
between the emitter and the.connector was made variable at a rate correspond-
ing to audio frequencies. When tested, the unit emitted an audio signal, but
the level was just above the audible threshold. It thus appears, on first
examination, that the device does not obey the reciprocity law, as its sensi-
tivity as a microphone has been found to be considerable. That this conclu-
sion may be in error is evident, however, for the efficiency of coupling to

the outside medium is very low because of the bad acoustic geometry of the
device.

An extended effort was made to determine the validity of the reciprocity
law for the device, and eventually it was found that reciprocity did hold,
after all., In the course of the investigations, the element was introduced
into one end of a conical cavity, and it was noted that the coupling was much
improved. Extrapolation of the experimental cavity to an exponential horn
was an obvious step,
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Up to this point, no effort had been made to direct the investigation to
the production of a unit suitable for commerce, as the only major interest to
this time had been the source itself. The device appeared sufficiently pro-
mising by this time that Dr. Klein decided to develop the acoustic generator
as a separate device. However, the experimental design was not particularly
good acoustically, and certainly was not conveniently constructed, so that
modifications in the design were undertaken,

It is not clear what the next step in Dr. Klein's development was, for
no records have been made available to the author. It is known that some
years of intermediate research were needed to bridge the gap between the old
and the new models of the device. It is also known that the hairpin heated
emitter was discarded for a system utilizing radio~frequency heating, though
the platinum compound emitting agent was retained.

In lieu of a chronology, the following explanation is offered. It has
long been known that the high-voltage dec corona %n air was accompanied by
heavy ion densities in the region of the corona.” Anyone who has experiment—
ed with such corona discharges also knows that the emission is accompanied by
considerable noise, usually of very high audio frequencies. It was thus ap-
parent that the use of dc corona discharges would not accomplish the desired
end. However, the noise level is considerably reduced by the use of high RF
voltages, as anyone acquainted with RF arc discharges can confirm.

Now, one of the unusual characteristics of the radio-~frequency discharge
in air is the fact that only one. electrode need be energized to produce the
arc flame. Since the excitation is primarily a capacitance effect, the earth
serves ‘as the second electrode, without direct coupling. However, the asym-
metric ground plane resulting from the use of the earth causes nonuniformities
in the arc flame which make its application to this problem complicated.

Early in 1950, Dr. Klein constructed the instrument diagrammed in Fig.
3.6 The operation of the device can be described as essentially a modulated
corona discharge located in the throat of a horn. The inclusion of the horn
is, of course, necessary if the small frontal area of the sound source is to
be coupled to the air with any degree of efficiency. It will be noticed that
the device ¢onsists of a platinized cylindrical surface projecting into the .
throat of a small horn, a re-entrant cavity containing a solid electrode,
most conveniently made of platinum and entirely surrounded by a vacuum jack-
et, The inclusion of the individual elements was dictated by considerable
investigation of the system characteristics. - It was found that the platinized
cylindrical surface provided an excellent source of the ions needed to main-
tain a stable corona discharge, while the dielectric heating produced by the
radial field between the re—entrant solid electrode and the cylindrical ground
surface was sufficient to raise the platinized surface to the emitting tem-—
perature, provided the system was thermally insulated by the surrounding va-
cuum jacket., It has been found that the vacuum jacket is not an absolute ne-
cessity, but the demands of efficiency dictate that it be retained, for its
omission requires that considerably more energy be fed to the corona to main-
tain stability. The associated electronic driving gear was of conventional
design, and incorporated no special circuits or components.

It is to be noted that the entire working unit was constructed of fused
quartz, a very difficult medium out of which to fabricate anything so compli-
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cated as the unit pictured. Unfortunately, no other material has been found
suitable because of the stringent requirements placed upon the construction
" medium. A measurement of the temperatures involved shows that the surface
temperature of the platinized surface is of the order of 1,0000 C, while the
inner surface of the vacuum jacket is several hundred degrees cooler., It is
known that certain glasses will withstand the thermal stresses inveolved, and
several experimental units have been constructed. However, none were satis-
factory because of the tendency for glasses containing metal salts to become
conducting at elevated temperatures. It was found that so long-as the glass
units were cooled, they performed properly, although poorly. However, upon
allowing the inner jackets t¢ assume equilibrium temperatures, the corona
flame became erratic and the glass was very quickly punctured, which destroy-
ed the entire unit. Pure fused quartz, on the other hand, appears to retain
its insulating properties at the temperatures involved, and operation is en-~
tirely satisfactory. ’

Evaluation showed that the unit was quite satisfactory from an operation-
al viewpoint, but is is easily seen that the construction of the device is"
quite complicated. In view of the fact that no one has yet devised a machine
for working fused quartz, the problem was even more acute, for production of
the units involved the location of mumbers of expert quartz workers. Since
the entire globe boasts only a few hundreds of these artisans, it is obvious
that their abilities must be very efficiently utilized. An experienced glass
worker pointed out the fact that the most difficult of the operations involv-
ed in the construction was the insertion of the axially symmetric quartz cy-
linder, and that if this could be elininated, the constructional difficult-
ies would be considerably reduced. '

As a purely experimental attempt to simplify the unit, a modified ver-
sion was constructed, as shown in Fig. 4. The unit is similar to the pre-
viously described device in all respects but one —- the quartz cylinder. The
modified version of the device consists of the fused quartz horn surrounded
by the evacuated jacket with a small platinum sphere located at the origin of
the horn. The platinum lead is made removable to facilitate cleaning and mo-
dification. And, though the principle of operation is much the same as that
of the previously described unit, the appearance of the corona is much dif-
ferent, for, instead of originating over an extended surface, the entire co-
rona now emanates from the surface of the small platinum sphere, as shown in
Fig. 5. As before, the only material found to provide satisfactory operation
has been fused quartz. The operating characteristics of the experimental
unit were so satisfying that Dr. Klein concluded that further research need
only be directed to the designing of commercial units of this type. As a re-
sult, the present form of the device is almost identical to this experimental
unit. BEven now there is a considerable art connected with proper design of
‘the unit, for the greater portion of available design data has been empirical
in nature, so that drastic modifications result only from accidents or intui-
tive concepts. :

The electronic gear associated with the unit is conventional, consisting
of an ordinary audio power amplifier feeding the screen circuit of a conven—
tional push-pull RF oscillator (see Fig. 6). FExperience has shown that proper
operation of the unit demands not less than 10 kv RF at 27 mc, with an average
current of about 2 milliamperes; thus the corona dissipation is of the order
of 20 watts. This power figure should not be construed as a limit, for a num-
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ber of units have beén operated at much lower levels — down to 3 watt, and
others have been driven at 1 kilowatt. The only factor to be remembered is
that optimum efficiency for each average power level demands modified design
characteristics. To eliminate the problems inherent in transmitting such
high RF potentials, the power is fed at low voltage along a coaxial cable
from the oscillator to the driver-transformer located at one end of the trans-
ducer, Here all the elements can be well shielded and hazards are eliminated.

It has been found that none of the operating conditions are critical,
and the only criterion that must bé met is that the conditions must be such
that the corona never extinguishes., This necessitates that the per cent mo-
dulation be kept low, the actual values depending upon the remaining para-
meters. The units have been successfully operated cn RF power with frequen-
cies as low as LOO kc and as high as 75 mc., However, it has been found that,
at low frequencies, the corona is quite noisy, and at high frequencies the
dielectric heating of the quartz walls causes excessive energy loss, The
frequency now used was chosen simply because of the availability of components.

Although the actual mechanism of the operation of the transducer is not
understood, several patterns have been proposed. One explanation which has
met with some favor describes the mechanism as a fluctuating ion cloud. It
is supposed that, since observation shows the length of the corona discharge
to be a function of the applied voltage, the total number of ions in the cor-~
ona is also a function of the applied voltage. However, it is postulated
that the volumetric density of the ion cloud is essentially constant, so that
the effect of a changing voltage is to modify the total volume of the ion
cloud in a manner which closely follows the applied voltage. The alternately
expanding and contracting ion cloud which would result form the application
of a modulated voltage would act as a volumetric piston, causing similar mo-
tion of the air column in the throat of the horn. Evidently, the magnitude
of the voltage excursion would determine the amplitude of the pressure varia-
tion in the air coluwm, and, if the modulation lay in the audio band, it
would also determine the intensity of the sound input.

Thus, the volumetric piston of ions can be supposed to replace the solid
piston or diaphragm of the conventional loudspeaker., However, the substitu-
tion offers numerous advantages, the most important of which is the elimina-
tion of resonances in the driving mechanism. Since the ions making up the .
cloud are almost weightless, the inertia of the cloud to modulation is ex-
tremely small, and may, in most cases, be neglected. Experiment has shown
that the effect of the ion mass does not enter until frequencies of the order
of 1,000 mc are reached, where the energy of the field is, in large part,
converted to excitation of the vibrational states of the gas molecules. How-
ever, acoustic energies at such frequencies are of little value at present,
and cannot be successfully transmitted in gases because of the extreme atten-
uation. In the range from a few cycles up to well above 4O kc, the response
of the transducer faithfully follows the excitation. It is thus evident that
a loudspeaker utilizing the element can be constructed without recourse to
special design characteristics supposed to eliminate or reduce unwanted re-
sponse., It is important, however, as in all audio reproduction equipment,
that the associated electronic gear introduce a minimum of distortion, for
the unit is inherently incapable of correcting these difficulties. 1Ii. should
be evident that the difficulties produced by the nonlinearity of the i;aseous
medium in regions of high intensity levels cannot be eliminated by the use of
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the ionic loudspeaker. However, the distortion introduced into conventional

systems by air loading are notably absent from the audio output of the Iono-
phone.,

Because of the necessity for high voltage operation, it is not likely
that the Ionophone, in its present stage of development, will replace the
conventional loudspeaker. It does, however, offer promise of being an ideal
high fidelity transducer, and in all likelihood, will find considerable ap—
plication in sound systems where high audio levels are desirable, .since few
limitations on the attainable power output exist.
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A NE¥ AUDIO CONTROL CONSOLE FOR TELEVISION AND RADIO™

W, Dean
General Electric Company
Syracuse, New York

In the design of a line of TV studio equipment, a major item is the
audio control console. In this time of different types of broadcast services,
it is desirable that a console should be capable of meeting the operating re-
quirements of both TV and radio without slighting either service.

Today's broadcast engineers want their audio consoles designed and con-
structed in the simplest, most dependable manner. Both TV and radio people
must keep their maintenance costs down. In addition, TV studio operators
would prefer to spend the maximum amount of their time on the picture side of
their operation and not have to bother too much with the audio,

The requirements for radio audio consoles are quite well known. When a-
TV audio console is being designed, many new ideas must be given considera-
tion.

Input Requirements

TV usually requires more mixers, not only because there are added pro-
jector inputs, but because the TV operation is inherently more complicated
and it becomes confused if there is need for .too much 1nput switching during
the program. The wide use of magnetic recording, both in radio and in TV,
also contributes to the need for more inputs.

TV's pre-amp requirements vary greatly. Fewest are needed to do the
master control job, while a TV studio might require a pre-amp for every
mixer, This parallels radio somewhat, but the variations in number of pre-
amps in different TV installations are generally greater. This leads to the
conclusion that some means of installing just the mumber of pre-amps requir-
ed for a given job would be very helpful. This problem may be solved by the
use of plug-in amplifiers, not only for pre-amps, but for all console require-
ments.

Single Versus Dual Outputs

TV also has less need for dual output two-channel consoles because there
‘are fewer dual program originations and multiline feeds. On the other hand,
many TV audio men still like two program channels for greater protection a-
gainst equipment failures and for the greater operating flexibility they per-
mit, especially with regard to auditioning, previewing, and cueing without
tying up the program monitor channel.

The one-versus—two output dilemma may be resolved by including in the
console certain of the second-channel components that will serve a useful
function whether the console is feeding a second phone line or not.

#* Mamscript received June 9, 1952,
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- By using some of the components of the second output channel, it is pos-
sible to obtain submaster control of grouped inputs, and to superimpose this
material on the outgoing program channel. Inputs may also be routed via this
control to a power amplifier feeding a separate speaker in the studio for cue
or accompaniment purposes.

It is most convenient and flexible to have two mixer buses, booster am-
plifiers, and master gain controls included in the basic design. 1In the pre-
sence of these facilities, it is frequently worth while to add the second
line amplifier and VU meter to get full dual outputs.

Remote Facilities

TV remote facilities generally bring the program loop into the audio
console and the order loop or loops direct to the intercom system. Single
line remotes generally are not favored since there is so much traffic during
the show,

Thus, a straight TV console could eliminate remote line talkback, over-
ride, and cue facilities. However, if the console is to be used in radio
service, there will be a demand for the facilities that permit a single loop
to be used for program, order, and cue, In either TV or radio, it is handy
to be able to route incoming lines to either program or telephone circuits,
When separate program and order loops are used, the routing keys may be used
to reverse the lines in case of trouble,

. Talkback

The booth to studio communication in TV goes on during the show, so it
is provided by separate intercom equipment. However, the console may fre-
quently be used for loudspeaker talkback into the studio before the show so
the usual radio type talkback circuits will prove useful for both applica-
tions. With talkback, of course, go the usual speaker and warning-light
relays. ‘

Cabine

Today's audio console should have a cabinet that matches TV studio equip-
ment, for there will be many installations with audio and TV equipment side
by side. Some TV installations and most all those in radio mount the console
by itself so it must function properly and look well under these circumstances,

The audio console is frequently made more useful by the addition of ex-
tra facilities housed in a separate cabinet. Therefore, the basic design
must be such that extension cabinets may easily be added. Examples of extra
facilities include additional mixers, output switching systems, patching fa-
cilities, recording panels, etc,

A New Audio Console Design

The new General Electric Type BC-11-A Audio Console has been planned to
meet these requirements. The design approach started with the turret cabinet
which had been designed to match the General Electric TV studio line. This
cabinet was planned in two lengths, the sherter, 19% inches to take rack
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mounting panels, and the longer cabinet, just twice this length, or 383 inch-
es. This latter size looked attractive. The front pansl size of 38 x 1l in-
ches was found to mount all of the necessary controls easily (see Fig. 1),

Height and depth were investigated aznd found to be adequate for audio
console design (see Fig. 2). Since the input requirements varied so much,
the use of removable amplifiers locked attractive. Since compact, high qual-
ity plug-in amplifiers for preamp, line amp, and monitor amplifier service
were available, methods of mounting were investigated.

It was concluded that an adequate number of GE Type BA-1-I" Preamplifiers
and Type BA-12-C Program/Monitor Amplifiers could be installeéd in the turret,
mounted as shown in Fige. 2. Insertion and removal is accomplished from the
front with the panel hinged down. The cabinet may be mounted against a wall
or window when desired.

Connections

For external connections, plugs similar to those used on the amplifiers
were used. Receptaoles for these are mounted just below those for the ampli-
fiers. Access to the lower row of receptacles may be had through the bottonm
of the cabinet, for external wiring, or through from the front, when the pa-
nel is opened and amplifiers removed.

For the first time, a console is available that offers a control panel
and cabinet with plug-in mounting facilities to take a standard line of plug~
in amplifiers already widely used in rack mounted installations. Of course,
the control panel and cabinet only may be used with the same General Electric
Plug-In Audio Amplifiers mounted remotely in a rack, or the Desk Unit may
operate with any manufacturers rack-mounted amplifiers.

Provision for plug-in external connections makes installation simple,
The cables and plugs may be assembled and wired before the console is avail-~
able. Then installation consists of placing the desk unit over the cable
ducts and plugging the cables in by reaching through the open front. The
amplifiers may then be inserted and the console is ready to go on-the-air.

All receptacles for plug-in amplifiers and external connections are
mourited just a few inches behind the front panel so that they are accessible
for maintenance. This type of construction was also adopted to make it easy
for the user to change the arrangement of receptacles and wiring to suit his:
individual needs. Fig. 3 gives the rear view of the receptacle mounting and
shows the location of all amplifiers and customer connections. There is no
wiring in the back of the turret cabinet,

Provision is made for easy insertion and removal of all plugs on both
amplifiers and external comnections. Amplifier plug insertion is facilitated
by the proximate location of a turned up lip on the amplifier chassis and a
large hole in the top of the receptacle brackets. These devices are located
so as to permit the use of a pair of slip-joint pliers to apply extra inser-
tion pressure where necessary. When extra force is needed to remove an am-
plifier, a screw-driver blade may be used as a wedge between the side of the
recepatcle bracket and the lip on the amplifier. Accesss holes in the mount-
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ing 'shelf permit insertion of a screw=driver blade for easy removal of exter-
nal connection plugse. :

Where there is a demand for external patching facilities for the audio
console, its plug-in amplifiers may be rack mounted adjacent to the jack
field. Connections to the console may be plugged into the amplifier recep-
tacles thus picking up amplifier source and load circuits. This arrangement
of console, amplifiers, and jacks reduces wiring between console and rack by
50 per cent over consoles with special internally mounted amplifiers.

When the amplifiers are retained in the console, they may easily be wir-
ed to external jack fields by making the external connections at the recep—
tacles and at easily installed terminal strips. Instant access to all con—
nections make on-the-job changes very simple.

Audio Circuits

The circuit arrangement of the General Electric Type BC-11-A Audio Con-
sole is shown in Fig. L. The first seven mixers are wired to take preampli-
fiers. All or none of these may be used, as fits the particular installation.
If it should be desirable to use nine input preamplifiers, the extra ones may
be installed in the last two spaces at the opposite end of the cabinet.

These preamps could be wired direct to the mixers or to positions on the #8
and #9 mixer keys.

Ahead of mixers #6 and #7 are telephone keys permitting selection of
projector inputs or turntable preamplifiers. These preamplifiers may be used
for additional studio microphones when reproducer amplification is supplied
elsewhere. That wide input flexibility is provided will be realized from in-
spection of the diagram. ' '

Four telephone key switches are provided ahead of the remote mixer #8
and one switch ahead of the network mixer, #9. Every effort is made to use
standard components and open wiring and assembly so that users can modify the
circuit of the BC—11-A to meet the special requirements that are bound to be
present in almost every station.

In a console with provision for varying input and mixer facilities, some
method of varying the marking must be devised. In this console, the panel
markings for the input key switches and the mixers are covered with trans-—
parent plastic strips. When it is desired to depart from the markings fur-
nished, paper strips marked as desired can be inserted between the plastic
and the panel. '

 Over each mixer is a write-in strip. This is made of satin finish al-
uvmimm and can be written on with pencil or crayon and then erased. These
strips provide a place to mark "piano", "trumpet', etc. over the appropriate
mixers and to change the marking for each show.

Color coded control knobs are also provided to facilitate the operation
of the console. Two blue mixer knobs are associated with the blue handled
turntable/projector selector keys. The red mixer knob is associated with the
four remote red handled key switches, and the white mixer knob with the white
handled network selector key switche”
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Inspecting the program circuit, it will be found that standard design
methods have been followed incorporating a booster amplifier, master gain
control, and line amplifier. This latter has ample power output to feed the
phone lines through the 6~db loss deltawye dividing network without any clip-
ping of peaks, even wnder momentary overload conditions.

The three line outputs may be used as follows: LlA may feed the trans—
mitter through the regular phone line, L1B may feed the transmitter through
spare phone line, and 12 may, when activated, feed another station, a record-
er, or network, etc. To get an output from line 2, a takeoff from the moni-
tor amplifier is provided, or a second line amplifier may be plugged into the
console, In this latter case, full two-channel operation is provided.

For VU meter indication of the program peaks, either one or two VU meters
may be installed. As shipped, the BC-11-A has one VU meter. To add a second
VU meter, a meter similar to the one shipped with the console is obtained.
Then the two meters may be installed using the two-VU meter plate furnished a
as a part of each console. The second VU meter range selector may be a fixed
pad of the desired loss. For instance, if the second VU meter is to run at
+ 1l VU to indicate line peaks of + 8 VU at the output of the 6~db line pad,
then a series resistor of 3,600 ohms ahead of a 10-db 3900/3900 T pad should
feed the meter. This will give the proper loss and provide standard 600-ohm
VU meter impedances of 7,500 ohms across the line and 3,900 ohms feeding the
meter,

The monitor channel may be switched to monitor program output or it may
be used to preview mixer bus #2. This latter bus is provided with a booster
amplifier the same as Bus #l. The output of #2 booster feeds the monitor am-
plifier selector switch and the submaster gain control. This control may be
used to feed mixer bus #2 back into bus #1, thus providing for submaster gain
control of grouped inputs. :

When the BC-11-A Audio Console is equipped with two line amplifiers, the
submaster control becomes channel 2 master gain control for full two~channel
program operation. :

: The output of booster amplifier #2 is brought out for connections to an
external monitor amplifier to feed cue material into the studio when desired.
This studio accompaniment feed can provide recorded music to cue dancers, pro-
vide special effects, etc. By closing the submaster switch, this material
may be superimposed in the regular program. '

The monitor amplifier and program amplifier are both Type BA-12-C Am=
plifiers. These are equipped with Hi-lo gain switch which changes the feed-
back from about 6 db in the Hi gain position (rated gain 71 db) to about 21
db in the Lo gain position (rated gain 56 db), The single line diagram le-
vels were obtained with the program amplifier in Lo gain and the Monitor Am-
plifier in Hi gain position. The program channel distortion rating is kept
within 1 per cent by the use of the full feedback. In the monitor channel,
advantage is taken of the higher gain, yet the distortion rating is under 3
per cent. The 6 db of monitor feedback provides an internal output imped-
ance of the BA-12-C sufficiently low to insure good speaker damping.

Control Circuits
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The first five mixer key switches are provided with a shielded control
section. This is normally wired to the last receptacle on the right end of
the console for use with a plug-in FA-45-A Relay Chassis. This chassis con—
tains two relays for control of speakers or warning lights. It has coils
that operate from 24 V dc or 115 V ac. Power supply for relays must be sup-
plied by the user.

Since the BC-11-A control circuits are not tied down to any particular
types of relays or power supplies, other relay assemblies may be used or the
user may wire in relays of his own choice. Another usable relay assembly is
the GE Type FA-20-A which operates from L8 V de. This is a flat plate chas-
sis which mounts in a wall pull box and controls speakers and light circuits.

There will be many installations where 115 V ac may be used to operate
the relays since the shielded key contacts provide adequetely low cross talk
from 60 cycles except where noise levels must be kept unusuzlly low. When
line voltage supply is used to drive therelays, it should be wired through a
fused isolation transformer.

Another way to eliminate the need for relays and their dec relay supply
is to interrupt the speaker feeds directly on the key contacts. If 16-ohms
impedance or lower, one side grounded, is used, cross talk is again at a to-
lerable low value. To facilitate voice coil impedance connections, the moni-
tor output is equipped to feed 16—, 8-, and 3.2-ohm loads, in addition to 600
ohms. This output may be run balanced or unbalanced, but the latter is re-
commended for speaker cut-off when interrupting only one side of the circuit,
as is done in the BC~1l-A and accessory relays.

RBither the line relay power or direct voice coil circuit switching are
simplifications that may prove satisfactory at many studios. It is not ad-
vised that warning-lamp power be switched directly on the key contacts. The
control contacts on the first "ive mixer keys may be wired by other arrange-
ments to suit a variety of requirements., The philosophy of furnishing stand-
ard components that may be easily rewired to suit local situations has been
followed as much as possible in the design of this console.

Power Supply

The power supply furnished with the BC-11-A is a single Type BP-10-B
plug-in unit, with matching tray Type FA-22-F., This supply may be rack moun-
ted using a GE Type FA-23-A Shelf or it may be mounted in 4 wall cabinet or
in any out—of-the-way place that is convenient to the user. The BP-10-B is
a simple capacitor input filter unit with a stage of LC filter feeding the
load. Two 5Y3 tubes are operated in parallel as full wave rectifiers.

Use of such a simple supply is made possible by the design of the plug-
in amplifiers, each of which will tolerate reasonably high ripple because of
its tertiary feedback hum cancelling circuit. This type of feedback also
minimizes B+ cross talk and motorboating.

The BP-10-B incorporates an output voltage adjusting resistor which may
be set to provide the 300 volts output regardless of the mmber of amplifiers
used in the desk unit. The power supply also provides + 30 volts filament
bias which is needed to minimize “hum output from the tubes,
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The BC~11l-A incorporates a power transfer relay for automatic cut~over
to a second power supply in case of B+ failure in the regular supply. In
this case, two BP-10-B supplies would be used, and could conveniently mount
on one FA-23-A Shelf,

When two program amplifiers are used, the B+ drain exceeds the rating
of one BP-10-B., 1In this case, the second emergency power supply may be used |
to feed program channel 2, as shown in Fig. 5. This arrangement automatically
transfers all preamps to the second power supply in case of trouble in #1
supply. It provides for normal two-channel operation, and complete operatlon
through channel 2 in an emergency.

The General Electric Type BC-11l-A Audio Console can be purchased with or
without amplifiers and power supply. In the latter case, the Type BC-12-A
Desk Unit is specified. With amplifiers it starts as a Model LBC11A7 with
‘one input preamp and ends up as a Model 4BCl1A7 with seven input preamps.

All BC~11-A models also include two BA~1-F booster preamps, two BA-12-C Pro-
gram/Monitor Amplifiers, one BP-10-B Power Supply, and one Tray Type FA-22-F.,
Each component part is complete with one set of tubes,
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Introduc tion

The Phase and Gain Meter described here is a device permitting rapid and
accurate measurement of the phase ghift and gain of an audio amplifier or
other three-terminal networke.

Gain is calculated from measurement of jnput and output volbtages and .
phase 18 determined by vector relations in the inputb, output, and phase-shift
voltage triangle. Simple a.djustments of the meter controls permit both phase
and gain to be read directly from the recalibrated scale of a conventional
vacuum tube voltmetere. Convenience and accuracy are provided by arrangement
of the controls and the ease of adjustmentse

Descrigtion

When gain and phase shift measurements are made on 81 audio amplifier, 2
considerable amount of time is often used in comnecting the equipment and the
process of taking data is long and tediouSe : Vacuum tube voltmenters are used
to measure jnput and output voltages and a cathode-ray oscilloscope is usu-
ally used to jndicate phase shifv. Results of such phase measurements are
1ikely bo be jnaccurate and are difficult to obtain at best. This Fhase and
Gain Meter was constructed to provide greatly jmproved accuracy of phase mea-
surement and greater ease of usee«

As usual, gain 1s determined by measurement of input and output voltages
and calculation of their ratio. often, it is possible to normalize the in-
put to 1,00 volt or some decimal mulbiple of this in which case the signifi-
cant figures in the gain ratio can be read directly in the measured output
voltage. A single yoltmeter is used in this particular device for all mea=
surements, and the different voltages to be measured are chosen by a selector
switch. Once set up, it 18 not necessary to change any connections in the
c.i_rcuit except by use of this selector switche

Phase shifb is de*berniined by a vector triangle method. The input volt-
age is used as 2 reference and a voltage divider (output po‘bentio‘meter is

% Jamuscript Teceived June 9, 952,
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adjusted to provide another voltage equal in magnitude to this input but in
phase coincidence with the output voltage. This normalized output voltage
vector and the input voltage vector must both terminate on a circular locus,
as shom in Fig. l. If the voltage between the normalized "high" potential
input and ocutput terminals is measured, this reading determines the magnitude
of the chord Vy connecting the termini of these two vectors. Thus, by simple
measurements of magnitudes, the angular difference in input and output volt-
ages can be obtained.

It is not necessary to employ any graphical techniques to determine the
magnitude of this phase shift. Inspection of Fig. 1 shows that the perpen-
dicular bisector of this phase voltage vector bisects the angle of phase
shift when input and output voltages are normalized. Therefore:

Vg / Vin = 2 sin (9/2) ‘ (1)

and the scale of the voltmeter can be marked off directly in degrees phase
shift,

One of the difficulties in interpretation which arises is distinguishing
between leading or lagging phase shifts. This difficulty can be avoided by
adding a capacitive network which can be switched across the normalized out-
put voltage. This network will introduce a lag in the circuit when the lead-
lag switch is closed and will, in effect, rotate the output voltage clockwise.

With the phase reversal switch in the "off" position, and with a.leading
phase angle, the capacitive network will cause a drop in the phase voltage
because the clockwise rotation effect will tend to move the original output
voltage closer to the reference voltage. With the phase switch in the "off"
position, and with a lagging phase angle, the capacitive network will cause -
an increase in the phase voltage because the clockwise rotation effect will
tend to move the original output away from the reference voltage. Uncertain-—
ty exists, however, near 180° phase shift because the shunting effect of the
capacitive network may overshadow the change in phase voltage due to the in-
troduced phase shift. This uncertainty has been avoided by addition of a
phase reversal network,

Accuracy of phase measurement using this method is dependent upon the
accuracy of adjusting and reading magnitudes of voltages. The accuracy to be
expected is proportional to the cosine of % the angle of phase shift, and so
would be poor in the vicinity of 1800. The region about 180°, however, is
most important in amplifier phase measurements. Accuracy here can be improv-
ed considerably by use of a phase reversing network so that the supplement of
the phase shift angle is measured. This is used for phase shifts in the range
from about 95° to about 2650, .

Phase reversal is obtained by applying a portion of.the output voltage
of the test unit to a single-stage amplifier. The output from this phase in-
verting amplifier then is compared to the input voltage for phase measure-
ments, Since any phase shift in this stage would be added to that of the
test unit, it has been designed so as to keep this phase shift small. To ac-
complish this, the plate load resistor is made small, cathode feedback is
used, and direct coupling is employed. This is feasible because of the small
input signal needed and near-unity gain desired., The regulated power supply
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used to provide the necessary plate and screen potentials of this amplifier
is responsible for most of the moderate bulk of the unit.

A vacuum tube voltmeter should be used to measure these voltages so as
to present a high input impedance. Some consideration was necessary to as-
sure that the meter would not introduce significant error, especially in
phase measurements. Any shunting across the output potentiometer would ri:
sult in inaccurate normalization of the outpit voltage so the total resis !
ance of this potentiometer was put at % megohm. This was considered suffici-
ently small since the large input impedance of the wvacuum tube voltmeter is
shunted across only a small portion of this total resistance. '

Most vacuum tube voltmeters have a sizable capacity from the "low poten-
tial" terminal to ground, while the impedance from "high potential" terminal
to ground is several megohms. The measurement of the ""phase'" voltage is
taken with the low terminal comnected to the input terminal and the high ter-
minal connected to the output terminal. By connecting in this way, the larger
"low-terminal~to-ground" capacitance is shunted across the low resistance in-
put potentiometer where it will cause negligible change in circuit conditions.
Reversal of voltmeter commection has been found to yleld phase shift readings
too small at high frequencies while error is usually negligible for the con-
nections specified. This error can be reduced further, if necessary, by use =
of a smaller input potentiometer.

QEeration

1. Connect a variable frequency audio oscillator to "input" terminals of the
meter and to the input terminals of the amplifier under test.

2. Connect the output terminals of the amplifier under test to "output" ter—
minals of the meter.

3. Connect a vacuum tube voltmeter to the "meter" terminals with proper re-
gard to polarity.

L. Adjust frequency to desired value.

5. Make adjustments and take readings thus:

Switch Position Adjust Read
(a) 1 Audio Oscillator Desired input voltage
output (usually decimal multiple
' ‘ of unity) :

{b) 2 None Qutput voltage (gain)

(e) 3 Output Pot. Normalized output voltage.
This is set equal to in-
put voltage.

() L None Phase voltage or phase
shift (if so calibrated)
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(e) 5 Output Pot. Adjust to equal output
voltage of position 2
(use if gain less than
unity)

(£) 6 ' None Phase voltage or phase
shift (if gain less than
unity)

6. Push lead-lag switch to determine sense of phase shift.
Table I

Voltage Switch Position

off on*

> 90° £ 900 > 90° | ( 90°
Decrease Lead Lead Lag
Increase Lag Lag Lead

# If the phase angle magnitude is between 95° and 180°, throw the phase
reversal switch to the "on" position,

Conclusion

The phase and gain meter is very useful in the measurement of phase and
gain of an audio amplifier, With the phase reversal network and the lead-lag
control incorporated in the meter, it is relatively easy and accurate to de-
termine the phase shift through an amplifier or three-~terminal network.

Fig. 1
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INSTITUTIONAL LISTINGS

The IRE Professional Group on Audio is grateful for the assistance given by
the firms listed below, and invites application for Institutional IListing
from other firms interested in Audio Technology.

ALLIED RADIO, 833 West Jackson Boulevard, Chicago 7, Illinois
Everything in Radio, Television, and Industrial Electronics

AMPEX FLECTRIC CORPORATION, 934 Charter Street, Redwood City, California
Magnetic Tape Recorders for Audio and Test Data

ASTATIC CORPORATION, Harbor and Jackson Streets, Conneaut, Ohio
Microphones, Pickups, TV-FM Boosters, Recording Heads, Acoustical Devices

ATLAS SOUND CORPORATION, 14h3 - 39th Street, Brooklyn, lew York
Loudspeakers, Public Address, Microphone Supports, Baffles

BRUSH DEVELOPMENT COMPANY, 3405 Perkins Avenue, Cleveland 1, Chio
Piezoelectric, Acoustic, Ultrasonic, and Recording Products; Instruments

CINEMA ENGINEERING COMPANY, 1510 West Verdugo Avenue, Burbank, California
Equalizers, Attenuators, Communication Hjuipment

ELECTRO-VOICE, INC., Buchanan, Michigan
Microphones, Pickups, Speakers, Television Boosters, Acoustic Devices

JENSEN MANUFACTURING COMPANY, 6601 South Laramie Avenue, Chicago 38, Illinois
Loudspeakers, Reproducer Systems, Enclosures

JAMES B. LANSING SOUND, INC., 2439 Fletcher Drive, Los Angeles 39, California
Loudspeakers and Transducers of All Types

MAGNFCORD, INC., 360 North Michigan Avenue, Chicago 1, Illinois
Special and Professional Magnetic Tape Recording Equipment

McINTOSH LABORATORIES, INC., 320 Water Street, Binghamton, New York
Wide-Range Low-Distortion Audio Amplifiers

PERMOFLUX CORPORATION, L4900 West Grand Avenue, Chicago 39, Illinois
Loudspeakers, Headphones, Cee-Cors (Hipersil Transformer Cores)

SHURE BROTHERS, INC., 225 West Huron Street, Chicago 10, Illinois
Microphones, Pickups, Recording Heads, Acoustic Devices

TURNER COMPANY, Cedar Rapids, Iowa
Microphones, Television Boosters, Acoustic Devices

UNITED TRANSFORMER COMPANY, 150 Varick Street, New York, New York
Transformers, Filters, and Reactors

UNIVERSITY LOUDSPEAKERS, INC., 80 South Kensico Avenue, White Plains, New York -
Manufacture of Public Address and High Fidelity Loudspeakers '

Charge for listing in six consecutive issues of the TRANSACTIONS - 325,00,
Application for listing may be made to the Secretary-Treasurer of the PGA,
Marvin Camras, Armour Research Foundation, Chicago 16, Illinois.
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‘ I.R.E.-PROFESSIONAL GROUP ON AUDIO

The Professional Group on Audio is a Society, within the framework of the
I1.R.E., of Members with principal Professional interest in Audio Technology.
All members of the I.R.E. are eligible for membership in the Group and will
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A CONVERSATION ON 1OUDSPEAKER ENCLOSURES™

Daniel W. Martin
The Baldwin Company
Cincimnati, Ohio

In this invited Editorial, written in a humorous vein, Dr, ‘Martin
indicates some of the sources of frustration of the Audio Engineer
— . FEditorial Committee —

Every engineer in the audio profession is at some time asked by a non-
technical friend for advice on the construction of an i1deal enclosure for a
Joudspeaker of somewhat dubious background and performance. One 'has two
professional choices, He can pose as an oracle and write a complete pre-
scription as 1f there were an unique solution. Or, he can try the educa-
tional approach and ‘explain a few basic principles of cabinet designe. A
though the latter course is basically more honest, it does have its aiffi-
culties, as illustrated in the following conversation.

AL: "Say, Paul, I just picked up a fifteen-inch speaker at a bargain sale
‘down at Joe's Radio Shop. It only cost me a dollar fifty-nine."

PAUL: "What kind did you geb, Juka

AL: "I don't kmow what it is, and there's no label on it, but I recalled
that you were a member of the IRE Professional Group on Audio, so 1 came
over to get some advice on how to build a really good cabinet."

PAUL: ™My first advice would be to get a really good loudspeaker unit,"”

AL: "I'm afraid that would cost too much, This one will probably be good
enoughe I want to build just the right cabinet for a fifteen-inch speaker.
Can you tell me exactly how to do 1t?" '

PAUL: "There's no unique solution to your problem. T4's something like
building a housee. The architect's solution depends upon the size and shape
of the lot, the location of the street, the contour of the ground, the -type
of occupants and what they do, and the choice of materials which are both
suitable and economical. The architect would want to kmow how large a lob

you have. And T would ask, 'Do you have ten cubic feet or more available
for the cabinet?'

AL L]

nTen cubic feet? Thab sounds awfully bige"

PAUL: "I know, but ten cubic feel isn't as large as it sounds. A cube
twenty-six inches on an edge would give you the volume I suggeste. 0f course,
you wouldn't want all of the dimensions the same, for acoustical and func-
tional reasons, or even for appearance," ' ’

AL: "Why not?":

* Jamscript received August 27, 1951.
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PAUL: "Well, the acoustical result would be to bunch the box resonances
together instead of spreading them along the frequency scale, This is a
princlple followed in the acoustical design of small rooms. Again there is
no magic, unique solution, but I'd suggest dimensions of 20 x 26 x 33 in-
ches as a starting point. You may deviate from those dimensions somewhat,
and if you don't like the proportions of this combination, I'll calculate
another good combination to approximate the proportions you'd prefer."

AL: "I don't understand this sort of approach., When I buy a vacuum tube,
the tube mamual gives circuit values to use, Why aren't your recommenda-—
tions exact?"

PAUL: "There are several reasons, Al, In the first place, the tube mamnual
values are not sacrosanct. They apply to only one set of operating condi-
tions, Besides, the values suggested by the mamual correspond to a parti-
cular type of tube, You didn't tell me anything about your loudspeaker,
except that it has a fifteen-inch diameter. TYou wouldn't expect to find
in the tube mamal a set of suggested values for components in the circuit
of just any triode. Some of the loudspeaker mamufacturers now provide,
with their units, an information sheet recommending cabinet volume, shape,
and even complete design data on a ‘cabinet known to give good performance
with that loudspeaker,”

AL: "The dimensions you gave are close to what I had in mind, I can put
the record player, a radio, and some shelves for record albums in the ca-
binet, and use the space to advantage. Maybe I can leave enough space for
a secret compartment,”

PAUL: "Some of the things you would put in the compartment might rattle,
Al, and you have misunderstood the purpose of the space behind the loud-
speaker, If you f£ill up all of the space, the loudspeaker cone will be
stiffened acoustically and the low-frequency response will be lost,"

AL: “Méybe it would be better not to have a cabinet if it would make the
speaker sourd worse."

PAUL: "No, the loudspeaker without some sort of baffle wouldn't give you
much low-frequency response either., Iet's go back to the ten cubic feet of
enclosed space behind the cone."

AL: "I can't use that much, I don't have enough material."
PAUL: "Oh, you already have the material, What kind did you get?"

AL: "It's a large sheet of quarter-inch fibre-board that was left over
when my neighbor was insulating his attic,."

PAUL: "I'm afraid it won't be rigid enough for good low-frequency response,
Al, You should get some three-quarter inch plywood."

AL: "I have some, but I'm going to use it for a ping-pong table., Well,
thanks, Paul, for all of your advice. It's been very helpful. I never
would have thought there was so much theory to building a speaker cabinet,
I'11 let you know how it works when I get it built, Thanks again,"

IEHEHEEEHE
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JOE: "Al, did you ever hook up that speaker you bought at my anmual bar-
gain sale last year?" -

AL: "Yes, would you like to hear it?"
JOE: "Say, that sounds great! What kind of a cabinet did you use?"

AL: "Paul helped me design it, I never did get it completely finished,
T think he said to make the front panel three foot square. I finished
that much and mounted the speaker, then set it on edge back there in the
corner against the walls, It sounded pretty good when I hooked it up, so
I just made a triangular top panel to pile things on, ard left it there.
Everyone likes it because it has so much bass. Paul certainly was a big
help to me in the cabinet design. He's a nice guy, and what a brain! I
couldn't understand him most of the time., He kept talking about low-fre-
quency response.”
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THE TAPESCRIPTS COMMITTEE OF THE IRE-PGA*
Presents the Following Titles of Recorded Technical Papers

Andrew B, Jacobsen
University of Washington
Seattle, Washington

These papers are recorded on magnetic tape at 7% inches per second on
7-inch reels, and slides are 3% x | inches. Material will be sent express
collect and must be promptly returned, prepaid.

"A Single Ended PP Audio Amplifier," Arnold Peterson and D.ﬁ. Sinclair,
General Radio. 50 mimutes. Proc. I.R.E., Jamuary, 1952,

"A Sound Survey Heter“, Arnold Peterson, General Radio. 20-mimute abstract.
Proc, I.R.E,, February, 1952, :

"Microphones for Measurement of Sound-Pressure lLevels of High Intensity over
Wide-Frequency Ranges", J.K. Hilliard, Altec Lansing, 20-mimute abstract.
Proc. I.R.E., p. 21; February, 1952.

"A Method for Measuring the Changes Introduced in Recorded Time Interval by
a Recorder Reproducer", J.F. Sweeney, Department of Defense. 15 minutes.

"An Instrument for Measuring the Time-Displacement Error of Recorders",
E.N. Dingley, Jr., Department of Defense. 15 mimutes. Proc. I.R.E., pe 21l;
February, 1952. (Dingley and Sweeney papers should be used together).

"Application of Electric-Circuit Analogies to Loudspeaker Design Problems",
B.N. Iocanthi, Californmia Institute of Technology. 30-mimute abstract.
Proc. I.R.E., pe 2143 February, 1952,

"Model 2-C Idiosynchrovisor", J.M. Hemry and E.R, Moore, Boston, Mass. 11
mimites. A nonsensical satire on technical papers and jargon of specifica-
tion writing, Will help to enliven dry technical meetings.

"A Block Diagram Approach to Network Analysis", T.M, Stout, University of
Washington, Seattle, Washington. 30 mimutes. Abstract as follows:

By treating voltages and currents as signals which may be applied to
blocks representing network impedances or admittances, the block diagram
techniques now used to analyze control systems can be applied in strictly
electrical network problems. The basic rules are presented and a mmber of
applications to ladder networks, parallel and lattice networks, and simple
amplifiers are given, Advantages of the procedure include simplification
of the labor required in solving network problems, reduced possibility of
mistakes, and an increased appreciation of the role of various circuit ele-
ments in determining transient or frequency response.

When using recorded papers, the program chairman should preview mater-
ial and be prepared to answer questions, Address requests to: Andrew B,
Jacobsen, Electrical Engineering Department, University of Washington,
Seattle 5, Washington,

* Received July 21, 1952,
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P.G.A. PEOPLE

OLIVER LAWRENCE ANGEVINE was born .in Rochester, New York, April 28, 191k.
He was granted a degree of SB in EE from the Massachusetts Institute of
Technology in 1936.

From 1936 until mid-1951 he was associated with the Stromberg-Carlson
Company, Rochester, New York; first as Engineer in the Telephone Laboratory;
then from 1941 through 1946 as Assistant to the Vice-President in charge

of Engineering; and from 1946 to 1951 as Chief Engineer of the Sound
Equipment Division. He has recently accepted a position as Chief Engineer
of the Caledonia Electronics and Transformer Corporation in Caledonia,

New York.

Mr. Angevine is a ‘Senior Member of the IRE, and was one of the. founders

and first Chairman of the IRE Professional Group on Audio. He has also

served as Chairman of the Rochester Section and on the Committee on Audio
Techniques. He is Chairman of the Sound Equipment Section of the Engineering .
Department. of the Radio-Television Manufacturers Association, a Member

of the Acoustical Society of America, a Member of the American Institute

of Electrical Engineers, and a Member of the Rochester Engineering Society.

He is the author of several papers on relays, sound equipment, and inter-
communication systems.

WILLIAM G. BURT, JR. was born in Evanston, Illinois and received an AB in
Physics from Harvard College in 1938. He is associated with the General
Communication Company of Boston, Massachusetts in the capacity of Project
Engineer and Assistant to the Chief Engineer. He is a member of the IRE,
the Acoustical Society of America, and former Chairman of the Boston
Chapter of the IBE-PGA.

WILLIAM A. McCALL is a native Detroiter. While in high school he managed
a local public address and theatrical lighting firm. Subsequently he
attended Purdue University and graduated from RCA Institutes, Inc. He
was formerly associated with the Phelps High Fidelity Systems of New York
and with Radio Stations WBAA and WLDM, and later in charge of Broadcast
Sales for Radio Specialties Company of Detroit. He 1s at present Great

- Lakes Area Field Engineer for Wilfred O. White and Sons, Inc. in Boston
and holds the position of Acoustic Products Enginedr for Industrial Wire
Cloth Products Corporation of Wayne, Michigan. He is Chairman of the
Detroit Chapter of IRE-PGA.
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_SPEAKERS AND TRANSMISSION OF SOUND WAVES®

Frank H, McIntosh
McIntosh and Inglis
Washington, D.C.

Surmary

Considerations of this discussion involve the over-all design require-
ments for coupling devices to the air medium. The requirements are consi-
dered from the standpoint of the medium itself rather than reverse from the
standpoint of the motor mechanism. Considering the requirements for line-
arity and coupling to this medium, certain speaker designs are evolved.
Test speakers utilizing this information have been made which should bring
speaker performance much closer to the quality of presently available am-
plifiers.

IEHEHER8ER0ERENE

The fundamental purpose of a sound reproducing system is to cause an
air pressure wave to exist in the exact form and amplitude of the original,
or which would exist if the observations were made at the position of the
microphone,

To build a system approaching this ideal requires consideration of .
the following:

(a) The nature of hearing or how the ear hears. '

(b) The intensity of the sounds, both instantaneous and average.

(e¢) Frequency or frequencies of the sounds.

(4) The characteristics of the medium carrying the sound (the air),

(e) The enviromment: the effect of the rooms, etc.

Involved in.the reproduction of sound waves are additional factors of
consideration such as:
(f) Coupling to the air medium,
(g) Resonance characteristics of the acoustic system, including the
enclosure and/or horns,
(h) Frequency modulation and Doppler distortion,
(1) Directivity characteristics of speakers.

(3) Compression characteristics of air and acoustical distortion
effects,

A great deal has been written about the nature of speech and music,
the intensity and average power values, by Bell lLaboratories and many other
organizations. Conservation in communication requires a study and appli-
cation of the facts concerning speech and music to provide the best service
for the required cost. This means that many communications systems have
purposely compromised and limited the transmission to effectively restrict
the frequency range and the volume range. Distortion has been permitted.
The limits to which the practice has gone is a function of the development

* Presented at the Southwestern IRE Conference, May 17, 1952, in Houston,
Texas., Manuscript received, August 18, 1952,
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of the art and the cost of extended accomodation.

Since. better equipment and more experience have been available, we
find the old standards are no longer acceptable to the critical ear, es-
pecially if a truly improved system has become available for him to listen
to. It seems reasonable, therefore, that despite certain limitations in
the transmission media, a re-investigation into the requirements for fault-
less transmission might be worth while.

Accordingly, this discussion describes factors concerning the media
through which the sound travels and determines from the limitations of these
media what must be done to satisfy distortion limits as indicated by the
critical ear in order to .develop the illusion that the real sound source is
present,

There has been a great deal written about the method or physics of
hearing., The ear is a remarkable device having astounding accommodation
and sensitivity. For instance, the ear at middle frequencies can hear a
steady-state signal 10=° acoustic watts power per square foot and can
accommodate a steady sound level 140 db above threshiﬁd, or 10 watts per
square foot at the ear. This is a power range of 104, or 100, 000,000,000,
000 (one hundred trillion) to 1. It will accommodate considerably more
than this power value if the duration of the sound is short, perhaps 100
or 1,000 times as much. For instance, one who is hammering on steel or
hard surfaces generates peaks of this higher order. The ear absorbs the
sound wave in the fluid of the inner ear, It therefore acts as an inte—
grator, or sums the energy under the curve, and can therefore stand much
more intensity for short nonrepetitive periods than for contimuous periods,.
A1l the known auditory curves showing "pain or feeling" contours are based
on continuous sine wave tones for the average ear. The possibilities of
greater tolerance for short duration peaks, such as are found in speech
and music, are very real indeed.

This facility of the ear has been a great asset to the communications
field because through the suggestion of sounds present, the ear and mind
will seek to fill the gaps and help give the illusion of reality by reach-
ing out and listening for the notes not present at the original volume,
but this is not accomplished without loss or fatigue, Only with a balanc-
ed reproduction of adequate sound level, free of distortion, does one real-
ize how great is the loss of an inadequate system, It is almost impossible
to describe why "bi aural' sounds more realistic; however, it is apparent
instantly when you listen, A third channel adds still more realism since
it permits the illusion of depth as well as the two-dimensional concept.,

The musical instruments and other sound devices determine the design
requirements of speakers and amplifiers alike, and for realism, the repro-
duced sounds must be at equal intensity at the ear, as would occur if the
listener were at the position of the microphone, This does not mean that
the absolute sound power must be the same in the home as it is in the audi-
torium since there is a room gain to be considered, and the directivity in-
dex of the speaker system reduces the power requirement. Also, the listen-
er is usually closer to the speaker in his home than he is in the auditor-
ium. The inefficiency of speakers, as will be seen, however, does almost
completely compensate for the gain factors and therefore the power require-
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ment for the speakers is pretty'iell determined by the power capacity of
the individual instruments for medium places.

Since the ear does not recognize loudness on the basis of the peak in-
tensity of the sound signals, it is found that very little average power is
required to produce adequate sound ‘loudness. However, since the peaks of
speech and music are from 200 to 900 times the average value, as shown by
Sacia* and others, it is necessary to provide capacity in both spegker and
amplifier to handle these peaks if true reproduction and low distortion are
to be expected. '

A bass drum delivers an acoustic peak power of some 100 to 200 watts,
even down to 20 cycles. A cymbal crash delivers from 2y to 48 acoustic
peak watts up to 15,000 to 20,000 cycles. The other musical instruments
vary in peak intensity from a few milliwatts to 30 or 4O peak acoustic
watts.

Since the musical and other instruments create sounds of substantial
intensity at all audible frequencies, it is obvious that amplifiers and
speakers alike must handle all the frequencies of the audio spectrum.
Nearly everyone agrees that this is necessary.

Now, as to the methods of transmission, the coupling to the air and
transient response — this has been perhaps the most underemphasized phase
of the transmission of sound energy, yet a great deal is known about it.
The air is a compressible medium, There are definite pressure limits if
acceptable linearity is not to be exceeded, Coupling requirements do vary
with frequency and the amount of air that it is necessary to move is more
than 1,000 times at 20 cycles than at 20 ke for equal power outputs. "Dop-
pler" distortion may be the major annoying distortion if too low and too
high a frequency is present on the same surface, or the over-compression
of the air may introduce 70 to 80 per cent distortion.

The design of an adequate system is one of making the best compromise
of conflicting factors to satisfy the over-all design requirements. It is
believed feasible to design a practical system having no more than 1 or 2
per cent distortion at the desired operating levels.

Now let us see what must be done so as not to exceed these limits of
distortion,first considering the physics of the air, and then some aspects
of speaker design to deliver the proper power at low distortion.

Since the air is the medium through which the sound must travel, the
pressure wave generated in the air and transmitted to the ear is usually
developed by some motion of an electromechanical device known as the loud-
speaker, A recent unique development utilizes the ionized air to generate
this motion without the aid of a diaphragm. Other speaker types consist of
a compressed air column or flow which is modulated to generate sound waves.
Regardless of the form or the nature of the source, a certain pressure must
be developed to generate a specified sensation level in the air at a given
distance. ,

Fig. 1 shows the acoustic power required from a point source at speci-
fied distances to develop the indicated intensities in db above threshold —
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10~

watts per square centimeter, or 10'1'3 watts per square foot, approxi-
mately,

It will be seen that 100 acoustic watts are required to deliver +120
db above threshold at only 10 feet from the point source, and that 450 watts
(acoustic) are required for the same level at 20 feet. It is not unrealis<
tic to consider this as a minimm peak sound level for design purposes.
These figures of acoustic power requirements may be reduced somewhat by
factors of room gain and directivity characteristics, These will be dis-
cussed late,

At higher frequencies where accelerations are higher, the air appears -
to be more solid, or of a more rigid medium than it does at low frequencies.
Consequently, very much smaller areas for the high frequency speaker are
required for satisfactory radiated acoustic powers. If a very small speak-
er is utilized at the low frequencies, then an amazing amount of amplitude
is required for the same power as radiated at the very high frequencies. As
an example, it is found that the density of air times the sound velocity
divided by the radiation resistance of speaker per unit area (pc/Ry = 1) will
Just equal 1 at some certain frequency and all frequencies above that., Be-
low this critical frequency, the radiation falls off approximately 12 db per
octave and the amplitude required below this point is inversely proportional
to the square of the frequency. Whereas, above this frequency, the ampli-
tude varies inversely with the frequency. It is desirable that areas of
speakers satisfy this condition of/oc/Ra:: 1.

Fig. 2 shows that approximately 252 square feet of diaphragm would be
required to satisfy this condition at 20 cycles. A 15-inch speaker satis-
fies this condition down to a frequency of 275 cycles. It is evident,
therefore, that some compromise must be made to make something practical
and sufficiently efficient. As can be seen from the above, the low fre-
quencies in audio reproduction systems have been pretty small compared to
the actual needs, and various gadgets of various kinds have been resorted
to in an attempt to raise the efficiency at the low end, and for the most
part, with only minor success.

The situation is similar to that of radiating antennas and corresponds
to the aperture effect of an antenna, It can be said that there is no real
substitute for aperture , either in loudspeakers or in antennas. However,
good efficiency is obtained from antennas roughly 30° in height, and the
same general logic would apply to loudspeakers. <Consequently, investiga-
tions were conducted to determine amplitude requirements for speakers hav-
ing practical areas,

One approach to solving the low frequency problem has been to utilize
a horn of suitable length and mouth cross sectional area. The difficulty
in horn design is that if it is driven from a 12- to 15-inch speaker, it
should have a long axial length and a large mouth opening in order to sat-
isfy the requirements at the lowest frequencies,

As a matter of comparison, the size of the mouth opening for an ideal
horn and the arta in square feet for the direct radiator diaphragm are
equal for the same coupling effect to the air, It is obvious that such a
horn would be enoumous in size, not likely to become part of the living
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room. Most considerations of horns or box enclosures assume absolutely
rigld enclosing surfaces. These surfaces, if not rigid, tend to radiate
sound as if they were the diaphragm, and because of the large area, such
surfaces sometimes radiate more power to the air than does the projected
diaphragm directly. This in itself would not be such a bad effect, ex-
cept that the enclosing structure causes a delay in the reaction time of
the sound wave and produces a hangover effect which continues the sound
beyond that which is in the signal; in a word, contributes to the transient
distortion.

This effect is much more serious than most people consider and is the
main reason that nearly all such devices have a boxy or horn sound which is
caused by the delay distortion of the chamber. A rigid horn or enclosure
for a small speaker would require almost a 2- to 3-inch wall of concrete or
other suitable material to make this enclosure the ideal that is assumed’
for it in speaker calculations,

Because of the above considerations, it is concluded that only with a
large diaphragm having good coupling to the air and lowest possible mass
could we hope to achieve an ideal coupling with a good transient character-
istic from the low frequency speaker.,

The amplitude required for speakers of practical dimension is shown
in Fige 3. It is apparent that reasonable sizes of speakers for low fre-
quency operation can be realized with practical excursion requirements, It
is apparent, too, that from L to 16 square feet is desirable for most ap—
plications if frequencies of 20 to LO cycles are to be reproduced at desir-
ed levels,

Since low frequency sounds are more nearly sine wave in form, the loud-
ness is greater for the same peak values because of the greater area under
the curve or power content. Therefore, the desired intensity time functjon
is satisfied at lower absolute peak powers.

"Doppler" distortion is another characteristic on which very little
has been written, but which is certainly of major concern., Thousands of
man hours have been put on the design of amplifiers,and units have been
produced which have a very high degree of linearity both from a single
frequency standpoint and intermodulation standpoint, while there is still
serious intermodulation distortion in loudspeakers., This particular type
of distortion is a form of frequency modulation and results from the pre-
sence of both low and high frequencies on the same diaphragm, The great—
er amplitude of the speaker due to the low frequency signal tends alter-
nately to compress the high frequency wave and to stretch it out, which
causes "Doppler" distortion. This "Doppler" distortion (see Fig. L) of a
15-inch speaker can exceed the energy content of the high frequency signal
if, for one instance, such frequencies as 30 cycles and 10,000 cycles are
present at the same time. In other words, this distortion in practical
commercial speakers might very well be 200 or 300 per cent, or more,

As will be seen in Fig. 5, for 1 per cent Doppler distortion, the 15-
inch speaker can deliver 1 acoustic watt at 20 cycles and operate up to 32
cycles only. If a higher frequency is placed on this diaphragm carrying
the low frequency component, then this distortion will exceed 1 per cent
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and goes up very rapidly. Further study of this diagram indicates that for
a circular speaker carrying 20 cycles and delivering 1 acoustic watt, and
with a frequency of 100 cycles also present, the diameter of a circular
unit must be roughly 3.6 feet to keep the "Doppler" distortion at 1 per
cent, In the lower diagram, the opposite consideration is shown for the
same l-watt output and 1 per cent "Doppler" distortion. The high frequency
unit is considered to have 20,000 cycles on it, and for the various dia-
meters, shows the lowest frequencies that it is possible to place on that
diaphragm, It is evident from the above that without regard to any.parti-
cular make or configuration of speaker unit, these distortion figures sug-
gest the use of at least three sets of speakers operating at different por-
tions of the audio spectrum. And here again we have evidence of the justi-
fication for very large diaphragm areas compared to what is normally con-
sidered necessary today for the low frequency unit, It turns out in prac-
tice that somewhere between L and 15 square feet of diaphragm is desirable,
depending on the enviromment,’

At the high end of the spectrum, the size of the speaker elements can
be made quite small compared to the problem for the low frequency end.
However, the mass of the voice coil and diaphragm becomes the real limit,
and care is necessary to insure response at the upper limits of audibility.

Many speaker systems utilize a so-called "tweeter", which consists of
a diaphragm operating into a restricted throat and emanating into an expo-
nential or catenoidal horn of some form, usually with a honeycomb, or some
baffle type of distribution., It is pointed out by many researchers on
speaker design that the main merit of this horn is its relatively high ef-
ficiency, brought about primarily by the compression of air in the chamber
immediately ahead of the diaphragm. This compression may exceed the linear
pressure variation limit of the air and, under most circumstances, results
in exceedingly high distortion, particularly if frequencies of widely sepa-
rated values are present at the same time, Fig. 6 shows the distortion
from such a speaker working into an infinite horn and delivering 1 watt per
square centimeter of throat area,

The power output versus distortion per cent is shown for various ra-
tios of the horn cutoff frequency to the frequency under consideration,
For instance, if the tweeter is to cover from 500 to 20,000 cycles, this
ratio is 100 to 1. It is foreseeable that for peak powers which occur in
practice, this type tweeter is not very satisfactory for high quality sound
reproduction unless the range and power are limlited. There is, of course,
a further disadvantage which has to do with the Doppler distortion mention-
ed above, especially when the tweeters are to cover wide frequency ranges.

Another characteristic is one concerning the enviromment, or the ef-
fects of rooms. It will be seen from Fig, 7 that in ordinary speech and
music there is a substantial gain in a small room if the optimm reverbera-
tion time exists in that room. It must be said, however, that these gains
are predicted on measurements made with sustained notes, and the reverbera-
tion time of rooms is determined by the decay rather than the build-up time,
It is not known whether the full gain is realized for the short duration
peak pulses of speech and music, because the peak has occurred and decreas-
ed to zero long before the room build-up time has taken place; therefore,
the useful room gain might be considerably less than predicted by this me-
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thod alone,

Doing a little arithmetic, we see that for speakers of probable effi-
ciencies 2 per cent = =20 loglo 1/50 = =1,7 x 20 = -34 db. Room gain (see

Fig. 7) for a room 12 x 18 x 10 = 2,160 cubic feet, or + 25 db, approxima-
tely. Directional gain due to corner of room, etc., =+8 db, or total =
4+ 33 db. Therefore,power required.into the speaker equals the power re-
quired in open space consideration plus 1 db (see Fig. 1). Now, this is a
small room, and it is not difficult to see why very substantial amplifier
powers are required for the adequate sound system even in the home.

It is interesting to note that independent checks by others! have in-
dicated that the amplifier power requirement for reproduction of large or-
chestras varies from 20 watts to several kilowatts, depending on the size
of the rooms.

Fig. 8 shows the calculated "Doppler" distortion for a speaker arran-
gement utilizing ten different elements, The "tweeters" are direct radia-
tion 2-inch speakers arranged to distribute the frequencies above 2,500 :
cycles resulting in very nearly 180° distribution., Two 8~inch units were
used for the intermediate frequencies., Four square feet were used for low
frequency speaker, ‘
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INTERFERENCE EFFECTS IN MAGNETIC RECORDING HEADS¥

Arthur H. Mankin
Shure Brothers, Inc.
Chicago, Ill.

Summary

Irregularities in the frequency response of magnetic recording heads
may be understood by considering the head to be made up of a multiplicity
of gaps which, in playback, act as sources of flux with respect to the
coil, The output from these sources differs in phase and amplitude and
causes the irregularities, which are interference patterns. These sources
of flux are the main gap and the edges of the pole pieces, which exist in
. all heads. In addition, in overlap-type heads, which are composed of lami-
nations at right angles to the direction of tape travel, the spaces between
the laminations act as sources of flux, When the outputs of these three
different types of sources are added algebraically, a frequency response
curve is obtained which is in good agreement with the experimental curve.
By choosing the mumber of gaps and/or the spacing between them, the irregu-
larities in the frequency response may be reduced, or various predetermined
frequency responses may be approxﬁmated.

Introduction

The frequency response of a magnetic tape recording and playback head
shows certain departures from smoothness, particularly'at the lower fre-
quency end. These irregularities are of interest in themselves, in addi-
tion to the practical improvement in the heads which may be achieved by an
understanding of the reasons for their presence. This paper is an analysis
of the reasons for these irregularities, and a discussion of means of con-
trolling them.

Method of Analysis

The irfegularities are almost entirely a function of the playback head
only. This is shown in Fig. 1, where two heads are used -— a "smooth" res-
ponse head and a head whose response has been purposely made as irregular
as possible. In Fig. 1l(a), the irregular head is used both for recording
and for playing back its own signal, and, as can be seen, the result is ir-
reguldar. In Fig. 1(b), the same with the smooth head, and the response is
smooth. In Fig, 1l(c), the response is recorded by the irregular head and
played back on the smooth head, and it can be seen that the response is
smooth, although there is evidence of slight irregularities., Fig. 1(d)
shows that the response, when recorded on the smooth head and played back
on the irregular head, is 1rregular This simplifies not only the problem,
but also the presentatlon, since hereafter, the behavior of the playback
head only is of interest.

¥ Presented at the National Electronics Conference, Chicago, Ill.; Septem~
ber 29, 1952, Manuscript received September 3, 1952.
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. In the playback process, it is helpful to think of gaps as sources of
flux which take magnetic flux from the tape and supply it to the coil. It
has been found that in addition to the main gap, there are two other types
of sources of flux in tape heads, and that these sources interfere with the
output of the main gap and cause the irregularities. These sources of flux
are: (a) The edges of the pole pieces (edge gaps).l (b) In tape heads in
which the laminations are at right angles to the direction of tape travel,
the spaces between these laminations act as sources of flux. These will be
called auxiliary gaps. Since these sources of flux are displaced from the
main gap, there will be a phase difference between their output and the
output of the main gap. Their output will add to the main gap output at
some frequencies, subtract at others, or, in general, interfere with the
output and produce an irregular response.

Fig. 2(a) is a diagram of a type of tape recording and playback head.
The two magnetic pole pieces (0.010 inch thick) are separated from each
other by a metallic normmagnetic spacer, which is commonly 0.,0005 inch thick.
. This forms the main gap. In addition to the main gap, the head shown in
Fig. 2(a) contains two auxiliary gaps (the spaces between the laminations)
and two edge gaps. Fig. 2(b) shows a modification of the head in 2(a) in
which there is only one auxiliary gap., Fig. 2(c) shows still another type
in which the relative position of the gaps is changed. Fig. 3 is a section
of the head shown in 2(a) The main gap is at A, the two auxiliary gaps at
B, and the two edge gaps at C,

Let us first consider the analysis of a case where there are symetri-
cal edge gaps alone, displaced from the main gap by a distance b, shown in
Fig. 4. Let the tape traveling over the head have impressed upon it a mag-
netic signal of wavelength A, and be traveling across the head with velo-
city v = x/t, where x is the displacement.

The output from the main gap is: '
. = A cos 2Mx/ " ‘ | (1)
where A is a variable which includes in it the 6-db per octave rise at low

frequencies due to the velocity characteristic of the magnetic circuit and

the decline in output at the high frequencies (short wavelengths) due to
the gap effect.

Now, the output from the edge to the right is
es = ~C cos 2T (x+b)/A (2)
since the source is located at the point (x + b). The minus sign in front
of the term requires a word of explanation. It is due to the fact that
there is an inherent 1800 phase reversal at the edges, as shown in Fig. L.
It can be seen that an elemental magnet placed at the edge causes flux to

flow through the coil in a different direction than a similarly poled mag-
net placed at the main gap.

Similarly, the output from the edge to the left is

ey = -C cos 21 (x=~b)/A. | (3)
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and the total output is the sum of (1), (2), and (3), or

eout = A cos 2JTx/h  =C [ cos 2IT(x+b)/A + cos 2T (x-b)/)\.] . (L)
Summing:
ooyt = 08 2TTx/A [ A - 2B cos 2T b/N]. ()

This last equation is the useful result since it gives the frequency res-
ponse in terms of the ratio of b, the pole width, to A , the wavelength on
the tape. This result is shown in Fig. 5, which is the actial frequency
response of a head with pole pieces 0.020 inch in width (in the direction
of tape travel) plotted at 3.75 ips,

The calculated first minimum for the above set of constants occurs at
167 cycles, which can be seen to be in good agreement with the observed
value. At 15 ips, with i-inch pole faces, the first minimm occurs at 60
CpSe.

It should be pointed out that one method of minimizing this effect is
to place the main gap unsymmetrically between the edges. Then the separate
responses of the edges do not add to each other in phase. Also, by causing
the tape to leave the pole pieces gradually, the magnitude of the effect
may be decreased, '

The frequency response of a head in which there are two 0.010-inch la-
minations on either side of the main gap (as shown in Fig. 2(a) is shown in
Fig., 6(a). These laminations are arranged at right angles to the direction
of travel, .

Using an exactly similar method as that used for the two .laminations
on each side case, the response of the head may be written; let the lami-
nation width be d, as shown in Fig, 3,

ey = A cos 2Mx/A (6)
ep = B cos 27 (x-d)/A + B cos 2n(x+d)/A (7)
ec = ~C cos 2JU(x~2d)/A ~C cos 2M (x+2d)/A (8)

Summing these and performing some trigonometric manipulation yield
8out = €OS 2ITX/A [A + 2B cos 27Cd/A -2C cos LIt d/)\] . (9).

Note that this gives one term due to the edges plus a term due to the
auxiliary gaps.

Fig. 6(c) shows the calculated response which is (9) plotted on a base
of a smooth response head, i.e., a head in which the pole pieces are infin-
itely long. To obtain Fig, 6(cs s A was arbitrarily given the value 1, B
given 1, and C given 1/8, This curve may be compared with Fig. 6(a), which
is the actual curve obtained with a head of this type.
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Another configuration of interest is one in which there are two 0,010-
inch laminations on one side of the gap, and one 0.010-inch lamination on
the other (for brevity, called 2 and 1, as opposed to the previous 2 and 2).
This configuration is shown in Fig. 6(b). With this configuration, it is
possible to obtain a smoother response than in the symmetrical case. The
theoretical response of the heads, using the same notation and method as
previously, is

eout = COS 2TLxX/A [A+(B—C) cos.2Ttd/N =C cos Ld/N] . (10)

The actual response is shown in Fig. 6(b). It will be noted that the
"holes" in the responses do not coincide as they do in the symmetrical case
shown above in Fig., 6(a) and a substantially smoother frequency response is
the result. Fig. 6 shows the response of the 2 and 2 structure in 6(a) as
compared with the 2 and 1 structure in 6(b).

It is possible to calculate the response of any configuration of lami-
nations, varying both in nmumber and width, by this method, and many inter-
esting combinations are the result. For example, the configuration in
which three laminations are placed ‘on one side of the main gap, and only
one on the other (as shown in Fig. 2(c)) gives, both theoretically and
practically, almost as smooth a response as the 2 and 1 structure used com-
mercially,

It is also possible to build heads that have responses that are peaked
to certain predetermined frequencies, for applications in telemetering, for
example, in which certain discrete frequencies are recorded.

Conclusion

It is possible to obtain an analytical expression for the irregulari-
ties in the response of a tape head, making two assumptions: (a) the edges
act as gaps; (b) spaces between the laminations act as gaps. The analytic
expression obtained using these assumptions is in good agreement with em—
pirical results, and may be used to predict the output of modifications of
the basic lamination stack. In particular, it is possible, by varying the
lamination width, number of laminations, and the spacing between lamina-
tions, to obtain responses which are peaked at certain frequencies, and/or
have holes at certain frequencies. :
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of the main gap.

Fig. 5

Frequency response of *he
head shown in Fig, L.

Fig 6

Frequency response of
(a) "2 and 2" structure
measured; (b) "2 and 1"
structure measured; (c)
"2 and 2" structure
calculated.



TRANSACTIONS OF THE IRE-PGA DD PGA-9 SEPTEMBER-OCTOBER, 1952

INCREASED AUDIO WITHOUT SPLATTER¥

John L. Reinartz
Eitel-McCullough, Inc,
San Bruno, Calif,

Summary

It is not generally realized, especially in cases where the Class B
modulating transformer has poor regulation, that a higher ratio of audio
output in the positive direction can be obtained if the secondary of the
transformer has an additional asymmetric load placed on it through the use
of a diode tube and appropriate resistor (see attached sheet).

If the negative voltage excursion of the Class B transformer secondary
Just equals the plate supply voltage, then the positive voltage excursion
cannot be as far because in the first instance there is no load across
this secondary at the end of the negative voltage excursion and consequent-
1y no voltage drop, while in the second instance there is.a maximum load
across the secondary as the voltage swings in the positive direction with
its consequent IR voltage drop, and this subtracts from the positive swing.

Placing an extra load on the transformer secondary through the use of
a diode and series resistor, so that this combination allows loading only
on the negative voltage swing, provides a means for preventing the negative
voltage excursion from exceeding the positive voltage excursion to any de-
gree desired,

Adjustment of the resistor value can be such that the voltage and mo-
dulating power output of the Class B transformer secondary is even greater
in the positive direction than in the negative direction, with consequent
greater modulation effects without, however, exceeding 100 per cent modula-
tion,

A summation of (EjI) and (E,I) will show that the requirement of a 50
per cent modulating power for 100 per cent modulation factor is not changed.
However, it is interesting to note that there is a 16 per cent load on the
Class B transformer secondary during the negative voltage excursion and an
8L per cent load.on it during the positive voltage excursion with respect
to the polarity of Ej. Thus, there already exists an.asymmetric loading of
the Class B transformer secondary during an audio cycle,

The addition of the extra load proposed in "B" during the negative
voltage excursion, if of proper value, results in nearly perfect symmetry
of loading of the Class B transformer secondary during the negative as well
as the positive voltage excursions.

HIBHEEEE0REHEHEHRERRE

2 Presented at the IRE Southwestern Conference, Houston, Texas; May 17,
1952, Manuscript received June 30, 1952, ,
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let us consider a Class C RF stage that is to be amplitude modulated.
This Class C RF stage is capable of a linear plate current increase with a
linear plate voltage increase from a value that may be considered to be the
de plate voltage Ep to twice this voltage, 2Ey. Thus the plate input will
go from X watts to LX watts. Consequently, the stage being linear, it can
be considered to represent a constant load R, determined by Eb/Ib, Iy being
the average plate current, and E, the plate voltage Ej.

If we now add the modulating transformer to the Class C RF stage in
the usual manner, shown in A of Fig. 1, we can consider the .secondary of '
the modulating transformer Ep to be the equivalent of E; in voltage output,
since 100 per cent modulation is to be achieved. By definition, 100 per
cent modulation is achieved when Ej - E, = O, I, = O, and the output from
the Class C RF stage is zero. Any time that -Eo is greater than E,, over-
modulation occurs, no current flows through the Class C RF stage since it
is a unidirectional valve, and. the carrier power is interrupted.

Interruption of the carrier power can result in spurious side bands
that interfere with other uses of those frequencies, and are to be avoided.
These spurious frequencies are also generated when negative clipping is re-~
sorted to unless a filter is inserted in the circuit to round off the sharp-
1y clipped edges. However, it is usually impossible to re-establish the
. original wave form; thus, some distortion is invariably present in the mo-
dulated output. The only reason for negative clipping and subsequent fil-
tering is the desire on the part of the radio amateur for an increased mo-
dulated carrier output during the positive voltage swing of the modulation
transformer secondary while preventing the modulation transformer secondary
voltage swing in the negative direction from exceeding the normally applied
dc plate voltage, and consequently preventing the generation and emission
of spurious frequencies.

It occurred to the writer that it should be possible to increase the
emission in the positive direction of modulation without the need for clip-
ping in the negative direction of modulation, thereby preventing both over-
modulation and audio distortion. As an aid in visualizing the action of
the modulation transformer secondary and its effect on the Class C RF stage,
an analysis of the several instantaneous values was made, and the results
shown as curves on cross section paper.

Several interesting items not previously detailed in text books became
clear and obvious. The separation of the total power output due to the in-
stantaneous sum of. the dec plate and the ac modulation transformer secondary
voltages into their component factors E, and is clearly shown in Fig. 1.
It is also shown quite clearly that while the full -E, voltage is developed
during the negative voltage generation of the modulation transformer secon-
dary equal to the dc plate voltage E;, there actually is no load on either
of these two generators. Only when the full + Ep voltage is developed dur-
ing the positive voltage generation of the modulation transformer secondary

" equal to the dc plate voltage Eq are these separate generators fully and
equally loaded.

The load curves for generators Ej and E) are clearly a function of
their instantaneous voltages and the instantaneous current I in the circuit
system. Obviously, Ej is constant, I varies from O to 2I, and Ep varies
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from O to the value of E, additive or subtractive. The load curve for
generator Ej is therefore a straight line between O and 200 per cent load,
while the load curve for generator Ep is a curve in the positive load di-
rection from .0 to 200 per cent and a curve in the negative load direction
from O to a maximum of 25 per cent load and contimuous toward zero load at
its maximum negative voltage swing. The sum of these two generator loads
is, of course, I (Ey + E») = I 2R1 + I 2Ry = (E1 + Ep)2/R.

We have now brought R, Ry, and Ry, into our analysis, and it is inter-
esting to note that the resistances across generators Ey and Ey vary as the
sum of E; + Eo varies. When the modulating voltage is zero, the system R
obviously is the value E]/I and represents the Class C stage load at the
average carrier point shown in the graph. However, when the generator vol-
tage E2 equals generator voltage Eq and is additive, the resistance R di-
vides into Ry and R,, and each generator sees 2R. This can be more readily
understood i} we analyze Figs. 2(a) through 2(c). When E, equals E; but is
subtractive, I equals zero, generator Ei sees a positive infinity resistance,
and generator E, sees a negative infinity resistance and the sum therefore
equals zero. However, the sum of the separate resistances that generators
Ej and Ey see is always equal to the value R at all other points on the
varying E1t E, voltage curve.

Having noted that the generator E, sees no load when its voltage equals
the voltage of E] but is subtractive and sees %R when its voltage equals E,
but is additive, it follows that no voltage drop occurs in the first instance
due to the losses that occur in the modulating transformer secondary winding,
constituting its own IR drop, and since this IR drop subtracts from the
positive voltage swing, if we can still equal Eq at this point, we must
somehow prevent the negative excursion from exceeding E; by the amount of
the IR drop, otherwise we exceed 100 per cent modulation,

We have now came to the crux of the whole analysis. We require a
means to produce an IR drop in the modulation transformer secondary when
its voltage swing is in the negative direction to equal the IR drop when
its voltage swing is in the positive direction. A diode tube with a resis-
tor in series, connected across the modulating transformer secomdary so
that current flows in this auxiliary circuit only when the voltage swing is
in the negative direction, is therefore indicated. The value of the resis-—
t%n;z we have already determined to be 3R, while its watt rating should be
IR/h.

The loading on the modulation transformer secondary when its voltage
swing is in the negative direction will now be as indicated by the dotted
line in Fig, 1. It will be noted that the modulator system now has a sym-
metrical loading during the negative as well as the positive voltage swing,
resulting in reduced second-harmonic distortion, full modulation on the
positive voltage swing, and prevention of overmodulation on the negative
voltage swing.
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Table I

TE, B 48 + Bo| %I i %R, R= R+ Ry %
100 0 100 100 100 0 . 100
100 20 120 120 83.3 | 16.7 100
100 10 140 10 71 | 28.6 100
100 60 160 160 62,5 | 37.5 100
100 80 180 180 52.s | L7.6 100
100 100 200 200 50,0 | 50.0 100
100 -20 80 80 125 =25 100
100 | =Lo 60 60 166 66 100
100 60 : L0 L0 250 |-150 100
100 -80 20 20 500 |-L00 100
100 -100 0 0 " 00 -00 0
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Table II
Generator 1 Generator 2
T%E] | AT #Po S I %Po
160 0 0 0 | 100 0
100 20 20 50 | 120 2L
100 L0 Lo . Lo [ 14,0 %
T00 | 60 50 50 | 160 55
100 | 80 80 B8O [ 180 L
100 | 100 100 T00 | 200 | 200
100 | 120 0 1 20| 80 -15
100 | 1L0 11,0 I0 | 60 =)
160 | 160 160 %0 | Lo =)
100 | 180 80 B0 | 20 =15
100 200 200 -100 0 0
Table IIT
#E, + E, %1 %Po
— T T
120 120 1hh
140 10 196
160 160 256
180 180 32l
200 200 1,00
80 80 6l
60 60 36
Lo 4o 16
20 20 L
0 0 0
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J- (D- (a)
T E, o B = B
RI=E E=zE
= By +
E, 1+ B
L 6y t=E+ B
O
I
I = Constant
, (T
_i_ 9,
—_— L
E. 7R )
=0
1 R At 1 R exists a zero voltage point
T E| L R with respect to the connection be-
2 tween Ey and E,. I has not changed.
@
i .
— zRI=Ea
L L
T E2 7 R (e)
~ The two circuits
can be separated
without changing
d ) I, arnd each gene-
- E| 3 R rator sees but 3R.
‘ —
@ zRI=E,
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INSTITUTIONAL LISTINGS (Continued)

PERMOFLUX CORPORATION, 4900 West Grand Avenue, Chicago 39, Illinois
Loudspeakers, Headphones, Cee-Cors (Hipersil Transformer Cores)

SHURE BROTHERS, INC., 225 West BHuron Street, Chicago 10, Illinois
Microphones, Pickups, Recording Heads, Acoustic Devices

THE TURNER COMPANY, Cedar Rapids, Iowa
Microphones, Television Boosters, Acoustic Devices

UNITED "TRANSFORMER COMPANY, 150 Varick Street, New York, New York
Transformers, Filters and Reactors

UNIVERSITY LOUDSPEAKERS, INC., 80 South Kensico Avenue, White Piains, N.Y.
Manufacture of Public Address and High Fidelity Loudspeakers

Charge for listing in six consecutive issues of the TRANSACTIONS - $25.00.
Application for listing may be made to the Secretary-Treasurer of the PGA,
Marvin Camras, Armour Research Foundation, Chicago 16, Illinois.
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INSTITUTIONAL LISTINGS

The IRE Professional Group on Audio is grateful for the assistance
given by the firms listed below, and invites application for Imstitu-
tional Listing from other firms interested in Audio Technology.

ALLIED RADIO, 833 West Jackson Blvd., Chicago T, Illinois
Everything in Radio, Television, and Industrial Electronics

ALTEC LANSING CORPORATION, 9356 Santa Monica Blvd., Beverly Hills, California
Microphones, Speakers, Amplifiers, Transformers, Speech Input

AMPERITE COMPANY, INC., 561 Broadway, New York 12, New York
Ribbon Microphone, Dynamic Microphone, Kontak Microphone, Delay Relays

AMPEX ELECTRIC CORPORATION, 934 Charter Street, Redwood City, California
Magnetic Tape Recorders for Audio and Test Data

THE ASTATIC CORPORATION, Harbor and Jackson Streets, Conneaut, Ohio
Microphones, Pickups, TV-FM Boosters, Recording Heads, Acoustical Devices

ATLAS SOUND CORPORATION, 1443 - 39th Street, Brooklyn, New York
Loud Speakers, Public Address, Microphone Supports, Baffles

BERLANT ASSOCIATES, 4917 West Jefferson Blvd., Los Angeles 16, California
Magnetic Tape Equipment for Audio and Imstrumentation Recording

THE BRUSH DEVELOPMENT COMPANY, 3405 Perkins Avenue, Cleveland 14, Ohio
Piezoelectric, Acoustic, Ultrasonic, and Recording Products; Instruments

CINEMA ENGINEERING COMPANY, 1510 West Verdugo Avenue, Burbank, Callfornia
Equalizers, Attenuators, Communlcatlon Equipment

ELECTRO-VOICE, INC., Buchanan, Michigan
Microphones, Plckups, Speakers, Television Boosters, Acoustic Devices

JENSEN MANUFACTURING COMPANY, 6601 South Laramie Avenue, Chicago 39, Illinois
Loudspeakers, Reproducer Systems, Enclosures

JAMES B. LANSING SOUND, INC., 2439 Fletcher Drive, Los Angeles 39, California
Loud Speakers and Transducers of all Types

MAGNECORD, INC., 360 North Michigan Avenue, Chicago 1, Illinois
Special and Professional Magnetic Tape Recording Equipment

McINTOSH LABORATORIES, INC., 320 Water Street, Binghamton, New York
Wide-Range Low-Distortion Audio Amplifiers

(Please see inside back cover for additional names)
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The Professional Group on Audio is & Soclety, within the framework of the
I.R.E., of Members with principal Professional interest in Audio Technology.
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Members: S. L. Almas, K.L.A. Laboratories, Inc., 7422 Woodward,
Detroit 2, Michigan

V. Salmon, Stanford Research Institute, Stanford,
California

A. M, Wiggins, Electro Voice, Inc., Buchanan, Michigan

The TRANSACTIONS of the I.R.E. Professional Group on Audio

Published by the Institute of Radio Engineers, Inc. for the Professional
Group on Audio at 1 East 79 Street, New York 21, New York. Responsibility
for the contents rests upon the authors and not upon the Institute, the
Group, or its Members. Individual copies available for sale to I.R.E.-P.G.A.
Members at $0.70; to I.R.E. Members at $1.05% and to nonmembers at $2410.

Editorial Committee

Editor-in-Chief: B. B. Bauer, Shure Brothers, Inc., 225 West Huron Street
Chicago 10, Illinois

Eastern Editor: J. J. Baruch, Massachusetts Institute of Technology,
Cambridge 39, Massachusetts

Midwestern Editor: D. W. Martin, Baldwin Company, 1801 Gilbert Avenue,
Cincinnati 2, Ohio

Western Editor: Vincent Sslmon, Stanford Research Institute,
Stanford, California

Copyright,. 1952 - The Institute of Radio Engineers, Inc.

All rights, including translation, are reserved by the Institute. Requests
for republicatlon privileges should be addressed to the Institute of Radio

Engineers.



E S -

TRANSACTIONS OF THE IRE-PGA -1 PGA-10 NOVEMBER-DECEMBER, 1952

THE PHILADELPHIA IRE-PGA CHAPTER

W. G. Chaney, Secretary
Philadelphia Chapter IRE-PGA

The idea of en Audio Chapter of the IRE in Philadelphia was made public
in February, 1952 and was timed to take advantage of a paper being ziven
to the Section by Dr. Leo Beranek. A census of the membership indicated
some 75 individuals were interested in joining the Group in addition to
the 88 who already belonged.

Plans were temporarily shelved pending conclusion of a highly successful
Symposium on Transistor Electronics until late spring. It was felt that
this delay would not be serious as plans could then be worked out for full
season starting in the fall.

Accordingly, on May 28, 1952, under the auspices of the Executive Committee
of the Philadelphia Section, a meeting was held at which Dr. J. G. Brainerd,
Vice-Chairmen of the Section invited a number of prominent audio people

in the area to participate. The outcome of this meeting was the appointment
of an administrative committee whose duty would be to obtain recognition

of the Philadelphia Chapter, PGA and initiate its activities during the
1952-53 season. o

The officers for the first year were selected by the Administrative
Committee and are as follows:

Chairman: Herbert K. Neuber
Vice-Chairman: Murlan S. Corrington
Secy.-Treas.: William G. Chaney

The original plans were to schedule five papers during the season. The
topics were to be based on the outcome of a questionnaire mailed to the’
entire section membership. Response to this questionnaire'would'aléo- ’
provide considerable assistance in a drive to recruit members for the
Chapter. The present list of members and interested individuals now
exceeds 250. :

The first meeting will be October 23, at which time Mr. J. A. Maurer
will speek on the subject of "Recording Sound. on Film". The meetlngs
will be held in the Auditorium of Radio Station KYW who have kindly
agreed to the use of their facilities for as many meetings as desired.

The original plan for five meetings was chenged when the section decided
to sponsor a Symposium on Audio consisting of six papers spread out over
the season. Only three meetings are now planned for this season.
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A CERAMIC VIBRATION PICKUR:

E., V., Carlson
Shure Brothers, Inc,
Chicago 10, Tllinois

L Abstract

The peculiar properties of barium titanates
lend - themselves to the construction of an
acceleration sensitivity transducer which
responds primarily to translational components
.along one direction., A transducer of this
type has been constructed using a bimorph
crystal element and is described. A calibration
by the reciprocity method utilizing three of
. these. transducers is practical, and the
. calibration techniques are discussed. -

%

"DeV;ces:upilizing,practically.every~known method of converting.
mechani cal motion into an electrical duplicate have been constructed and
used as a means for studying vibration. The principal methods of conversion
- which have held a dominant position in recent years employ either magnetic
fields or piezoelectric crystals. These means are used to transform a
small portion of the mechaniczl energy of a vibration into electrical .
energy Which is readily conveyed to a convenient observation station or
which can be made into a permanent record for study-later, In the
observation of geological motions the magnetic field has been the principal
basis for the instrumentation. Here either a magnetic field is caused to
move in relation to a coil of wire in which a voltage is induced or an
armature is.caused. to modulate the magnetic field linking a pickup coil.

On the other hand, in the industrial field the piezoelectric crystal has

found a wide spread. usage.

For;many-ygars,thgre have been commercially available several crystal
vibration pickups of a general utility type. They were designed to use a _
Rochelle salt crystal piezoelectric element arranged so as to be sensitive
to motion. .Throughout most of their operational range they yield a voltage
proportional to the acceleration applied. '

“

*Presénied‘at_the Nationél Electronics Coﬁferenée; Sebtember 29, 1952,

in Chicago, Illinois. Manuscript received October -10,- 1952,
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The approximate construction of such a transducer is shown in Fig, l.(l)
This device is caused to function when the motion to be examined is coupled
to the housing so that the entire unit is vibrated. Inside the housing,
mounted on three of its four corners, is a square Rochelle salt crystal
element, This sensitive element is formed by bonding together two properly
oriented slabs of the active material., When the crystal is forced into
motion at its three supported corners inertia acts over the unsupported
portions tending to distort it into a "saddle" shape. For purposes of
approximate analysis the distorting force can be replaced by a 51ng1e
force (F) acting at the free corner of the crystal. As the crystal is.
distorted we find in one slab tensions produced in the direction of one
diagonal while compressions are being produced in the other diagonal. A
similar condition but of the opposite sense occurs in the other slab. The
axis of the crystals have been so arranged that one potential is developed
on the exterior surfaces and the opposite potential is developed at the
interface of the slabs. Electrodes are provided for collecting these
potentials which .are made avallable externally by a cable pa351ng out,
through the housing.

At frequencies reasonably below the resonant frequency of the crystal
the output voltage is directly proportional to the acceleration. At
frequencies well above the resonant frequency the output would be pro-
portional to displacement, if the secondary modes of vibration could be
sufficiently suppressed. In practice useful measurements is possible up to
about one half octave below the resonance. To obtain.a signal proportional .
to velocity or to displacement an electrical integrator as shown in Fig. 2.
is useful.

The commercial devices of this type have in general weighed about one
half a pound, had there first resonance in the neighborhood of 1,500 cps,
had an output impedance equivalent to the impedance of a 10,000 micromicrofarad
condenser and have had a sensitivity of about one volt per G of acceleration.

There were some practical limitationsAinherent to these units:

1. The Rochelle salt crystal is not a rugged chemical combination, it melts
at the rather low temperature of 130° F, it is deliquescent in atmospheres

of high humidity, and it will lose its water of crystalization in atmospheres
of low humidity. Exposure to any one of these three conditions produces a
permanent deterioration of the sensitive element,

2. The electrical capacitance is a marked function of temperature. Since

the capacity of the crystal and the capacity of the connecting cable form a
capacitive voltage divider the instability of this capacity complicates the
application where long cables are necessary and where absolute measurement

is desired. :

3. The vibration pickups of this construction are also sensitive to one
component of rotational acceleration as well as to a component of trans-
lation. This can lead to errcneous results if care is not taken in the
application. '
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The use of polarized polycrystaline Barium Titanate in place of the
Rochelle salt as the sensitive element has some practical attractions:

1. The Barium Titanate material can withstand temperatures in the
neighborhood of 200° F without losing its piezoelectric properties. It is
not permanently damaged by high humidities or even water, however, it may be
temporarily affected by surface leakages and some precautions are required.
It is unaffected by dry atmospheres,

2. The dielectric constant of Barium Titanate, and consequently the
electrical impedance is a function of temperature., The variations are minor
when compared to those found in Rochelle salt. Fig. 3. illustrates this
difference. :

3+ The principal undesirable characteristic of Barium Titanate crystals is
that for a similar resonant frequency and output impedance it will exhibit
a sensitivity nearly 20 db lower than that of Rochelle salt.

A vibration pickup utilizing Barium Titanate can be similar in con-
struction to one using Rochelle salt. There is need for one fundamental
modification in the construction because of a difference in the piezo-
electric behavior of the two materials. Where in the Rochelle salt
transducer the element was supported on three corners and the acceleration
acted upon the fourth, in the Barium Titanate unit the crystal is mounted
at all four corners and the acceleration acts upon the central portion of
the element.

The ceramic material is isotropic in the plene of the slabs, which is
normal to the direction of polarization. If it were compressed along one
diagonal and tensed along the other as it is done in the Rochelle salt
. element the effects would tend to cancel and there would be little
resultant output voltage. When the four corners are supported both dizgonal
directions are treated similarly and there is mostly tension in one slab at
the time there is mostly compression in the other slab., With this more
symetrical treatment rotations about the center of the element produce
forces which tend to cancel in their electrical effects and the unit is not
sensitive to rotation. As the housing is accelerated the inertia of the
central portion causes the crystal to distort in a "dished" fashion.

A variety of schemes have been devised to obtain calibration data on
vibration pickups. We have used several; however, for the last ten years
we have obtained measurements of sensitivity by attaching the unit to
an electrically driven tuning fork which was equipped with an eyepiece
to measure the mechanical displacement. Frequency response data was
obtained by mounting the unit on a crystal actuator together with a test
cell whlc§ was resonant well above the range of frequencies to be ex-
plored

The possibility of using the reciprocity techniques has for many years
seemed like a desirable solution to the calibration problem. The re-
ciprocity method of calibration is a technique by which the sensitivity of
a transducer can be determined mainly by electrical measurements.,
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The equipment necessary will be found in most laboratories which in itself
is a strong recommendation., The reciprocity method has at its roots the
reciprocal requirement that the transfer impedance from the electrical
terminals to the mechanical terminal be the same as the transfer impedance
from the mechanical terminal to the electrical terminals. If energy is
. neither lost nor gained as an action passes from the electrical to the
mechanical system or vica-versa the method is likely to apply. In the case -
of these piezoeleciric materials the necessary conditions are sufficiently
satisfied. In one form this type of calibration envolves making three
measurements of electrical transfer impedance and knowing the value of the
mechanical coupling impedance. ' ‘

The derivation of the mathematics of mak%ng this type of calibration
has been presented amply in the literature.(2 For the present purpose,
two equations are sufficient.

20 log S = 10 log M - 20 logw~ 10 log Cy 4 ‘12+Tgp - T3 EENGH)
‘ 2
M= aM . '
E (2)
-1 '
E on

Equation l. expresses the sensitivity (Sl) of the reversible unit in
decibles below 1 volt for and acceleration of one meter/second/second.
The numbers le, T, and T, are ratios of the voltage applied to the
motor unit (dernot v the gfrst subscript) to the voltage derived from
the receiver unit (denoted by the second subscript) expressed in decibles.
€1 is the electrical capacity of the first or reversible unit in farads,
and M is the coupling mass in kilograms. If T31 and T32 are interchanged
a calibration of Unit No. 2 (Sa) is obtained.

The coupling impedance is treated as if it were a simple mass and its
value is adjusted as a function of frequency in accordance with Fquation 2,
This method will function satisfactorily if dissipative portion of the
coupling impedance is small compared to the mass reactance of the coupling
impedance. The value of M can be determined with sufficient accuracy in
some instances by direct weighing of the apparatus, however, a dynamic
measurement is desirable as the frequency is increased into the neighbor-
hood of the first resonance., The dynamic measurement of the effective
coupling mass is accomplished by adding an incremental mass @) to the
assembly and noting the effect on the transmission,

A convenient arrangement for making this type of calibration is
outlined in Fig. k.

Three of the pickups are bolted together with a provision for adding
an incremental mass. One of the units is across the input of an attenuator
along with an audio oscillator. The output from one of the other two units
is fed to the high impedance input of a preamplifier, which is followed by
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8 bandpass filter and an indicating meter, The output of the attenuator

is substituted for the output of the driven pickup and the attenuator

is adjusted to provide the same indication on the meter., Four measurements
are made, Typ, Ty, Ty, and Typ with the incremental mass added, An
additional measurement of Cy at the same temperature and frequency is
required and there is sufficient information to obtain calibrations on units
#1 and #2. ' ’

In a group of three units it is possible to make six measurements of
transmission and three measurements of capacitye This data will provide
four caleculations of sensitivity on each unit using different combinations
of data. Table 1., is a tabulation for four such calculations on a single
unit throughout the temperature range from 15° to 170°. :

The frequency response of another unit has been calculated the four
ways the six measurements can be combined. This data appears in Table 2,
The data is in good agreement with itself and Yields a result approximately
1 db more sensitive than the calibration obtained at 60 cycles per second on
the tuning fork calibrator.

When we first attempted to perform this experiment in 1940 using the
Rochelle salt pickups the results were not nearly so encouraging, At that
time there were two major pitfalls: The capacity of the motor unit was a
function of voltage, and the sensitivity to rotational motion tended to
excite rotational motions. The ceramic pickup has sensibly overcome these
difficulties as the electrical capacity is only slightly dependent on the
“applied voltage, they do not tend to excite rotations, and they are
mechanically well adapted to coupling together in a reliable fashion. It
appears that the reciprocity calibration using more or less standard
laboratory equipment is very practical.
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Table 1,
remgge S T D AR fos e
15 - 43,8 = k3.9 - k3.7 = L3.9
3% - L3.2 <« L3.3 - k3.3 - k3.2
55 - L3t = k3e3 - h3.3 - b3
69 = L35 = U35 - h3.5 - 136
8l = 138 - 438 = 13,8 - L3.8
89 = L3e8 - L3.8 - L3.8 - L3.9
105 - 139 - U439 =-Lk.0 - Lk.0
132 = Lhe3 - kol - bhe3 - Wh.3
152 - Llhe7 - Lhe7 - Lhe6 - LbL.6
170 - 5.0 - 45,1 - Lh,9 - L5.0
Table 2,
Frequency Sensitivity - db re 1 volt per
cps meter per second per second
250 = LSy - k5.5 - h5.2 - 15,1
350 - 45¢3 = L5.3 - 45.0 - L5.0
500 - 5.0 = 15,0 = Ll =~ Lko7
700 - W7 - b6 - B3 - Bha3
1000 = b3 - k31 - h2,7 - 42,6
1500 - 396 - 39.6 - 39,3 - 39,2
1800 - 33.9 = 33.9 = 33.6 =~ 33.5
2000 = 21,5 ~ 21,7 - 274 - 2740
2200 - .1 - 25,6 - 25,6 - 25.6
2l,00 - 30.8 -

3008 o 30.9 - 3102
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ENGINEERING CONSIDEHATIONS IN THE USE OF
MAGNETIC RECORDING HEADS+

Lee Gunter, Jr..
Shure Brothers, Inc.
Lhicago 10, I1llinois

The design engineer or the experimenter contemplating magnetic record-
ing for the first time is jmmediately confronted with questions regarding
the proper use of magnetic recording heads and the circuitry to be employed
in connecting these heads to amplifiers or to radio receivers. The purpose
of this discussion is to describe simple basic concepts and circuits which
may be used as a start of such design work.

Tape heads have three functions: recording the signal on the tape,
playing back the signal, and erasing the previous recording. A basic
problem is to supply suitable power and amplifier characteristics to
perform these functions. Other basic problems are: - recording and playback
head alignment, corrective networks, and reduction of hum pickup. -

General Considerations

Magnetic recording tape exhibits a non-linear magnetization curve
similar to all magnetic materials. Without suitable means to overcome this
effect, a distorted recording would result. This distortion can be reduced
by adding a second current in the recording head along with the audio signal
to be recorded., This current is called a bias current. Bias current can be
a direct current, or it can be a high frequency ultrasonic current.

Since erasure of the recording tape is generally done just prior to
recording, and since the condition of the tape after erasure also affects
the recording and biasing process, the type of erasure must be given con-
sideration along with the type of bias.

Signals on tape may be erased with a permanent magnet or with a D.C.
current applied to erase head windings, or with a high frequency or ultra-
sonic current. Ultrasonic erasure demagnetizes the tape leaving it in a
magnetically neutral condition. High frequency erase is generally employed
in the highest quality applications. Permanent magnets or D.C. erase satu-
rates all portions of the tape thereby eliminating the signal and leaving
the tape in a magnetically saturated condition, although in some instances
special heads are made to achieve a neutral condition. It is possible to
employ a high frequency bias in recording on tape which has been erased by

*¥Manuscript received 10/9/52.
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either D,C, or high frequency. When using D.C. bias, it is generally the
practice to use D.C. erase, since a saturated state of the recording tape
may be overcome by introducing the D.C. bias of opposite polarity.

General Bias Considerations

In both high frequency A.C. bias and D.C. bias, the bilas current neces-
sary for the particular application is dependent upon the characteristics
of the recording tape and also upon the type of equipment and application
for which it is intended. The type and magnitude of bias affects the dis-
tortion, signal to noise ratio, -and, to some extent, the high frequency
extension of the recording. The typical values for bias to be used with
Shure tape heads as shown on the individual data sheets have been selected
in accordance with ATMA specification REC-13L4 and should produce less than
2% distortion. In using high frequency bias, an increase in bias current
above that shown as nominal bias has the effect of decreasing distortion in
recording and also decreasing the high frequency extension., Naturally, under
these conditions, a compromise must be made between distortion and high fre-
quency extension. When employing D.C. bias, an increase or decrease in bias
from the nominal value increases distortion in recording. The D.C. bias
current is also dependent upon the magnetic properties of the recording tape.
In addition to the foregoing factors, the use of A.C. bias produces a lower
noise level than does the use of D.C. bias. This has led to a preferred use
of A.C. bias in high quality recording. '

Ultrasonic Erase and Bias

Fig. 1 shows an oscillator circuit which may be used as' a source of high
frequency A.C., erasing and biasing. This oscillator is designed to operate
at 25 keps and will give ample voltage and power to both erase and bias the
Shure TR-5 series heads or the TR-16 record head and TE-2 erase head. The
coil "L" is wound on a powdered iron core 1/L4" diam. x 1-1/16" long using
750 turns of No. 25 Formex or enamel wire and tapped at 150 turns and 300
turns. Additional taps may be added to provide a variable voltage. The
frequency of the bias is usually chosen to be about five times the highest
audio frequency to be recorded. The oscillator frequency may be varied by
increasing or decreasing the 0.003 mmf condenser.

Fig. 2 shows the connections of a Shure combination erase and record-
playback head of the TR-5 series in a typical recording circuit using high
frequency erase and bias. The 500 mmf trimmer capacitor adjusts the bias
current and the 120 k resistor provides for constant current audio signal.
The recommended average audio current and bias current is specified on the
data sheet for the individual heads,

Permanent Magnet Erasure

Tape can be erased by means of a permanent magnet placed close to, or
in actual contact with, the tape. The dimensions and orientation of the
magnet are best determined by experiment. Mechanical means must be provided
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to move the magnet away from the tape when rewinding and playing back.

Egggct Current Erase and Bias

Fig. 3 shows a Shure combination erase and record-playback head of the
TR-5 series in a typical recording circuit using D.C. erase and D.C. bias,
The erase and bias currents are shown provided by batteries, but a well-
filtered "B" supply is satisfactory. The head must be cornected with the
preper polarity, as shown, otherwise, the output will be distorted and low
in level.

lesponse Correction

The typical response frequency characteristic of a tape recording head
rises at the rate of 6 db per octave in the lower frequency range and falls
off fairly rapidly after the turnover point. The frequency of this turnover
point is dependent upon the tape speed, and characteristics of the tape, and
the tepe recording and plsyback head.

In some applications in voice and communicaticn recording, the constant
current recoréing and uncompensated playback response frequercy characteris-
tic shown on the typical data sheet give quite satisfactcry results. In
applications where more uniform response is desired, compensation networks
in recordirg and playback are generzally used.

For the most part, compensation has been accomplished in two very
general ways: (1) High frequency and low frequency boost. in both recording
and playback == this process being the simplest form when the same amplifier
is employed in recording and playback inasmuch as there is no necessity to
provide switching means on the compensation network; and (2) High frequency
ccrrection in both record and playback and low frequency correction in play-
back only. -

Means of attaining high and low frequency boost in amplifier circults
are well-krown to the experimenter. Care should be taken to avoid the ad-
dition of capacitances and resistances directly across the terminals of the
head in either playback or recording. Since the head is principally an
inductance, the addition of circuit elements across the head may seriously
alter its characteristics. Fig. L shows the recommended connections of the
Shure TH-5 series or TR-16 type head to the high gair playback amplifier.

An example of a flexible interstage network is shown in Fig. 5. When
recording, the input terminals are connected to the microphone and the out-
put terminals to the recording head circuit; in playing back, the input
terminals are cornected to the playback head and the amplifier output con-
nected to the audio output system. The circuit as shown incorporates high
frequency emphasis in recording and playback and low frequency correction
in playback only.
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Reduction of Hum Pickup

Consideration should be given early in the stages of design toward
circuit arrangement and isolation to provide minimum hum pickup in playback.
This can best be accomplished by keeping the magnitude of the hum field at
the playback head as low as possible. It is good practice to experimentally
determine the best position for hum producing components such as motors and
transformers which will produce the minimum hum pickup at the head. Although
a substantial reduction in hum pickup is accomplished by enclosirg the play-
back head in a high permeability shield, it is important that severe hum
producing components be carefully located. It is quite often found that
orienting the position of a power transformer by experiment can accomplish
as much hum reduction as may be realized by additional expensive shieldinge

Mechanical Operation Considerations

When mounting the tape recording head, head alignment means, tape
guiding means, and the path of tape travel over the head, must be considered.
It is of utmost importance that the playback gap be aligned with the record-
ing gap or serious high frequency losses occur in playback. The mounting and
control on playback head should allow for the playback gap to be adjusted
perpendicular to the line of motion of the tape to withinft;/h° without
changing the position of the recording head reference to the tape track.

The adjustment may be made by adjusting for maximum output on standard align-
ment tape.

Patent Considerations

While magnetic recording is an old art, there are many patents covering
various phases of this art, and care should be exercised to avoid infringe-
ment of any valid patents. We cannot guarantee that by following instruc-
tions and information set forth above the user will not come within the
scope of certain valid patents.

OSCILLATOR CIRCUIT

Output 0005 Mfd.

J’—i ‘—j L= See "Operation” =

+300 volts FIGURE |
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RECORD CIRCUIT USING A.C. BIAS AND ERASE VOLTAGE

RECORD CIRCUIT USING DG BIAS AND ERASE VOLTAGE

B+ 12 Megohm DI Mfd.

12 Megohm ©I Mfd Yeliow | eod Red Lead

V| . e
IAudto Signal 50,000 Ohms Audio Signal

. 25 Megohm Audio Power

Audio Power
Qutput Tube EOER
90 Volts
S5 Blue ond  LRecord and Orange o T——.—-
- Shield Leads Piayback Coil Shield Leads
FIGURE 2
FIGURE 3

PLAYBACK CIRCUIT
Red Lead
o———
Playback
And
Record
Coil 0O Megohm 1
or more.
. 4
Oronge and
Shield Leads.
FIGURE 4

INTERSTAGE COMPENSATING NETWORK

AMPLIFIER

PB - PLAYBACK
REC - RECORD

FIGURE §
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DIRECT MEASUREMENT OF THE EFFICIENCY OF LOUDSPEAKERS
BY USE OF A REVERBERATION ROOM:

H. C. Hardy, H. H. Hall, and L. G. Ramer
Armour Research Foundation of Illinois Institute of Technology
Chicago, Illinois

Abstract

If a loudspeaker has an axis of symmetry, its total
radiated power, and therefore its efficiency, is
computed by calculations from free-field data taken
at various angles, The objections to this method

are: (1) the calculations are very tedious; (2) loud-
speakers as used in typical baffles do not have an
axis of symmetry; and (3) elimination of phase effects
requires measurements at a comparatively large dis-
tance outdoors or in a large anecholc room. The
problem can be more directly approached by integrat-
ing the total power output in a large reverberation
room such as the ones at the Foundation's Riverbank
Acoustical Laboratories or at the Bureau of Standards.
Data will be presented on the results of such measure-
ments and the care that must be taken to obtain ran-
dom sound conditions in the measurement room will be
discussed. When a loudspeaker has been given a prima-
ry calibration by such a measurement, it may be used
as a secondary standard in a smaller reverberant
space, for example, in the manufacturer's laboratory.

I, Introduction

This paper will discuss a subject about which there has been some specu-
lation and many exaggerated claims, namely the electroacoustic outpui efficien-
cy of loudspeakerse. For many years there has been considerable agitation for
acoustic scientists and engineers to establish standards for measurement of
power output and efficiency. Such standards have been slow in being codified
because there is (1) considerable disagreement on what should be measured,
and (2) the conventional methods are too complex and time consuming, particu-
larly in the usual case where the speaker enclosure does not have an axis of

symmetry.

No attempt will be made here to elaborate on which properties need to be
measured except to state there is considerable interest in knowing the total
acoustic power output. This is particularly true when the speaker is to be
used indoors, Outdoors, the response on axis, or within some small angle on
each side of the axis, is the chief criterion. Indoors, it should be remem-
bered that at some distance (around five feet for small reverberant rooms and

*Presented at the National Electronics Conference, September 29, 1952,
in Chicago, Illinois., Manuscript received October 8, 1952,



ated sound, In this case the total power output, especially as a function of
frequency, becomes the main criterion,

This paper will present a relatively simple method for integrating the
power output by the use of & reverberation room., No particular originality is
claimed for this method, Although it does not appear to have been published,
it is known to have been used at least in an elementary manner by other experi-

loudspeaker at various angles in an anechoic room,d 7T1% is assumed that the
Mmeasuring microphone is far enough away that the energy flux flows radially,
The power output in watts, P, is then given by the equation

2 2
mp “p

P = ax s (1)
Qpc x 107

or the power level above a milliwatt by

PL = L $#20logr-pr - 119.2 , (2)

where

sound pressure level in microbars on the axis

r I distance from loudspeaker to microphone in centimeters

©
o]
"

specific acoustic impedance of the air = k1. cgs units

= sound pressure level re 0.0002'microbar on axis in a free field

=
&

O
t

= directivity factor

DI 10 log Q = directivity index,

The directivity factor is defined as

2
barp,,

e T s (3)
j P(O,?)SinOdOdcp
o]

(o]

Q.
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The spherical integration must be made over all space in which the loudspeaker
radiates energy (see Fig. 1). The difficulty in measuring the output power
comes in obtaining this integral which must usually be calculated numerically.
Also, it is usually assumed that the speaker has an axis of symmetry; other-
wise the integration becomes too difficult to be practical. In this case

’ (L)

Q= 1
= 5 :
i (e .
?n né paxz sin.On

vhere n is the number of points around a half-circle that measurements are
made. Usually measurements are made every ten degrees which means that mea-
surements and calculations must be for 18 points for every frequency at which
a value is desired. _

Before discussing other difficulties with this method, it can be pointed
out that because of the sin © term in the integration, most of the power is
not radiated along the axis but at an .angle from the axis of between 4O and
60 degrees at low frequencies and smaller at higher frequencies. At the angle
of maximum radiation diffraction effects are usually quite pronounced and the
jagged response curve may introduce considerable uncertainty in the integra-

tion.

These and other disadvantages of obtaining the power radiated by a loud-
speaker by free-field measurements and numerical integration can be summarized
“as follows:

I. The method is only practical when applicable to loudspeakers in en-
closures which have a symmetrical axis. This is true of only a very limited
number .,

. 2. In order that the above mathematical expressions hold, the measuring
microphone mist be far enough away from the loudspeaker that the intensity
vector is normal to a sphere with its center at the point of rotation of the
loudspeaker. In practice this means that the distance r above must be several
times the largest dimension of the loudspeaker. Therefore, often measurements
must either be made outdoors or a very large anechoic room must be available.
This also often means that it may be very difficult to get sufficient power
output to measure the radiation of the loudspeaker off its axis at these dis-
tances,

3. The jagged response curve either due to cone breakup, horn or cavity
resonance, or diffraction effects makes it difficult to estimate the radiation

at any given angle.

L. The measurements and calculations are rather tedious so that only a
limited number of frequencies are computed in practice.

This paper will describe the reverberation method which has been developed
to overcome these limitations,
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II1, Theory of the Reverberation Method of Measuring Power Output

The reverberation room method of measuring sound output consists of inte-
grating the total power output in an enclosed reverberant space where the ener-
gy flow is random and sound energy density is known to be substantially con-
stant so that a measurement of sound pressure anywhere in the room is related
" directly to the total integrated power radiated by the source. Such rooms have
been built for measurement of the sound absorption of acoustical materials and
several exist in this country. Figure 2 is a photograph of the interior of the
reverberation room at the Riverbank Acoustical Laboratories, operated by Armour
Research Foundation. '

In general, a large reverberation room will not necessarily have a random
sound field, especially at low frequencies. It is necessary that several pre-
cautions be taken in order that the energy density be made substantially con-
stant throughout the room. These will be discussed below, '

When a source of energy is introduced into such a room, the sound energy
at a point in the room rapidly reaches an equilibrium where energy is absorbed
at the same rate that it is introduced. This absorption occurs at the surfaces
of the walls and, at high frequencies, in the air due to its molecular absorp-
tion. The power emitted to the room is P. The power absorbed in the room is
the sound intensity I multiplied by the total absorption a, so that

P = Ia . (5)

The total absorption in the room is mwasured as in'sound absorption mea-
surements by observing the rate of decay of sound in the room. This is es-
sentially a constant for the particular room used. In general, it is related
to the decay time, T, by Sabine's equation? , :

a = 9-’-9-%2-‘1 (British units), (6)

or

= [ 1 V
o Q—QQTQE"- (cgs units), : (62)

where V is the volume of the room, and T is the time for sound to decay 60 db.

No apparatus is available to measure directly the sound intensity I since
most microphones are sound pressure measuring devices. In a truly random re-.

verberant space the reverberant sound pressure p is related to the intensi-
ty (watts per cm?) by3 rev
2
% O S (7)
" Lpc x 107

where p is the density of the air, and ¢ the velocity of sound.
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The power output of a sound source in such a room is, therefore,

2

P = Prey 2 . (8)

hpc x 107

In decibels the power level above one milliwatt becomes

PL = L, #101log a - 106.5 , (9)

where L., is the reverberant sound pressure level in decibels referred to |
0,0002 microbar and a is the absorption in sabins (British units).

. The only limitations on the above simple theory are that (1) the test
room has low enough absorption so that Sabine's equation is valid, and (2) the
_sound energy in the room is sufficiently random so that equation (7) above
holds. The latter assumption would not be true for most rooms. Recent experi-
mentation on reverberation rooms" indicates that the latter is very close to
being true provided that certain important steps are taken to randomize the
sound in the room. These are:

1. A warble tone is used to exclte many modes of vibration of the room.

2. A large vane (see Fig. 2) is rotated slowly and thus effectively
causes the room shape to be changed constantly.

3. Diffusing cylirders or other means are used to further diffuse the
sound. (See Fig. 2.)

s There is enough absorption present and randomly scattered so that room
resonances are not sharply tuned.

K11 these criteria are maintained in the Riverbank reverberation chamber
and most of the other large reverberation rooms used by standard laboratories
to measure acoustic absorption. These laboratories also have ready means a-
vailable to find the acoustic absorption present. The acoustic absorption at
Riverbank as a function of frequency is given in Table I. '

Table I
Frequency (cps) 125 250 500 1000 2000 L4000 8000
Absorption (sabins) 97 96 99 101 116 160 250

Below 1000 cps, the absorption will practically be constant. At higher’ frequen-
cies, a large contribution is made up of molecular absorption in the air and
this will vary with the absolute humidity.

IV, Technique of Measurement

The speaker to be measured is placed in the room usually near one of the
-corners. The microphone or microphones are placed near'another corner so that
the distance of separation is such that the reverberant level in the room is
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mich greater at the microphone position than the direct sound from the loud-
speaker,

The loudspeaker is connected to its source of power and, if efficiency
measurements are desired, this connection follows the technique for measuring
constant available power, With the vanes rotating and frequency warbled, the
driving frequency is swept very slowly over the range to be measured. Such a
sweep takes approximately LO mirmutes to run from 20 to 10,000 cps, during which
the vane makes 4O half-revolutions,

The signal picked up by the calibrated 6LOAA condenser microphone is fed
into a graphic level recorder. Portions of such a record between 100-200 cps,
600-1200 cps, and L4000-8000 cps are shown in Fig. 3. The fluctuation in level,
2 db at high frequencies and as much as 5 db at low frequency, have been mini-
mized by the warble and vane rotation. From such a trace it is not difficult
to draw an average curve to within a decibel.,

Although these curves indicate gradual changes in power level with fre-
quency, it should be remembered that the frequency scale is greatly elongated
and large changes of power level with frequency occur in most loudspeakers.

In order to obtain the reverberant sound pressure level, it is necessary
to know the random calibration of the microphone. For a microphone with an
active surface as small as the 640AA microphone, the random calibration follows
very closely the 90-degree incidence calibration up to 3000 cps. The random
incidence calibration is only 1 db higher at 5000 cps and 2 db higher at 10,000
CPSe

Two corrections with frequency are therefore needed to get the acoustic
power from the sound pressure level: (1) the random microphone calibration
curve and the room absorption curve, In Fig. L are plotted the two correction
curves., Actually the two corrections tend to compensate at high frequencies
so that the total correction with frequency varies only by ¢ 1 db up to 8000
CPS e

Vo Correlation of the Two Methods

Experiments were undertaken to compare the numerical integration and
room integration method of measuring power output. A special cabinet was
built which provided reasonable axis of symmetry. It consisted of a closed
box 32 x 32 x 16.inches, with the loudspeaker opening in the center of one of
-the 32 x 32-inch sides. A 12-inch loudspeaker and an 8-inch speaker with a-
dapter were used. Both speakers were measured at a distance of 10 feet in the
anechoic room. The on-axis response curve, and the power output curve for the
12-inch loudspeaker as measured in the reverberation room are shown in Fig. 5.
Similar curves are shown for the 8-inch speaker in Fig. 6. The sound pressure
level is referred to 0.0002 microbar and the power level to one milliwatt.

The circular points are the data computed from the free-field response measured
around the loudspeaker. Nearly all the points are within 4+ 1 db.

In both experiments, the speakers were driven by the constant available
power method® and the input power available was 2 watts. The efficiency of the
two speakers as measured in the reverberation room at a few frequencies are
given 1n Table II,
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Table II

Efficiency of Two Typical Loudspeaker§
Efficiency (Percent)

Frequency (cps) : 12-inch Speaker 8-inch Speaker

70 0.1 . 0.1
100 Okt - 0.5
200 | 1.1 1.1
10O ' 1.1 1.1

700 0.7 2.,2%
1000 0.5 1.0
2000 0.3 0.6
1,000 043 ‘ 0.3
7000 | 0. 0.k
10000 \ 0,02 0.01

#Resonant peak

Tt will be noticed that these efficiencies, of the order of one percent, are

mch lower than those generally stated for loudspeakers, However, the calcu-
lations usually given are.computed from the axial response, ignoring the di-

rectivity factor which in the mid-frequency range is of the order of 6 db.

Another measurement of an 8-inch speaker in a smaller cabinet is given in
Fig. 7. These measurements were made several years ago by Mr. J. E. Ancell
and Mr. D. E. Bishop of our organization. Again the check is good.

The power response of several other large loudspeakers is shown in Figures
- 8, 9, and 10, Notice that large differences are measured in the power response
frequency curves which are significant to the acoustic designer.

VI. Industrial Use of the Reverberation Power Measurement Technique

Reverberation rooms are not commonly available for output power level

measuremente as indicated above., However, if the loudspeaker mamfacturer or
loudspeaker purchaser wishes to obtain such data in his own plant and has a
fairly large empty room available, the following procedure is recommended.
One loudspeaker of a particular type may be calibrated in a reverberation room
by the method outlined above. Using this as a secondary standard, other sini=-
lar loudspeakers may be measured by a substitution method by using a variation
of the techniques outlined above., An ordinary sound level meter can be used
" to measure the sound energy as a warbled tone is applied to the speaker. Point
by point or graphic recording techniques can be used to obtain the data.
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VII, Conclusions

The reverberation rcom method of integrating the power output of a loud=-
speaker has been brought to the stage of development where it can be applied
to commercial loudspeaker testing. Its convenience, accuracy, dependability,
and suitability for presenting the complete output power data should meke it
a useful tool for establishing standards and obtaining design information.

The authors are grateful for the help and advice of other members of the

acoustic staff of the Armour Research Foundation and particularly to Mr. James
Ee. Ancell who helped in the earlier development of this method.
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Figoe 1 ~ Coordinate system used for spherical integration.

The origin is located at the effective center of
loudspeaker cone,
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MAGNETIC TAPE RECORDING DEMAGNETIZATION FOR
SIMPLE CYCLIC EXCITATIONS#

O, William Muckenhirn
University of Minnesota
Minneapolis 1L, Minnesota

* The resultant active remanent magnetic flux aséociated with an element

of magnetic tape upon completion of the recording process depends upon the
entire previous magnetic history of the element. If the tape has been
"erased" by a good alternating current erasing device before recording oc-
curs, then, for engineering purvoses, the tape may be considered as "demag~
netized" and its magnetic history considered as beginning from this demag-
netized state. Since the intelligence is transferred from electrical form
to magnetic form by means of the recording head and its associated air gap,
it follows that the magnetic field distribution of the air gap plays a pre-
dominant role in the magnetic history of the tape during recording.

Sone effects of the air gap field distribution for longitudinal record-
ing are presented in the series of oscillograms of figure 1 which shows the
remanent flux for different recording head cyclic excitations. For the pur=
poses of this paper, one cycle of excitation is defined by the operation of
increasing the recording head current from zero to some arbitrary value in
one direction and returning it to zero.

The oscillograms were obtained as follows. With the unmagnetized tape
in a recording position but stationary with respect to the recording head,
the recording head current was varied manually from zero through a cyclic
pattern as specified for each oscillogram. In this manner the section of
tape in the effective magnetic air gap region experienced a magnetic excita-
tion in accordance with the gap field distribution and the cyclic excitation
of the recording head., The remanent magnetic flux of this tape section was
then measured by passing the tape across a playback head in the usual play-
back fashion. The output signal of the playback head was first amplified,
then integrated in order to obtain a proportional to the remanent flux, and
finally applied to a Tektronix Type 511-A oscilloscope on which the oscillo-
grams were photographed. Since no changes in adjustments were made during
the measurements or photography, the oscillograms show relative ‘magnitudes,
For further detail on equipment and procedure, reference is made to "Recording
Demagnetization in Magnetic Tape Recording" Proc. of I.R.E.; August 1951,
pp. 891-97.

*Manuscript received October 8, 1952,




TRANSACTIONS OF THE IRE-PGA -26—- PGA-10. NOVEMBER-DECEMBER, 1952

Figure 1(a) shows the remanent flux produced by increasing the recording
head current from zero to+ 3.0 milliamperes and returning to zero. The shape
of the trace results from the air gap field distribution.for this single
cycle of excitation together with the non-linear saturation and hysteretic
properties of the tape. In each of the remaining oscillograms two cycles of
excitation were applied; the first to a maximum positive value of 3.0 milli-
amperes and the second in the reverse or negative direction to successively
larger values. The peak values for the second cycle in figures 1 (b), (c),
(d), (e) and (f) are 1.2, 1.6, 1.8, 2.0 and 3.0 ma. respectively. In fig-
ares 1 (b), (c¢) and (d) the demagnetizing action of the second cycle is
significant only at the center of the air gap where the exciting field is
most intense. In the outer edges of the gap field the reverse excitation
of the second cycle is not sufficiently large to produce any perceptable".
demagnetization. In figures 1 (e) and (f) however this is no longer the
case with the result that the entire remanent flux appears in the reverse
direction.
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(v)

{c) (a)

Ce) (£)

Figure 1. Oscillograms showing the remanent flux distribution for six fifferent
cyclic excitations of the recording head. The recording head current wes

varied as follows: (a) from O to + 3.0 to O ma;; (b) from O to + 3.0 to

0 to - 1.2 to O ma.; (c) from O to + 3.0 to - 1.6 to O ma.; (d) from O to
+ 3.0 to 0 to - 1.8 to O ma.; (e) from O to + 3.0 to O to - 2.0 t0 O ma.;
and (£f) from O to + 3.0 to O to - 3.0 to O ma,
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INSTITUTIONAL LISTINGS (Continued)

AUDIOPHILE RECORDS, Saukville, Wisconsin
High Quality Disc Recordings for Wide Range Equipment

ATLAS SOUND CORPORATION, 1443 - 39th Street, Brooklyn, New York
Loud Speakers, Public Address, Microphone Supports, Baffles

THE ASTATIC CORPORATION, Harbor and Jackson Streets, Conneaut; Ohio
Microphones, Pickups, TV-FM Boosters, Recording Heads, Acoustical Devices

AMPEX ELECTRIC CORPORATION, 934 Charter Street, Redwood City, California
Magnetic Tape Recorders for Audio and Test Data

AMPERITE COMPANY, INC., 561 Broadway, New York 12, New York
Ribbon Microphone, Dynamic Microphone, Kontak Micrqphone, Delay Relays

ALTEC LANSING CORPORATION, 9356 Santa Monica Blvd., Beverly Hills, California
Microphones, Speakers, Amplifiers, Transformers, Speech Input

ALLIED RADIO, 833 West Jackson Blvd., Chicago 7, Illinois
Everything in Radio, Television, and Industrial Electronics

Charge for listing in six consecutivé issues of the TRANSACTIONS - $25.00.
Application for listing may be made to the Secretary-Treasurer of the PGA,
Marvin Camras, Armour Research Foundation, Chicago 16, Illinois.
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INSTITUTIONAL LISTINGS

The IRE Professional Group on Audio is grateful for the assistance
given by the firms listed below, and invites application for Institu-
tional Listing from other firms interested in Audio Technology.

UNIVERSITY LOUDSPEAKERS, INC., 80 South Kensico Avenue, White Plains, N.Y.
Manufacture of Public Address and High Fidelity Loudspeakers

UNITED TRANSFORMER COMPANY, 150 Varick Street, New York, New York
Transformers, Filters and Reactors

THE TURNER COMPANY, Cedar Rapids, Iowa
Microphones, Television Boosters, Acoustic Devices

SHURE BROTHERS, INC., 225 West Huron Street, Chicago 10, Illinois
Microphones, Pickups, Recording Heads, Acoustic Devices

PERMOFLUX CORPORATION, 4900 West Grand Avenue, Chicago 39, Illinois
Loudspesakers, Headphones, Cee-Cors (Hipersil Transformer Cores)

McINTOSH LABORATORIES, INC., 320 Water Street, Binghamton, New York
Wide-Range Low-Distortion Audio Amplifiers

MAGNECORD, INC., 360 North Michigan Avenue, Chicago 1, Illinois
Special and Professional Magnetic Tape Recording Equipment

JAMES B. LANSING SOUND, INC., 2439 Fletcher Drive, Los Angeles 39, California
Loud Speakers and Transducers of all Types

JENSEN MANUFACTURING COMPANY, 6601 South Laramie Avenue, Chicago 38, Illinois
Loudspeakers, Reproducer Systems, Enclosures

ELECTRO-VOICE, INC., Buchanan, Michigan
Microphones, Pickups, Speakers, Television Boosters, Acoustic Devices

TEE DAVEN COMPANY, 191 Central Avenue, Newark 4, New Jersey
Attenuators, Potentiometers, Resistors, Rotary Switches, Test Equipment

CINEMA ENGINEERING COMPANY, 1510 West Verdugo Avenue, Burbank, California
Egualizers, Attenuators, Communication Equipment

THE BRUSH DEVELOPMENT COMPANY, 3405 Perkins Avenue, Cleveland 14, Ohio
Piezoelectric, Acoustic, Ultrasonic, and Recording Products; Instruments

BERLANT ASSOCIATES, 4917 West Jefferson Blvd., Los Angeles 16, California
Magnetic ‘Tape Equipment for Audio and Instrumentation Recording

(Please see inside back cover for additional names)
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SENSITIVITY OF MICROPHOMES TO STRAY MAGNETIC FIELDS+
L. J. Anderson

RCA Victor Division of RCA
Camden, New Jersey.

One of the purposes of I 1s Io acquaint all members with the special problems
and techniques existing in various branches of Audio Technology. In this in-
vited éditorial, the author deals with an important problem to which insufficient
attention has been given heretofore.-- Editorial Committee.

In addition to the usual attributes of a microphone which are cormonly
measured,such as sensitivity, response-frequency characteristics and directional
properties, there are secondary attributes which may be of equal importance
in specific applications, Most significant are the following: Sensitivity
of the microphone to stray magnetic fields of low frequency, sensitivity
to wind and sensitivity to mechanical shock. The purpose of the following
discussion is to describe a possible standard method for evaluating one of
these factors, namely: the sensitivity of microphones to stray magnetic
fields of low frequency, such as are commonly referred to as hum fields.

Electrodynamic transducers, and all types of microphones in which a
coupling transformer is included as a part of the microphone, are sensitive
in some degree to hum fields. The evaluation of this sensitivity has always
been of some importance for microphones used in Broadcast applications, and
of late it has become increasingly important where microphones are used
in Television brogramming, because of the number, strength, and closeness
of the hum sources.

Hum fields may originate from any device operating on alternating
current or from the incident wiring, and of course the strength of the
Source and the relative proximity to the microphone are factors which
are of equal importance. The most likely sources of stray fields are
Motors, Power transformers, Voltage regulating transformers, Fluorescent
light-fixtures, Electric clocks, Wiring incident to high power lighting,
Power supplies, and Amplifiers with self-contained power supplies. Some
sources are a serious handicap because of. their strength and others because
of their closeness to the microphone.,

Within the microphone and associated circuit, excluding the microphone
preamplifier, there are several hum sensitive elements as follows: the
microphone cable, the microphone transformer, the internal wiring, the
moving conductor and compensating reactor if any.

*Mamserint received October, 17, 1052,
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(1) H =3 02"NI
T
H = magnetizing force (Oersteds)
.N = nmumber of turns
I = current (Amperes)
r = radius (Centimeters)

For practical reasons, values of H. between 0.1 and 0.5 Oersted are
most suitable. Values lower than 0.1 are likely to approximate ambient
fields in magnitude and values above 0.5 pose difficulties from heating -
of the coil and acoustic noise. A 60 cycle power source is most convenient
for the coil excitation because of its availability and the similarity
of the resulting field to those usually encountered in practice.

The measurement is quite simple. The microphone is placed at the
center of the coil and oriented until a maximum output is indicated on
a voltmeter whose input impedance is high enough to assure that the open
circuit voltage is being measured. If no such meter is available a
voltage substitution method may be used. The sensitivity of the micro-
phone to hum is then expressed as follows: :

(1) GH = (20 logyq gg - 10 log,, RMR) =50 db

where the reference values are 0.00I watt and a field of 0.0002 Oersteds.

The value of G,, is without practical significance because the criterion
of the performance of the microphone is the signal-to-noise ratio. This is
obtained as.follows:

where Gg is as expressed above and
(

#Gy = (20 logyg Bp _10 logip Ryp) -50 db

P
(G,, = Microphone Sensitivity)
GMH then reduces to:

(3) ‘C‘)!lH - (20 1og10§§ - 20 log,, g_;i) db

In the above equations,
. EH the. open circuit hum voltage

H s field strength
Ep = the open circuit signal Zoltage

P = sound pressure dynes /Eﬁ
Ryg= microphone rating impedance

A suitable exciting coil is sketched in Figure 1..

Evaluation of Hum Fields
Tlum Tields may be very easily evaluated for a given location by means
of an exploring coil and a voltage indicating device. The coil used should
be air cor? §o that the magngtic field is not disturbed. For such a coil:
l) E_ - 10 =
S =

where
N

g
ES

number of turns
a flux through the coil
= open circuit voltage due to the.stray field
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(2) # = A, B sinut
where .
B = flux ' density z H for air
Ac =n Area of coil

(assuming a simusoidal variation for B)
* OSee RIMA Standard SE-105 Microphones for Sound Equipment

(3) g% = AcwB cos pt

dropping time funct%on and substituting (3) in equation (1).
(L) Es = NAC wB x 10°

(5) B =H = Eg x 108
iﬁc w
If E; 1s measured in RMS volts B and H will also represent RMS

values, A : .
. In order to obtain the maximum value of the field, readings

are taken sz_m%ﬂﬁ@endicuhr axes. Then,
(7) H-b - Hx & Hy * v

Where Hy, Hy and H, represent the field strength along the three
axes.

is then referred to a zerﬁ level of .,0002 Qersteds.
(8) Field level = 20 logj, t

Figure IT shows the schematic arrangement of a field measuring set. The
mumber of turns on the pickup coil will depend upon the sensitivity of the volt-
meter and the strength of the fields to be measured. If an electronic voltmeter
is used, the pickup coil must be kept far away enough from it to assure that
the field due to the voltmeter is not contributing to the results.

Typical Results
e encountered are not entirely 60 cycles as can be seen from the
analysis shown in Figure III, IV & V. Since the effectiveness of a given

value of H is proportional to frequency for both the hum measuring coil and
for most microphones tested, the effect of assuming the entire hum voltage
measured to be 60 cycles results in a correct signal-to-noise voltage ratio.
On the basis of correlation with actual listening to such a signal there may
be some merit in considering rating the microphones on a 120 or 180 cycle

field.

Hum Levels in ical Locations :
Voltage é%{m Transformer (10 fte ) £ 26,7 db
Recording Studio . £ 16.2 db
Broadcast Studio £ 15 db
Broadcast Control Room A 1 db
Fluorescent Fixture (80 watt) £ 18 db

(36 inch distance)
Gy & Og for Microphones
Gg Gy

RCA - Type T77-D Polydirectional Microphone - 139 db =151 db
RCA - Type LL-BX Velocity Microphone - 129 -149
RCA - Type BK-1lA Pressure Microphone - 116 -145

RCA - Type BK-LA Starmaker -139 -153
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From the above data the signal to noise ratio may be predicted for any given

location if the sound pressure level and hum field levels are known. The

following is an example of such a calculation.

Gy for type 77-D Microphone
Sound Pressure Level (assumed)
Output Level from Microphone
Gy for Type 77-D Microphone
Hum Level in Typical Location
Hum Level from Microphone

Signal-to-Hum ratio Gyg = (Gy - Og) oF

Co/t
/& /o0
TORNS
N */6 WIRe

g
. Lxcrmne
[y
L)
//oV
6o~
Variae
Fige 1

TRANS FORMER (MAGCNET]CALLY
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é 94 db

- 139 db
16 db

/ db

Con
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Fig. 2
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FREQUENCY- CYOL;S FPER SECOND

Fig. L - Field Analysis Near Power Amplifier,
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Fig. 5 - Field Analysis Near 30 Watt Fluorescent Fixture.
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THE CHICAGO CHAPTER PGA

R. E. Troxel, Cheirman
Chicago Chapter PGA
Shure Brothers, Inc., Chicago 10, Illinois

The Chicago Chapter of the IRE Professional Group on Audio is now entering
its second year of existence. Members in the Chicago area total 111. In
the interest of providing a service to its members, the local group has an
interesting program outlined for the next few months. This program, coupled

with the activity already past, will provide a very enjoyanle year.

The first Technical Program -of the 1952-53 year was presented on September 26.
Mr. B. B. Bauer, Vice-President--Engineering, Shure Brothers, Inc. was the
speaker. The meeting was composed of a technical paper and a demonstration
regarding "Electroacoustic Analogies for the Radio Engineer".

sarly in October the group members were given the opportunity of attending
the several acoustical and audio papers given at the National Electronics
Conference in Chicago. This Audio Session was arranzed by the IRE Profes-
sional Group on Audio and the following five papers were presented:

"High Power Audio Amplifiers" by L. F. Deise and H. J. Morrison

"Analog for Loudspeaker Design'" by J. J. Baruch and H. C. Lang
"A Ceramic Vibration Pickup" by E. V. Carlson

"Direct Measurement of the Efficiency of Loudspeakers by Use of a
Reverberation Room" by H. C. Hardy, H. H. Hall and L. G. Ramer

"Interference Effects in Magnetic Recording Heads" by A. H. Mankin
All of the above papers have appeared in the TRANSACTIONS of the IRZ-PGCA.

December brings up a paper by Mr. O. C. Bixler, Chief Engineer, Magnecord,
Inc. on "A Practical Binaural Recording System" -- a subject which hes

created much interest among the recording enthusiasts.

In February, Dan Y. Martin of The Baldwin Company is tentatively scheduled

to present a paper with a demonstration on the subject "Enhancement of Music
by Reververation". At this program the Chicago Acoustical and Audio Group
will meet with the IRE-PGA Chapter. A very interesting meeting is eanticipated.

The year's program will be completed in April when the Chicago PGA Chapter
will meet with the Acoustical and Audio Group and enjoy a paper by Winston

&. Kock, Director of Acousticc Research, Bell Telephone Laboratories on
"Recent Work in Acoustics at Bell Telephone Labvoratories".
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AN ANALOGUE FOR USE IN LOUDSPEAKER DESIGN WORK#

Jordan J. Baruch and Henry C. Lang
Acoustics Laboratory, Massachusetts Institute of Technology
Camhridge 39, Massachusetts

I. Introduction

There is, of course, nothing novel in the concept of utilizing electrical
equivalent circuits in the design or analysis of mechanical systems. Any
system whose behavior is described by a set of linear differential equations
with constant coefficients of second degree or less can generally be represent-
ed by a common electrical analogme. Usually, the designer is satisfied with
using the analytical techniques developed by the elecirical engineer in the
analysis of the equivalent circuit of his own problem. Many problems, how-
ever, wherein parametric variations are to be investigated, require some more
facile method for detecting the change in a variable produced by a given
parametric change.

It has often occurred to electrical engineers and others that in pre-
ference to performing the extensive analytical computations necessary to
determine the effects of parametric change the circuit might be tested
electrically. Such simple proportional analogues {usually called simulators)
have been constructed and used for problems varying from the analysis of
stress in an airplane wing to the transmission loss of a multiple-layer wall
structure. Indeed, many laboratories throughout the country have available
to them simulators of varying degrees of complexity which are used in every-
day analysis of loudspeakers and loudspeaker enclosures. These analogues are
used to study such effects as change in enclosure dimensions, change in cone
stiffness or mass, and other easily controllable parameters.

II. Simple Equivalent Circuit

Fig. 1. shows the equivalent circuit of an ordinary loudspeaker mounted
in an infinite baffle. The circuit contains several approximations, but is
quite valid for the frequency region. below that frequency where ‘the perimeter
of the diaphragm becomes equal to one wavelength. Actually, this is the main
region of interest for loudspeaker analysis by means of equivalent circuits.
Above this frequency, it 1s generally found that certain anomalous effects such
as cone breakup and assymmetric modes prevent the representation of the loud-
speaker as a simple lumped-constant circuit. The generator shown in the diagram
represents the voltage applied to the loudspeaker terminals muliiplied by a
simple constant determined by the voice-coil-magnet structure and the electrical
resistance. The first resistive element Rp represents the damping effect produced
by both the internal generator resistance and the resistance of the loudspeaker
voice coil. The inductor represents the acoustic mass of the diaphragm and voice
coil, the condenser, the acoustic compliance of the suspension and spider. The
next resistor represents the actual acoustical damping present at the points of
suspension. The paralldél representation of the radiation mass and resistance
_¥Presented at the National Electronics Conference, September 29, I952, in
Chicago, Illinois. Manuscript received October 2L, 1952.
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shown to the right of the diagram is valid, as stated before, for the low
frequency region, and is even approximately valid for the region above this
cutoff frequency.

In this equivalent circuit, U, the volume velocity, is analogous to
curreat, while the pressure across a branch is analogous to voltage. Evidently
then, the voltage across the inductive elements is proportional to the accelera-
tion of the moving system, the pressure across resistive elements is propor-
tional to the velocity of the system, and the pressure across a capacitive
element is proportional to the displacemert of the system. The sound pressure
produced by such a loudspeaker at a distant point in a free field or in a room
is proportional to square root of the power dissipated in the resistive radia-
tion element.

Since this power is equal to UlzRAS’ the pressure at a distant point is given
by U1J Rps. Rys, however, is simply (for a piston in an infinite baffle) 1.4/ Sp
whare Sp is the area of the diaphragm. Hence the pressure is proportional to
Ul/dd where dj is the diameter of the diaphragm. For a given diameter diaphragm,
a relative pressure response curve may be obtained by simply measuring U;.

III. The Vented Enclosure

When the loudspeaker of Fig. 1 is mounted in a vented enclosure, the circuit
diagram shown in Fig. 2. is a useful one for analysis purposes. In this circuit,
the compliance of the box is indicated by the capacitor Cyg while the port or
ports and their mechanical components are indicated by the part of circuit to
the right of the points marked XX. For the analysis of an unvented enclosure
the circuit may be broken at the points XX.

Generally, in both vented and unvented enclosures, the representation of
the coupling constant of the box by a simple capacitor is an unsatisfactory ap-
proximation. Beranek has shown in a 1950 paper before the N.E.C. that the actual
reactance which the box presents to the rear side of the loudspeaker may be some-
what better represented by a series MC circuit than a simple capacitor as shown
in Fig. 2. This series M is shown dotted in its proper position. No simple
value is given for M), since, as illustrated by Beranek this value of the in-
ductance depends largely on the ratio of loudspeaker size to the size of the box
face. For large loudspeakers in small boxes the inductor becomes fairly un-
important while for small loudspeakers in large boxes the inductor may indeed
contribute a prominent part to the impedance presented to the back of the
loudspeaker diaphragm.

The sound pressure produced in a room by a vented enclosure is dependent
no longer simply on U; but now on the vector difference between Ul/dl and U2/d2
where d] and dp are the diaphragm and port diameters respectively. This
simple vector substraction presupposes of course that the distance between the
port and loudspeaker is small compared to a wavelength in the freéquency range
of interest. For free-field analysis, the difference in path length from ob-
servor to the port or observor to the speaker must be small compared with a wave-
length. Actually, no coupling is shown in Fig. 2. between the front side of the
loudspeaker cone and the port. Various investigators are at present working
with suitable coupling circuits to represent accurately this external coupling
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. in the region of interest. Most of the work to date, however, “has shown
that, for conventional designs at least, the effect of this external coupling 5
is small because of the high impedance of”@he internal cavity.

Fig. 3 represents diagrammatically an analogue which has been-used with
some success for analysing the behavior of loudspeakers mounted in vented en-
closures. All the elements in the circuit are adjustable. The resistors re-
presenting the mechanical resistance of the speaker and the mechanical >+
resistance of the port are used in order to secure voltage takeoffs proportional
to Uy and U, respectively. The isolating amplifiers labeled G operate into a
typical summingicircuit, the output of which is fed to an automaticfrequency
response recorder. The frequency response recorder is geared to the oscillator
and simple and rapid response determinations for the system represented by the
analogue are easily obtainable. The purpose of the osciliscope across AA will
be explained in a moment. 5 ) :

k4

- -

Available in conjunction with the computing equipment aré many additional
components which may be connected at various points in the circuit. A typical
example of this is a simple RLC series circuit connected between the points
shown as XX in Fig. 3. This circuit has been investigated as the analogue of
a perforated resonant enclosure contained in the original vented enclosure.

Such a device may be désigned to reduce the resonant peak responsivle for )
generating the typical closed box "boom" effect and to reduce the upper made peak
in vented enclosures. ' R A

~

IV. Distortion Detection

As the use of the analogue was extended a severe limitation was observed,
which made its usefulness in some problems fairly marginal. Ventszd.enclosures,
for example, have often achieved notoriety because of the ease witn which they
produce distortion at the lower freguencies. This distortion is generally
attributable to two factors. Either the suspension behaves in a nonlinear
fashion under large excursions or the voice coil wanders out of the linear region
of the magnetic field. We are, of course, excluding the type of distortion
produced by loose bolts, scraping wires, and a voice coil which is incorrectly =
centered. For the time being, we will consider only the simple type of non- )
linear distortion produced by excessive cone excursion. -

In general, the cone excursion may be represented by the voltage across
the condenser C ... Idealy, the effect of this nonlinearity of the remainder of
the circuit canmée shown by introducing a nonlinear circuit element which limits
the current U at a predetermined level of V.. Actually such an arrangement,
is somewhat difficult to achieve in practice. One requires a condenser having
a capacitance which may be reduced to a small value by an excess of voltage
across it. In general, however, the major problem is to avoid distortion rather
than to study its effect on the remainder of the circuit. A circumstance under
which this is not the case will be described later.

The circuit shown in Fig. UL has proven quite useful for rapidly
analysing the effects of additional elements and meshes on the. frequency at
which distortion occurs and the distortion level of a loudspeaker. It is a -
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simple clipping circuit whose output is shown on the osciliscope and which is
connected across points AA. The wave-form on the tscope takes on the character-
istic flat top of a distorted displacement wave. Actually, of course, this
circuit does not decrease the volume velocity at a given level of voltage but
increases it. It nonetheless yields a very striking and simple method for de-
tecting the presence of distortion in the eventual loudspeaker. Since the ad-
dition of the circuit shown in Fig. 4 the ordinary frequency analysis curves have
been used to show up the point at which distourtion will start. The transients
introduced in the remainder of the circuit by the clipping action show up on a
level recorder plot as sharp spikes, and indicate immediately the location of
the distortion frequency. Adjustment of the potentiometers shown in Fig. L
permits one to compensate the circuit for various measured displacement dis-
tortion characteristics of given loudspeakers.

V. Distortion Analysis

There is, as mentioned earlier, a type of loudspeaker construction where the
distortion produced by the loudspeaker must be reproduced in the circuit itself
in order to secure an accurate knowledge of the behavior of the loudspeaker en-
closure. A typical example of such a case is the loudspeaker shown in Fig. 5.
Here the loudspeaker is enclosed in a box. The only point of egress for its
radiation is through the small ports. The equivalent circuit of Fig. 3 may be
used to represent this arrangement provided thzt the radiation elements in the
left hand mesh (RAS and M,.) are eliminated and the size of the condenser C
is reduced to account for the added stiffness presented by the air cavity bggind
the speaker. In this case, the only volume velocity effective in producing a
sound pressure at a distance is U,. Note, however, that any distortion present
in the radiation from the loudspeaker reaches the listener after having passed’
through an L-C filter. Thus the relative levels of the distortion components
have been altered by the time they reach the observer. Evidently, in order to
analyze such a system, it is necessary that the distortion components in U
produced by bcth displacement and magnetic nonlinearities be reproduced
faithfully in their effect on U2. Thus, for such an enclosure-filter combination
We require a nonlinear element which will reduce U as the voltage across Cpys

reaches some crtitical value.
1

An amplifier having capacitive feedback around it presents an impedance,
when properly connected, which loocks like a capacitor whose value is linearly de-
pendent on the gain of the amplifier. At present, a saturable amplifier is
under construction at the laboratory for use in such a feedback circuit. The
device, whose behavior is being studied as a bachelor's thesis, will it is hoped,
present a capacitive impedance which is linear over most of its range but
which drops very rapidly as the input voltage is increased. The substitution
of such a feedback amplifier for Cyg will permit more accurate and more detailed
analyses on the types of distortion produced by loudspeakers and the effects
of the loudspeaker mounting system on the amount of this distortion perceivable
to the listener. The amplifier is being designed for both symmetric and asymetric
clipping to permit investigations of even as well as odd harmonic distortion.

The entire simulator described in this paper is constructed ol toridal
inductors, paper capacitors, and decade resistors.  In order to improve the
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Q of the inductors, and in order to achieve a sensible impedance level, the
values of I, R ﬁnd C calculated using the CGS system for loudspeakers are
mltiplied by 104, 105 and 10-6 respectively. This transformation increases
the impedance lpvel of the circuit by a factor of 107, and decreases the time
scale by a factor of 10. Thus the twenty cycle response of the loudspeaker
is measured by feeding thz equivalent circuit analogue with a two hundred
cycle signal. Unless such time-scale and impedance-scale changes are made, the
equipment becomes extremely bulky. To provide for more complicated circuits
and more complex enclosures, the analogue contains eight variable inductors,
twelve variable resistors, and ten variable capacitors. Should the needs of
the art outstrip the facilities of the analogue computor, more parts may be
easily added in the ‘remaining space. Isolating amplifiers are included, to
facilitate inspection of various voltages throughout the circuit. It is to

be hoped that eventually transient analyses as well as frequency analyses will
be periormed with the computort!s aid.

Muws Cus  Rus Ras Uy

S LY S BV

) Ey BL .
O revre v

82 L2
Rg#ﬁ

Fige 1 - Equivalent circuit of a loudspeaker mounted in an infinite baffle.
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Fig. 2 - Equivalent circuit of a loudspeaker mounted in a vented enclosure.,
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Fig. 5 - Sectional views of completely enclosed loudspeaker.
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A PRACTICAL BINAURAL RECORDING SYSTEM

Otto C. Bixler
Magnecord, Inc.
Chicago, Illinois

SUMMARY

A practical binaural recording unit was designed and manufactured to extend
the present day high quality sound recording-reproducing equipment develop-
ment so as to utilize some of the benefits inherent in a stereophonic system.

A review of theoretical factors involved in binaural sound recording and
reproduction is preéented, with a description of the technical equipment
developed to provide a high quality binaural system consistent with reason-
able overall equipment cost. Some novel problems and effects encountered in
the development program, as well as experiences with binaural recording
techinques in the fields of radio transmission, court room recording, and
test instrumentation, are described. -

BINAURAL HEARING - DESIGN OBJECTIVE

Binaural hearing ability has been granted to most living creatures in order

. that they may be well adapted to fitting into a three=dimensional world and

to provide them with sufficient protective mechanisms to increase their
chances of survival. Binaural hearing is a valuable sense which furnishes
the listener with not only direction of sound origin and a measure of the
distance to the source, but also a general perception of the environmental
surroundings in which the listener finds himself when the sound is emitted.

Present day high quality sound systems are nearing the peak of monaural
perfection. It was believed that considerable public interest could be
developed if an enhanced method of listening were provided. It was there-
fore decided to produce a simple, practical, low-cost commercial binaural re-
cording-reproducing system.

THE MECHANISM OF AUDITORY PERSPECTIVE

It is to be noted that a human's ears and brain constitutes a directional
computing system based upon their phase and amplitude sensitivity. This
dual system has a sensitivity versus frequency cross-over area determined
as follows: the average low frequency ear phase sensitivity is from the
lowest frequency of sound detection up to approximately 800 to 1000 cycles
per second. The sensitive transducers of each ear furnishes data to the
brain computing system, which allows a perception of sound origin or di-
rectivity by binaural phase comparison over this frequency range. Above

this frequency range, the wave lengths of sound are so short that the ear phase

discrimination falls off rapidly and no comparison above 1000 cycles is pos-
sible. The amplitude of a low frequency sound below 800 to 1000 cycles per
second is nearly equal at both ears since these long wave lengths readily
pass around the cranium obstruction without amplitude loss. This means that

sPresented at the Audio Session of the IRE Convention in Long Beach,
California on August 29, 1952. Manuscript received December 22, 1952.
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the effective ear-mental sensitivity to amplitude differential falls off
rapidly below 1000 cycles per second. In the region above 800 to 1000

" cycles per second, the amplitude sensitivity of each ear becomes important.
The physics of sound propagation is such that frequencies above 1000 cycles
are attenuated by passing around the cranium. The ears' amplitude sensitivi-
ty range continues up to the highest frequency perception limit, which
allows directional computation by amplitude comparison between the two ears.
The amplitude sensitivity range of the ear is of course defined by the
dynamic volume range shown in the standard Fletcher-Munson hearing curves,
modified by the room masking level (Reference #1).

The overall computing system for direction is therefore quite effective
from the lowest frequency to the highest frequency of sound perception.
Figure 1 shows diagrammatically that high frequencies strike the nearest
ear to the sound source with full amplitude, but effectively pass by the
cranial obstruction without striking the far ear. There is a loss in the
order of 30db at 10 kilocycles between the near and the far ear for sounds
originating on the axis of the ears. Low frequency sound striking the near
ear passes readily around the cranial obstruction so that there is only a
3db loss between the near ear and the far ear.

It may be shown that the portion of the normal auditory perspective due to
phase sensitivity, is related to the distance between the human ears. Under
the conditions that an observer has a between the ears distance of 6.78"
and with a speed of sound in air of 1130 ft/sec., then the maximum frequency
f, that the ears may compare phase on, without redundancy, is equal to a
half wave length.)\ 3 which is the distance between the ears.

If N\ = 6.78 x 2/12, then £ = 1130 =
RN

1130 4 - 10

Fo7g 2/12 = 1000 cycles per second
This then is the maximum possible frequency for binaural phase detection.
Average sound sources possess frequencies both below and above the cross-
over range of 800 to 1000 cycles. The listener therefore locates the direction
of such a combination sound source by both phase and amplitude methods. This
enables one to derive a very accurate angular localization.

Two methods are also available for measuring the distance from the listener
to the sound source. Since the phase shift of sound of a given frequency
is a function of both angular location as well as distance to the binaural
listener, a measure of the distance to the sound source is available to the
gental computer when the source to listener distance is small. Experience
in listening results in an ability to measure the distance to a sound source;
- the mental computing mechanism calculates the distance by .comparing the
ratios of tpe amplitude and the phase of the direct sound to reverberant
sound reaching the ears. This is, of course, dependent upon room acoustics.
Expgrience in a given room, or Mawareness" of its characteristics allows the
ratio to be measured automatically.

LISTENING METHODS

The human being, who has been'given this wonderful sense of binaural hearing,
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achieves a false auditory perspective when monaural recordings are played
back. Re-creation of an original sound field varying in amplitude and phase
is accomplished by means of stereophonic recording and reproduction. This
term "stereophonic" was developed to describe a system for re-creating at

any plane in space, the passage of an original sound field with both correct
amplitude and phase relationships. Many years of research and experimentation
have shown that a very satisfactory re-creation of sound could be achieved
through the use of a recording system utilizing three microphones and three
sound tracks, which is then reproduced at a later time through a sound system
terminating in three loud speakers. The mechanisms of. such a system are
currently well known, however, because of costs and technical complexities,
they are not in present use to any great commercial extent. True stereo sound
is quite difficult in technical achievement, and is comparatively costly in
the forms which have been demonstrated to the public to date. Both stereo and
binaurally reproduced sound have the characteristic of apparently placing the
listener in the original sound field. It is this psychological effect which
contributes so much to the realism of the reproduced sound.

Earphone sound possesses more binaural enhancement and apparent fidelity than
does binaurally reproduced loud speaker sound due to the inherent sound isola-
tion given to the ears by earphones. Experiments and tests with binaural

loud speaker reproduction were carried out, and while it was found that some
stereo deterioration occurred, it was possible through careful direction ard
placement of the loud speakers to achieve a considerable improvement over
monaural reproduction.  Excellent loud speaker listening can be accomplished
by spacing the two reproducer loud speakers and the listener at the corners

of an isosceles triangle, of perhaps 8 to 12 feet on a side. A somewhat larger
listening audience may be accomodated by spacing with as much as 25 foot per
triangle side; however, as the distance is increased, the effective sound
directivity decreases, so that binaural listening suffers due to the lack of
isolation between the sound channels.

Listening tests with such a system brought to light - an interesting phenomenon
due to the mental correlation of the strictly random background noise pulses
(*hiss") present in the separate sound channels. The result of the mental
correlation was that focused listening attention was directed toward apparent
spacially localized noise sources. This resulted in the subjective raising

of the background noise level and a coarsening of the apparent noise source.

The random nature of the original white noise was effectively disturbed by false
phase and amplitude coincidence, as correlated by the brain to produce apparent-
1y localized sources of noise.

SPACIAL DISTORTION

Spacial distortion, a form of distortion which is rarely mentioned and seldom
commented upon, is the spacial distortion of a spacially disposed multiple

sound source. Focused listening attention may be directed toward spacially
disposed sources so as to sort out sound as much as 13db below the general

noise background so as to secure intelligibility. Listening tests on monaurally
reproduced sound shows that it is difficult to concentrate to the point of de-

tecting the intelligence content of a single sound present in a generally noisy
background.
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A SIMPLE BINAURAL SYSTEM

Figure 2 shows a binaural sound system complete from sound origination in
microphones, through amplifier including pre-equalizer, recorder, tape,
playback amplifier including post equalization, loud speaker system, and
listener. Microphone placement techniques for binaural recording vary
somewhat at the present due to notable divergencies of opinions. This is in
part caused by characteristic variations of. both microphones and loud
speakers, as well as the effect of the acoustics of both the pickup point

as well as the reproduction room. -

The simplest binaural system for obtaining correct results should obviously
use microphones whose pickup patterns approach that of a normal, human ear,
This can be accomplished by using so-called non-directional or semi-directional
microphones, which actually do have some directional pattern, and mounting
them pointing slightly outward on either side of an acoustic septum, which
represents the cranium obstruction. This microphone system is the equivalent
of a theoretical binaural listener and faithfully picks wp sound for binaural
storage.in a tape recording system; the signal reaching each microphone being
stored separately. The techniques of modern tape recording are such that a
number of commercial machines are currently using half the area of 1/4" plastic
base magnetic tape for high quality speech armd music recording. This means
that each half of the tape can be used for storing the information derived from
a single microphone and amplifier channel, which allows a true binaural record-
ing system to be developed.

A dual amplifier system was built to record or reproduce using this mechanism.
When the recorded material is rewound and played back through the two amplifiers,
which are also maintained as entirely separate channels, and the outputs are

fed independently to Speakers, a complete binaural recording and reproduction
system is obtained. A second method of audible reproduction is provided for

by connecting each reproducing channel to a single earphone in an especially
designed binaural headphone set.

THE TAPE TRANSPORT

The development of a binaural tape transport from a standard Magnecord

PT63-A was possible, because this basic unit incorporates an assembly of three
magnetic heads.. The tape passes in succession over an erase head, recording
head, and a tape monitor head. The full track recording and tape monitor heads
were simply replaced with half-track recording heads arranged to record on
opposite edges of the tape. This, of course, sacrificed the facility of
monitoring from the tape while recording. However, this was not thought to

be a serious loss because of the reliable nature of magnetic recording. It

erase head, the recording bias winding being a very small impedance. Using
this arrangement, it was therefore only necessary to supply proper pole pieces
and to reconnect the tape transport's internal wiring in order to accomodate
the second recording channel. The existing plug and receptacle arrangements
were such as to automatically maintain channel identity between tape transport
and amplifier units. The half-track recording pole pieces were made by cutting
away slightly more than half of the standard Mumetal pole pieces and solder-
ing into place an equivalent size brass insert to fully support the tape.




TRANSACTIONS OF THE IRE-PGA -18- | JANUARY-FEBRUARY, 1953

THE AMPLIFIER UNIT

A new portable dual record-reproduce amplifier unit was designed, incorporat-
ing the characteristics of existing recording equipment amplifiers, except
that miniaturization techniques were employed in order to package this unit
in the same space as previously occupied by a single channel amplifier. The
special features of this dual amplifier unit include individual illuminated
VU meters for each channel, individual channel gain controls, and a single
(dual) overall master gain control which simultaneously controls the gain of
both channels, a special binaural headphone receptacle, and a single panel
mounted monitor speaker with a unique volume control. This volume control is
so arranged that the speaker is off when the control is at its center position.
Maximum loud speaker volume for the one channel is obtained with clockwise
control rotation, and maximum volume for the other channel is obtained with
counter-clockwise rotation.

The individual amplifier tube lineup consists of two 5879's followed by a dual
triode 12AX7, the second half of which is an inverter driving a pair of
push-pull 6AQ5 tubes. A multiple section shielded selector-switch switches
the equalization and input-output connections simultaneously for both ampli-
fiers in order to change the unit function from record to playback. A

full wave selenium rectifier provides DC filament power for the input tubes.
The two independent 10 watt amplifier outputs are provided with nominal im-
pedances of L and 16 ohms, as well as a 600 ohm balanced connection at plus
Ldbm. Pre-and-post equalization is used in order to yield a flat response
from 50 cycles to 15kc, plus or minus 2 db at 15 inches per second tape speed.
An optional equalization facility is provided to allow operation at 7-1/2
inches per second with a 50 cycle to 7.5kc plus or minus 2db response. A
signal to noise ratio of 50db may be achieved with this equipment. A 35db
signal to cross-talk ratio between channels caused by magnetic coupling occurs
at 50 cycles,but drops with frequency increase until it is below the tape
noise at around 100 cycles per second.

Since accurate binaural localization depends to a considerable degree upon
amplitude comparisons,a means of electronic balancing of both the recording

and reproducing circuits is provided through the use of a calibration button
which introduces a 60cps signal simultaneously into the first stage of each

of the amplifiers. The individual channel gain controls may then be ad-

Justed to yield equal VU meter readings. When recorded, this cal ibration signal
allows balancing of the playback amplifier gains in a similar manner.

EQUIPMENT APPLICATIONS

The first binaural experimental units were built for an automobile manufacturer
for laboratory and field use. Additional units were built for demonstration
use to acquaint the public with this new medium and to "feel-cut" the possible
market applications of the equipment. In the first public demonstrations of
binaurally reproduced music and sound, it was not possible to present the
technical usefulness of this device and to poll:the research workers properly
since such a large group of music lovers invariably gathered so as to com-
pletely prevent adequate demonstration of the equipment to technical personnel.
It has therefore been necessary to carry out considerable specialized work
investigating the different fields of application. These endeavors are de-
scribed in the following paragraphs:
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POLICE WORK

Police and Secret Service Departments have begun to make use of binaural re-
cerding techniques for surreptitious recording since this method overcomes
11 accepted methods of masking voice intelligibility. A monaural recorde
ing system cannot overcome background noises, the running of water, the
turning up of radio volume, etc. A binaural system permits spacial location
of the masking source and allows focused listening attention to be directed
to the intelligence source so as to achieve intelligibility under all of
these conditions. It has been found that it is possible to obtain come
plete transcripts from recordings made under condi.tions where previcusly
nothing useful could be obtained, A

COURT ROCM REPORTING

Court reporting is an exceedingly imoortant application of binaural re-
cording equipment which assures accurate court records, including makirg a
positive identificaticn of persons in the court room. A study of monaural
court reporting has been carried out by Mr. Ray Hurst (Reference # 6),

who has clearly shown that court records are often at variance with what
actually transpires because court clerks are unable to follow testimony fast
encugh to accurately transcribe it as it is presented. Often the clerk

may hear something wrong and can also be guilty of making obvious mistakes.,
Cn one occasion, to our knowledge, it has been necessary to reverse a written
court record which occurred due to a stenographic error. We have faollowed

up this original monaural recording work by making binaural recordings in
the State of Wisconsin Circuit Courts. The results achieved in recording
actual court room procedures were more than gratifying. By properly dis-
posing the microphones, excellent binaural recordings were made, which ree
sulted in 100% intelligibility on playback, even when as many as three people
were talking at once., €.g., the Statels Attorney, the defense attorney,

and the regular court reporter, who was inquiring concerning something which
he had not heard well.

Experimental court room set~-ups for the microphone locations resulted in
placing one slightly in front of the intersection of the Bench and

the witness's chair, and the other at the corner of the counsel table about
15 feet from the first microphone. This located the Jjudge and witness near
one microphone, while the two attorneys! positions were relatively close to
the second microphone. The usual court room distractions went on throughout.
the recordings; extraneous noiges included the building radiator noisges,
rattling of papers by court reporter and judge, coughing of people throughout
the room, etc. The excellent results obtained have caused other courts to
begin preliminary studies of this medium,

RECORDING OF HEARINGS

Another use of the binaural recordirg method is found in recording the
proceedings of large Commissicrs where discussions may be originated from
any position throughout a large group of people. Tests were made in hearings
before the Public Service Commission of Wisconsin, in a room,perhaps, 25 x 50
feet in size. Speeches came from all parts of the room. The microphones
vere placed in one end of the room aboul 15 feet apart, near to the pre-
siding member of the Cormmission. It was found in these tests that complete
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understanding was had during playback of every speech made throughout the
Appearances with the exception of speeches which came from the court reporter.
This man did not speak plainly, and could not be understood in the room at

the time when the original recordings were made. All speeches, even those
coming from the rear of the room, showed a high degree of intelligibility, which
was not found when only monaural reproduction of the recordings was made.

SYMPHONIC AND ORCHESTRAL RECORDINGS

Excellent recordings have been made of large University bands; experimental
recordings have been made of the University of Wisconsin band as well as of
the University of Illinois band. An interesting occurance took place during

a reproduction of one of the recordings which had just been completed in a
large music hall. One of the caretzkers approached, slipped on a headphone
set and with a very startled look, wheeled around and stared at the empty
stage. The "three-dimensional' listening effect had fooled him into believing
that the band was still on the stage. Such involuntary reacticns are a
tribute tc the effectiveness of binaural recording. From a music lover's stand-
peint, the improvement in realism with binaurally reproduced music is the

most important improvement factor of such a system. Indications to date are
that the additional complexity and cost of such a system as is described here
are very acceptable in view of the results obtained.

RADIO BROADCASTING

In order to test public acceptance of this "new medium", experiments have
been conducted utilizing simultaneous broadcasts over radio stations having
both AM and FM facilities. Spot announcements and newspaper advertisements
giving careful instructions to listeners were provided throughout the days
preceding the broadcast concerning the fact that separate microphones were to
be fed intoc the AM and FM channels so as to achieve a binaural effect. In-
structions were issued telling the listener how to set-up his AM and FM re-
ceivers for the best listening effect. Very gratifying resuvlts have been
. achieved on radio stations WGN and WGNB, in Chicago. Sufficient interest in
this "new medium" has been stirred up so that AM-FM binaural broadcasts have
also been carried on experimentally by WJR in Detroit, WGAR in Cleveland, WQXR
in New York, and elsewhere. It has been found that considerable listening
enhancement in the home may be had using a quality FM receiver for one channel
and a small "kitchen variety" AC-DC set for the AM channel. The reaction of
music lovers to the Improvement has been astounding. The orly additional
facilities required by a radio station for such a binaural broadcast are the
use of a second microphone and separate amplifiers for the separate channel
inputs to their respective AM and FM facilities. Since most radio stations
have these facilities already, no additional expenditure is required for a
direct binaural broadcast. Delayed broadcasts, and "canned" music of cowrse
may be handled directly by the binaural recorder described in this article.

In tests conducted in conjunction with a broadcast of the Chicago Philharmonic
Orchestra, it was found that the introduction of individual reverberation
chambers into the.separate binaural channels detracted considerably from the
quality of the transmission, to the point of almost completely destroying

the binaural effect. The directorial staff assigned to production were in

the habit of using reverberation for enhancement of their regular monaural
symphony broadcasts. However, experimentation demonstrated that there was

no question but that the binaural effect provided sufficient additicnal en=-
hancement to far make up for the loss of the questicnable reverberant enhancement.
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EDUCATIONAL PROGRAMS

Demonstrations of the usefulness of this medium in audio-visual education
progrems have already disclosed that the third dimensional realism is of
considerable assistance in the critical analysis associated with speech
classes, band and choir practicing, dramatlcs, etc. The auditory "liveness"
inherent in stereo localization is a major step forward in this field. Several
well known ch01rs and orchestras now use this system as an accepted rehearsal
tool, .

RESEARCE APPLICATICNS

For the majority of commercial applications, binaural'!s usefulness lies in

the information identifying field where informati on is norm 1lly obscured

or masked by a multiple sound background as reproduced by a monaural

system. One of the current field uses of the binaural recording system is by
a prcminent automobile manufacturer, who has standardized experiments with

the equipment to assist in Judging noise factors in.newly designed automobiles.
Tape editing allows ready A-B testing, so as to allow judging between auto-
mobiles with a critical view toward improvement in design as changes are made.

Considerable research (Reference # 7) has been carried out to improve the
"muddy" sounding emphasized bass that results from monaural recordings of
engine noises. Deisel engines as well as conventional gasoline autcmobile
engines,both indoors and out-of-doors, were tested yielding the same un-real-
istic sounding recordings with monaural systems. Road rumble recorded during
automrtive road testing with a monaural system seemed to come from all di-
rections thus effectively obscuring the test information. Binaural record-
ing overcomes both these effects and through the realism and assignment of
sound direction allows evaluation testing to be carried out.

A non~binaural laboratory use of the equlpment is dual channel recording of
simultaeneous information and the recording of separate commentary during a
s1ng1e channel informatlon recording.

CONCLUSICN

In the short time since the introduction of the commercial binaural recorder,
it has already proven its usefulness. The simplicity of the system developed
no doubt has contributed to its wide spread acceptance.
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SEMINAR ON ACOUSTICS FOR RADIO ENGINEERS

The growth of Audio Technology during the past decade has greatly
increased the number of IRE members interested in Audio. Many
members have entered this field only recently. Others, busy
with everyday tasks, have not had a chance to keep up with the
advances in Audio outside 0f their immediate field of speciali-
zation.

To serve these members more effectively, the PGA has organized
a8 Seminar in Acoustics which will be held during the IRE Spring
Convention. This Seminar will provide an opportunity for the
0old and the new members to exchange ideas regarding fundamental
principles and the latest techniques with authorities in various
fields of Audio.

The Seminar will occupy one full day of sessions at the Spring
National Convention in New York on Wednesday, March 25. The
subjects and the speakers will be as follows: '

1. "Fundamental Theory" -- Leo L. Beranek, M.I.T., Cambridge,
Massachusetts '

2. '"Microphones" -- Harry F. Olson, R.C.A., Princeton,
New Jersey

3. '"Loudspeakers" -- Hugh S. Knowles, Industrial Research
Products, Inc., Franklin Park, Illinois

. "Phonograph Reproducers" -- Benjamin B. Bauer, Shure
Brothers, Inc., Chicago, Illinois

5. "Tape Recording" -- Marvin Camras, Armour Research
Foundation, Chicago, Illinois

6. "Studio Acoustics" -- Hale J. Sabine, Celotex Company,
Chicago, Illinois

IGA Chairman Jordan J. Baruch‘of M.I.T. will act as moderator.
All IRE members interested in Audio Technology are invited to

attend and will be assured of an interesting and instructive
session.
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EPORT OF THE SECRETARY-TREASURER

Marvin.Camras
Armour Research Foundation, Chicago 16, Illinois

In keeping with the growth of PGA, our income has increased steadily.
The balance in our treasury has grown even after the rising publication
expenses were deducted. Our financial status at the close of the last
three reported periods is: )

Pefiod Ending Period Ending Period Ending
September 30, 1952 °  June 30, 1952 March 30, 1352 -

RECEIPTS
Assessments  $3776.00 $3554.00 $2248.00
‘Other income . 765.21 . 533.60. 175.44
Matched funds . _1500.00 . 1000.00 1000.00
Total Income $6245,21 $5087.60 $3423.44

EXPENSES . 3273.09 2651.33 . 1905.49

BALANCE ON HAND  $2972.12 $2436.27 $1517.95

Total membership increased from 1653 at the end of June, to 1787 at the
end of September. Institutional'listings, a major source of our income,
is at an all time high of 21 companies. .

PGA PEOPLE

OTTO-C. BIXLER is Director of Engineering and Research at Magnecord, Inc.
His responsibilities include the development of commercial magnetic recordinsg
equipment as well as Government research projects.

Previously, Mr. Bixler was associated with Airesearch Manufacturing
Company as an electrical development engineer on aircraft and guided
missile applications of special electronic ezuipment. DBefore that he
was with Western Electric in the Electrical Resecarch Products Division,
where he served as Systems Zngineer on electronic equipment. This work
included both optical and magnetic recording projects as well as the
design of control equipment. He transferred to this position from
destern Electric's Radio Division where he was Senior Engineer on radar
fire control and search systems as well as sonar systems. Prior to this .
time Mr. Bixler was engaged in engineering .cost and valuation work for
The Southern California Edison Company Limited.

Mr. Bixler is an active member of the Chicago Chapter PGA.




INSTITUTIONAL LISTINGS (Continued)

AUDIOPHILE RECORDS, Saukville, Wisconsin
High Quality Disc Recordings for Wide Range Equipment

ATLAS SOUND CORPORATION, 1443 - 39th Street, Brooklyn, New York
Loudspeakers, Public Address, Microphone Supports, Baffles

THE ASTATIC CORPORATION, Harbor and Jackson Streets, Conneaut, Ohio
Microphones, Pickups, TV-FM Boosters, Recording Heads, Acoustical Devices

AMPEX ELECTRIC CORPORATION, 934 Charter Street, Redwood City,
Magnetic Tape Recorders for Audio and Test Data

California
AMPERITE COMPANY, INC., 561 Broadway, New York 12, New York
Ribbon Microphone, Dynamic Microphone, Kontak Microphone, Delay Relays

ALTEC LANSING CORPORATION, 9356 Santa Monica Bivd., Ceverly Hiils,

Microphones, Speakers, Amplifiers, Transformers, Speech Input

California

ALLIED RADIO, 833 West Jackson Blvd., Chicago 7, lllinois

Everything in Radio, Television, and Industrial Electronics

Charge for listing in six consecutive issues of the TRANSACTIONS—$25.00.
Application for listing may be made to the Secretary-Treasurer of the PGA,
Marvin Camras, Armour Research Foundation, Chicago 16, lilinois.



INSTITUTIONAL LISTINGS

The IRE Professional Group on Audio is grateful for the assistance given by the
firms listed below, and invites application for Institutional Listing from other firms
interested in Audio Technology.

_UNIVERSITY LOUDSPEAKERS, INC., 80 South Kensico Avenue, White Plains, N. Y.
Manufacturers of Public Address and High Fidelity Loudspeakers

UNITED TRANSFORMER COMPANY, 150 Varick Street, New York, New York

Transformers, Filters and Reactors

THE TURNER COMPANY, Cedar Rapids, lowa

Microphones, Television Boosters, Acoustic Devices

SHURE BROTHERS, INC., 225 West Huron Street, Chicago 10, lllinois
Microphones, Pickups, Recording Heads, Acoustic Devices

PERMOFLUX CORPORATION, 4900 West Grand Avenue, Chicago 39, lllinois
Loudspeakers, Headphones, Cee-Cors (Hipersil Transformer Cores)

McINTOSH LABORATORIES, INC., 320 Water Street, Binghamton, New York
Wide-Range Low-Distortion Audio Amplifiers

MAGNECORD, INC., 360 North Michigan Avenue, Chicago 1, lllinois
Special & Professional Magnetic Tape Recording Equipment

JAMES B. LANSING SOUND, INC., 2439 Fletcher Dri\}e, Los Angeles 39, California
Loudspeakers and Transducers of All Types

JENSEN MANUFACTURING COMPANY, 6601 South Laramie Avenue, Chicago 38, lllinois
Loudspeakers, Reproducer Systems, Enclosures

ELECTRO-VYOICE, INC., Buchanan, Michigan
Microphones, Pickups, Speakers, Television Boosters, Acoustic Devices

THE DAVEN COMPANY, 191 Central Avenue, Newark 4, New Jersey

Attenuators, Potentiometers, Resistors, Rotary Switches, Test Equipment

CINEMA ENGINEERING COMPANY, 1510 West Verdugo Avenue, Burbank, California

Equalizers, Attentuators, Communication Equipment

THE BRUSH DEVELOPMENT COMPANY, 3405 Perkins Avenue, Cleveland 14, Ohio

Piezoelectric, Acoustic, Ultrasonic, and Recording Products; Instruments

BERLANT ASSOCIATES, 4917 West Jefferson Blvd., Los Angeles 16, California
Magnetic Tape Equipment for Audio and Instrumentation Recording

(Please see inside back cover for additional names)



Transactions

of the I’R‘E

Professional Group on Audio

A Group of Members of the I. R. E. devoted to the Advancement of Audio Technology

March — April, 1953

Published Bi-Monthly

Volume AU-1 Number 2

TABLE OF CONTENTS

TECHNICAL EDITORIAL

Electronic Music—Past, Present and Future...................... Earle L. Kent 1
PGA NEWS
Report of Southwestern IRE Conference and Electronics Show

B. B. Baver 6
Report of the Secretary-Tredsurer............ccccoocervinnnnn. Marvin Camras 7

Report of the Activities of the Tapescript Committee......A. B. Jacobsen 8

TECHNICAL PAPERS

Analysis of a Single-Ended-Push-Pull Audio Amplifier............ Chai Yeh 9
Equalization of Magnetic Tape Recorders for Audio and

Instrumentation Applications.............ccociiiiiiiiniinns Frank Lennert 20
Why Fight Grid Current in Class B Modulators?................... J. L. Hollis 26
Microphone Sensitivity Conversion Chart......................... Leo Rosenman 33
PGA INSTITUTIONAL LISTINGS........ccoveiiiiiiiiiiiiiiiice Back Cover

The Institute of Radio Engineers




I.R.E. PROFESSIONAL GROUP ON AUDIO

The Professional Group on Audio is a Society, within the framework of the
LR.E., of Members with principal Professional interest in Audio Technology.
All members of the L.R.E. are eligible for membership in the Group and will

receive all Group publications upon payment of prescribed assessments.
Annual Assessment: $2.00

Administrative Committee for 1952-1953

Chairman: J. J. BarucH, Massachusetts Institute of Technology,
Cambridge 39, Massachusetis

Vice-Chairman: J. K. HiLriarp, Altec Lansing Corporation,
* 9356 Santa Monica Blvd., Beverly Hills, California

Secretary-Treasurer: ~ M. Camras, Armour Research Foundation,
35 West 33rd Street, Chicago 16, Illinois
Members: S. L. Aumas, K.LL.A. Laboratories, Inc.,
7422 Woodward, Detroit 2, Michigan
V. SaLmon, Stanford Research Institute,
Stanford, California

A. M. Wiceins, Electro Voice, Inc., Buchanan, Michigan

The TRANSACTIONS of the L.R.E. Professional Group on Audio
Published by the Institute of Radio Engineers, Inc., for the Professional Group
on Audio at 1 East 79th Street, New York 21, New York. Responsibility for the
contents rests upon the authors, and not upon the Institute, the Group, or its

Members. Individual copies available for sale 1o L.R.E.-P.G.A. Members at
$0.80; to LR.E. Members at $1.20; and to nonmembers at $2.40.

Editorial Committee
Editor-in-Chief: B. B. Baugg, Shure Brothers, Inc., 225 West Huron
Street, Chicago 10, Illinois

Eastern Editor: J. J. BarucH, Massachusetts Institute of Technology,
Cambridge 39, Massachusetts

Midwestern Editor: D. W. MartiN, Baldwin Company, 1801 Gilbert Avenue,
Cincinnati 2, Ohio

Western Editor: VINCENT SALMON, Stanford Research Institute,
Stanford, California

Copyright, 1953 — THE InsTiTUTE OF RaDlO ENcINEERS, INC.

All rights, including translations, are reserved by the Institute. Requests for republication privi-
leges should be addressed to the Institute of Radio Engineers, 1 E. 79th St., New York 21, N. Y.




TRANSACTIONS OF THE IRE-PGA -1- MARCH-APRTL, 1953

ELECTRONIC MUSIC - PAST, PRESENT AND FUTURE#

Earle L. Kent
C. G. Conn, Ltd.
. Elkhart, Indiana

r

In keeping with the PGA policy of including, from time to time, subjects
outside of the strict boundaries of Technology, we have invited Dr. Kent
to submit his very fine review of Electronic Music. Future developments
in Audio ieChniques, and, therefore, this subject is bound to be of in-
terest to all FGA members. — Editorial Cormittee.

In ancient time the Greek musical theorists applied the word "organic,"
as a general temm,to ins‘trumental music. For several centuries the term
organ has been applied to musical instruments, wherein the tones are gener~
ated by pipes blown by suitable means with air under pressure. The principle
involved in obtaining sound from a pipe with wind pressure dates back to
about 284 to 246 B.C. By 100 A.D. the organ embraced about three octaves,
and water was used to obtain steady wind pressure. During this long period
the organ was gradually improved, and electricity has played an increasing
role in recent years. First, electrically driven blowers replaced the
man-power required to furnish the air pressure and then electromagnets re-
placed the manually operated air valves to greatly reduce the physical
effort required to play the organ.

For the past 55 years various attempts have been made to produce musical
tones electrically. The first instrument of note that produced tones elec-
trically was built long before vacuum tube amplifiers were available, and it
comprised over thirty carloads of equipment. Since that time several hundred
patents have been issued on instruments that produce musical tones electric-
ally, and great strides have been made in electronic circuits and components.,
At present there are a number of electronic musical instruments on the mar-
ket and activity in this field is growing at an exponential rate.

There are several factors that work against making improvements in
musical instruments. In fact, improvements in musical instruments are up
against the most formidable combindtion of conservatism confronting any
product. Between thé manufacturer and the consuming public stand several
conservative forces. They are the teacher, the composer, the music pub-

lisher, the musician, and the listening public.

During the past 75 years the Conn company has witnessed cases of inertia
thdat are almost unbelievable, The flute used today is hardly distinguishable
from the flute as it came from Boehm's hands in 1847, but only in the past

#Part’' of paper presented before the Chicago Section, Institute of Radio
Engineers on December 19, 1952. Manuscript received January 23, 1953.
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forty years has it won undisputed and universal acceptance. Similar
stories can be told about the clarinet, cornet, freneh hom, and other
musical instruments. Some improvements have made the grade after many
years of struggle, but many have not. For example, the Conn company
developed the mezzo-soprano saxophone in F about 30 years ago. Many
thought that the Eb alto was not a good lead voice for the saxophone
choir because it was really an alto and pitched too low for a lead.

The B soprano was difficult to play. The F saxophone seemed to be the
answer. After building the instrument, its beauty of tone and ease of
playing was recognized at once, but there were no F parts in orchestra-
tions. ‘We worked closely with music publishers to persuade them 1o in-’
clude parts for ‘this instrument’ in their music, but their answer was’
that’™ they would do so when there were a sufficient number of P saxes
being played to warrant it. You can still hear an F sax now and then
in some dance bands, but after a ten year struggle with the publishers
we gave it up.

Many examples could be given about the teachers who refuse to teach
students on a so-called “non-standarg" instrument, the superstltions of
directors and musicians who all want something new so long as it isn't
different, and even the 1istening public who put the brakes on progress
by their apathy and even antagonism toward the new instruments and new
effects. New and unfamlllar sounds are not generally liked.

The obstacles met by the traditional instruments have been multiplied
for the electronic instruments. In 1936 the American Guild of Organists
publlshed the statement that in all-electric instruments, the basic tone
is necessarily devoid of all color. The variqus orchestral instruments
have been imitated by the flue pipes and reeds of the pipe’ organ with
varying degrees of fidelity. When an attempt is made to create these
orchestral tones by electronics, we find that oxganists do not like too
realistic duplication of the tories of the original instrument, but that
they insist thé tone qualities must be those with which they have become
_familiar ‘on the pive’ organ. We can create pew and beautiful tonal celors
not found on pipe organs, but when organists hear these tories they are
confused and displeased. It is p0551b1e to do things with electronics
‘that pipe organ builders have tried in vain to do, and yet, when we do
these things they are oppoéed by organists.

In spite of these restrictions and handicaps, electronic musical
instruments are steadily making progress., There are several good reasons .
for this’ progress. The electronlc servants that serve mankind so well in
so many different ways are qulte capable of producing muslcal tones. It
is taken for granted that ‘electronics should serve in. recordlng, repro-
ducing, amplifying, and transmlttlng music, sa it is not unreasonable to
expect it to serve in the actual creation of music. In fact, it is now
possible to produce beautiful tones electronically in salo type or in
organ type instruments that have greater versatility than was ever dreamed
‘of in trdditional instruments. When tones are produced elegtronically the
musician does not need to exert any energy pounding, blowing, or scraping,
to produce the tones, but can devote his entire attention to the control
of the tone to make music. When a beginner starts to learn to play most
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of the traditional instruments, he must spend considerable time in develop-
ing muscles, muscular control, and techniques in order to make a tone that
does not sound very discouraging to him and to all who have to listen to
it. With an electronic musical instrument, the beginner can make a variety
of beautiful tones from the beginning, and can start at once to learn to
play the right note at the right time with the proper expression.

Electronic musical instruments of the organ type have become an ac-
cepted fact to the general public and are enjoying widespread application
in liturgical, concert, and entertainment music.

These instruments are the only twentieth century musical instruments;
and they are opening new horizons in mmsic.

A demonstration of the versatility and scope of the electronic organ
was shown in the presidential nominating conventions here last summer. The
International Amphitheatre, where the conventions were held, had no organ;
and the Connsonata was selected to fill the need for this type of music.
The seating capacity is twelve thousand., In addition to the permanent
seating space on the main floor and balcony, there is a clear central arena
123 x 236 feet with a clear height of 73 feet. The floor space alloted for
the organ was less than LS square feet, but this was more than enough since
room remained for several chairs. To install a pipe organ, with sufficient
power to dominate, supplement, or override the sound level, occasioned by
the customary enthusiastic demonstrations of so many people in so large
a room, would not be practicable on a temporary basis, and impossible in
the installation time and space allowed. :

The two basic functions in musical instruments are the generation of
musical tones and the control of those tones. The generation of good tones
in a practicable manner is relatively easy .due to the advanced state of el-
ectronic circuits and components. Loudspeakers have generally been the
weak link here because the general run of radio type loudspeakers have not
been adequate for the stiff requirements. The high peak power, the 32 to .
12 or 15,000 cycle range, and the sustained nature of the tones, all demand
good transient response, good frequency response, and low distortion. How-
ever, speakers are now available that give good results if properly used.

The control of the tone includes: the starting and stopping of the
tone (the envelope of the attack and release are quite important), the. qua-
lity of timbre of the tone, the tremulant, the dynamics or loudness, the lo-
cation of the source of sound (including echo effects) and the formant of
the tones. Solo and ensemble effects must be considered, and it is impor-
tant that the organist "feel at home" at the console and find the controls
where he is accustomed to finding them.

The organ type instrument is the grandest and most magnificent of all
instruments invented by human genius. The organ challenges the total cap-
acity of the organist's mind and body in the production of music, but it
does not give him the intimate control over the tone that is possible with
a monophonic or solo type instrument; so we must not neglect this phase
of electronic instruments, and more will be said about that later.
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The Connsonata uses plate keyed Hartley oscillators for the tone
generators. There is one oscillator for each key and pedal plus a few
extra that are keyed through couplers that operate beyond the range of
the keyboard. The frequency vibrato is produced by introducing a low
frequency sine wave at the grid of the tube. A flute-like tone is pro-
duced at the tap on the tank coil, and a pulse tone is produced across a
resistor in the cathode circuit. By mixing these two basic ingredients
and by means of filters for formant control, we produce a basic organ
tone — the diapason, the oboe, the vox humana, the chorus reed or organ
trumpet, and others. One test of an organ is to determine how the four
basic tone families sound in ensemble, First, the diapason group, second
the flutes, third the strings, and finally the reeds.

Organs are called upon to play concert music: they are used extensively
in churches for liturgical music, they are used for novelty effect, parti-
cularly on the radio, and they must be able to play music for general ent-
ertainment or theatrical work.

While electronic organs are now generally accepted by the general public
in all types of organ application, the same is not true for electronic solo-
type instruments. They have not supplemented conventional musical instru-
ments in the way that they can and should. It is possible to build solo
electronic instruments that fulfill all musical requirements, but it will
take time to overcome the inertia that prevents a good instrument from
reaching the fellow who needs it badly.” Small school bands or orchestras
often have but.one or perhaps none of certain instruments in their organi-
zation., For example, perhaps the group has one good oboeist or french horn
player, and he graduates leaving no one to play those parts. A good elec-
tronic instrument could play any of the missing parts well enough to be a
great help. ' Perhaps one section is weak and needs reinforcement to obtain
proper balance. An electronic instrument could do it. The teacher who
must teach several instruments he does not play could play the parts for
the student if he had a versatile electronic instrument that would closely
simulate the instruments he is teaching. There are many other instances
where electronic solo instruments can substitute for traditional instru-
ments. If they can do a good job as a substitute, it will gradually become
apparent that they can stand on their own merits in serious music. I have
talked to progressive directors who feel that this need can and will be
filled satisfactorily with electronic musical instruments. Of course, one
fellow retorted that he never expected to see a band marching down the
football field with power cords dragging behind. That would be out of the
question, but with the advent of the transistor and other improvements in
small effecient electronic components, we may some day see an all electron-
ic band without the cords dragging behind.

Technological advances in electronic circuits and components will bring
improvements in electronic musical instruments just as fast as people will
tolerate them, and it is already evident that these changes will come
faster than they have on the traditional instruments.
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In addition to the improved electronic instruments of the solo and
organ type, I believe the future will find still different instruments
in use. These instruments will further expand the possibilities in
music by doing what is impossible on other instruments. For example, I
started the development of such an instrument, which I call an electronic
music box, as a spare time project. This instrument was described at the
National Electronics Conference last year.l Percy Grainger, a noted mus-
ician and composer, came to Elkhart to see my music box and was very
enthusiastic about its possibilities, since he had composed music having
such irregular rhythm and scales that no one could play it. He surpriséd
me by saying that the greatest handicap to music is the musicians hands.
Of course, Mr. Grainger is a visionary rebel, and some musicians would
take offense at that statement, but what I have in mind would not hurt
musicians. I do not believe that actors have suffered any loss because
Walt Disney is able to produce motion picture fantasies by animated cart-
oons. He has jJjust expanded the motion picture field, and I believe that
something like my music box will produce musical fantasies for recordings,
and the like, that could never be produced throtgh manual manipulations.
Iack of time has made my progress slow in completing the development of
the music box, but I am still working on it and perhaps you'll hear more
about it later.

These new devices will not only remove the limitations in tonal pro-
duction, as do the other electronic musical instruments, but will remove
the limitations of the musician's hands. They will make it possible for
a composer to produce his music directly without going through inter-
preters.

1. Kent, Earle L., “An Electronic Music Box," Transactions of the IRE-PGA.
Proceedings of the Naticnal Electronic Conference, Vol. 7, February, 1952.



TRANSACTIONS OF THE IRE-PGA -6= MARCH-APRIL, 1953

. REPORT OF
SOUTHWESTERN I.R.E. CONFERENCE AND ELECTRONICS SHOW
San Antonio, Texas -~ February 5, 6 and 7, 1953

B. B. Bauer
Shure Brothers, Inc., Chicago 10, Illinois

Following the pattern of growth of electronics in the South and Southwest,
the 1953 Southwestern IRE Conference was bilgger and better than ever.
Registration exceeded 1100 and two parallel sessions of technical papers
and over 100 exhibits provided an interesting and busy time for all those
who attended.

The session on Audio was held on Saturday morning, February 7, under the
chairmanship of Dr. Richard E. Lane of the University of Texas. Approxi-
mately 225 members attended this session. Four papers were presented as
follows: :

1. "Electron Beam Reproducing Head for Magnetic Tape Recording" -- Dr. A.
M. Skellett and Dr. Lawrence E. Loveridge, National Union Radio
Corporation, and Mr. J. Warren Gratian, Stromberg-Carlson Company.

Present reproducing heads for magnetic tape depend upon the threading
of flux through a coil. The output is proportional to the frequency
of recording and .to the speed of the tape. The electron tube repro-
ducer guides the flux from the tape into a cathode-ray type of tube
where it deflects the beam in accordance with the absolute magnitude
of the flux. Thus, the output is dependent neither on the frequency
nor the speed of the tape. In addition to this, the new head can be
made many times as sensitive as the old ones. This development has
been sponsored by the Bureau of Ships of the United States Navy under
Contract NObsr-57452.

2. "Status of Military Research and Development in Acoustics and Audio" --
Mr. Paul Weber, Bureau of Ships, Navy Department, Washington, D. C.

The fields of acoustics and audio englneering are finding many new
military applications within the Army, Navy and Air Force. Continued
progress is also being made toward improving the performance of existing
audio systems and techniques to better meet increasingly stringent
operational requirements. Some recent developments and proposed
projects in these fields will be discussed. Problems which are as

yet unsolved will be mentioned. The procedure established within the
Department of Defense for coordinating all research and development

in the broad field of acoustics-in-air will be described.

3. "Acoustical Damping of Loud Speakers" -- Mr. B. B. Bauer, Shure Brothers,
Inc., Chicago, Illinois

Acoustical damping can be applied advantageously to loudspeakers. The
advantages of acoustical damping as a replacement for, or as an adjunct
to the electrical damping are discussed. Equivalent circuits for the
loudspeaker and the enclosures, and simplified theoretical and experi-
mental design methods are described. Transient performance of the
electrical circuit and of the loudspeaker is demonstrated.
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4. "The Fluid Sound Phonograph Pickup" -- Mr. Bruce D. Eytinge, Institute
of Inventive Research, San Antonio, Texas

A new type of transducer has been developed wherein the resistance of
a column of conducting fluid is varied by mechanicael motion which is
made to increase or decrease the cross-sectional area of the column.
Experimental phonograph pickups using this principle show extremely
good freguency response at the extreme lows, and output voltages com-
parable with crystal transducers. Other properties of these units
are discussed.

A spirited discussion which ensued caused your reporter to almost miss his
plane out of San Antonio.

Arrangements are being made to include some of these papers in the comlng
issue of TRANSACTIONS. '

Two of the highlights of the Conference were the toastmastering of Mr.
Trevor H. Clark, of the Southwest Research Institute, and the humor of
Dr. C. P. Boner, of the University of Texas, who was the Banguet Speaker.

REPORT OF THE SECRETARY-TREASURER

Marvin Camras
Armour Research Foundation, Chicago 16, Illinois

Our membership; our income, and our treasury balance continue to grow.

At the end of 1952, we had a total of 2031 members, compared to 9% at
the end of 1951. Our financial statement at the end of the year compares
very favorably with the figures for the previous period and for the
previous year.

Period Ending Period Ending Period Ending

Dec. 31, 1952 Sept. 30, 1952 Dec. 31, 1951
RECEIPTS .
Assessments . $4864 .00 $3976.00 $1530.00
Other Income . 961.61 769.21 101.00
Matched Funds 2579.00 ©1500.00 1000.00
Total Income $840k4 .61 ' $6245,21 $2631.00
EXPENSES 3959.59 3273.09 1190.77

BALANCE ON HAND $ullhs,02 $2972.12 $1440.23

l
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REPORT OF THE ACTIVITIES OF THE TAPESCRIPT COMMITTEE

A. B. Jacobsen
University of Washington
Seattle, Washington

The Tapescript Committee has procured and prepared for distribution a
number of technical papers primarily on the subject of audio. Recordings
were made of Convention papers, in general, and offered to interested
groups. :

On the whole, Convention papers have not proved as satisfactory as a
specially prepared paper. The best example of the specially prepared paper
is "Germanium — The Magic Metal,®" which was produced by the General Electric
Company for the IRE especially to determine the feasibility of this medium of
distribution of technical papers. Two copies of this paper are currently
being distributed and a total of between 25 and 30 showings have been made.
Response to this paper, and the manner of distribution, has been good. "Ger-
manium -—- The Magic Metal" runs approximately 4O minutes and has about 75
slides in color. Narration is by two General Electric engineers who are
directly associated with the subject. :

Standards for Tapescripts should be set and it is felt that full track

at 7% inches per second tape speed, on 1200 foot rolls, is the most universal
sound recording medium, and with 3% x L slides, 35 mm slides, or single frame
35 mm-film, should be desirable standards. Besides the slides and the sound
recording, a copy of the script is very important, and a summary of suitable
length for meeting announcements and notices, should be available to the
program chairman. A few references to applicable literature would be of
considerable value to the person who must attempt to answer questions at the
end of the recorded presentation. ' '

We believe that there is a great need for specially prepared, high quality
recorded technical papers for those groups who would otherwise be unable to
procure live papers. The Tapescript Committee has been aided by many indivi-
duals and concerns in carrying out this preliminary phase of the program.
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ANALYSIS OF A SINGLE-ENDED PUSH-PULL AUDIO AMPLIFIER#*

Chai Yeh
University of Kansas
Lawrence, Kansas

Summggy

This paper deals with a theoretical circuit analysis of a single-
ended push-pull audio amplifier. Linear tube characteristics and small
signals are assumed. The problem of impedance matching is first discussed.
The properties and the requirements of a satisfactory driver stage are an-
alyzed, and an output stage using 'an impedance matching output transformer
is discussed. The effects of the plate-to-ground capacitance of the driver
stage on the frequency-gain characteristic and of the choice of the tube .
and circuit parameters are analyzed. The paper concludes with some ex-
perimental results indicative of the inherent properties of the amplifier.

In a recent article by Peterson and Sinclair,1 special circuits have
been suggested by which a high fidelity, low distortion audio amplifier
can be constructed without using output transformers or in which the re-
quirements of an output transformer can be greatly simplified. The present
article will give a theoretical analysis of the basic circuit used by
Peterson and Sinclair. It will be observed that many desirable charact-
eristics of this amplifier circuit can be deduced from this analysis.,

Equivalent Circuit of the Basic Single~Ended Push-Pull Amplifier Circuit

The basic circuit of a single-ended push-pull amplifier is shown in
Fig. la. Assuming class-A operation with resistive load, and neglecting the
effects of interelectrode capacitances, an equivalent circuit of the phase
inverting driver stage and the single-ended push-pull output stages is shown
in Fig. 1b. With the circuit constants, tube parameters, and loop currents
as indicated, one may write the following simultaneous equatioms:

I, mR - LR + 13(:-p2 *R) T O (1)

#Presented at the Audio Session of the IRE Convention in Long Beach, Calif-
ornia on August 29, 1952. Manuscript received December 22, 1952.
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From which the individual loop currents can be evaluated. The net current
flowing through the load resistance Ry, is

13- Tp - DB O B (2)
Rr,(LR + 2mR + 21moR + 2rp1 + rp2) + rp2(2R + njR + rpl)

The power output P, is given by Po = (I3. - IQ)ZRL. The power sensitivity,
which is defined as the ratio of the power output to the squaré of the input -
voltage is then given by '

Po ”‘12 A2 Ry,

(3)
B Rgz [1+ i—:z— (2+g 2

Power sensitivity =

. 2u,+ r_,/R
where A = : p2

2+ + rpl/R

The cdndition for maximum power sensitivity by varying. the load resistance
can be obtained by taking the derivative of Equation (3) with respect to Ry,
and equating to zero. The optimum load required is thus

r
Ry, (for maximum power sensitivity) = _p2 (L)
L 2 + A

It can easily be proved that Equation (L) also represents the source imped-
ance of the amplifier. The value of this maximum power sensitivity is given

by

2 L2 A
_P_Q max _ o A (5)
B2 gy (24 4) -

To get ‘high power output, A should not be small. But consideration of
negative feedback (which will be discussed in the next section) puts res-
trictions on the choice of the tube parameters, and indicates that A should
be small.

The ratio of power output to the maximum power possible is given by

RL '
)25 ’.1‘115"2‘(24'1\)

P.Qmax Z;l +ﬁ'-(2 + A) 2
rp2 .

(6)
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Equation (6) is calculated for various values of A and is plotted in Fig. 2

as the ratio of p2 is varled. It is seen that even for a wide variation

of A, the matchlng condi tions permit rpp to have a value of from 2 to 3 times
that of Rp. -

The above discussion on maximum power sensitivity made use of linear
analysis with resistive load. However, the actual maximum un-distorted power
output, which is limited at one extreme by grid current and at the other ex-
treme by plate current cutoff, will occur at higher load resistance values.
The consideration of plate and screen-grid dlSSlpat1on also favors higher
load resistance.

The Phase-Inverting Driver Stage

Information concerning the behavior of the driving stage can be deduced
by solving for the current I in Equation (1). Thus

= =2 (7)
rp1 + (2 +2)R ¢ RL(2uaR # 1)/ (rp2 + 2Ry)

Equation (7) is in a form similar to that of an amplifier employing negative
current-feedback of one considers the term ry; + (2#m31)R as the internal re-
sistance Ry and (2u2R+rp2)RL/(rp2+2RL) as the effective load resistance Re
of the driver. mEj is the fictitious voltage.

The voltage across Re is the actual voltage output of the single-ended
push-pull output stage. The driving voltages for that stage is derived from
the voltage drops through the resistances R. Thus the a,c. voltage-across
the plate-to-cathode of the phase-inverting driver supplies both the driving
as well as the output voltages. This puts a restraint on the D.C. plate
voltage supply for the driver. A high D.C. plate voltage greater than the
sum of these a.c. voltages is needed in order that serious non-linear dis-
tortion can be avoided.

The negative feedback that exists between the input and output of the
amplifier stages can be expressed in terms of a feedback factor A? the ratio
of the feedback voltage available at the grid terminal of the drlver stage
to the output voltage across the load. Thus

A= (2 + rpo/Rt) / (22 + rp2/R) (8)

The inherent feature of this negative current feedback is to maintain the
current Ij practically independent of load changes. This would mean that
the driving voltages for the output stages could also be maintained un-
changed, a very desirable characteristic of the amplifier if we can achieve
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it. To so design this stage would require
Ri 3 Re
or A/(2+rp2/RL) << 1 (9)

and for a matched load, Equation (9) becomes

A/(L+a) << 1 (10)

To satisfy the requirement indicated in Equations (9) or (10) would call for
a small value of A. But a smaller A means reduced output voltage and power
output. A compromise should always be worked out between these contradic-
tory requirements.

A proper choice of A gives some guidance for the choice of tube para-
meters and circuit constants., For a typical operation, if m; >~ 1, rpl = R
and R > rp2s then with a matched load for maximum power sensitivity

AT 2p5/(341) o
and A3 )y/op,

Thus, if p2 is small, ;) is large; A is very small and/g is comparatively
large. A larger 4 helps to reduce distortion while large power output is
still possible if the input signal is large.

A choice yielding a larger value of mj is always desirable. The larger
value of ji] allows larger power output while still keeping the reasonably
small value for A which is required for constant I} operation. It also
gives a larger driving voltage for exciting the power stage. -

The Power Output Stage

In the basic circuit of this amplifier (Fig. la), if one assumes identi-
cal tube characteristics; same d.c. plate voltage per tube, and equal and
opposite grid swings, the a.c. plate currents add in the load in exactly the
same way as in a conventional push-pull circuit and the distortion-cancelling
feature is retained. The d.c. plate currents are, however, in series for
the plate supply. '

The need for a high voltage plate supply (from 800 to 1000 volts) with
good regulation to operate this amplifier is, to a certain extent, an ob-
jection to most experimenters. If only a moderate plate supply is available,
a circuit suggested by Peterson and Sinclair? containing an output trans-
former, is recommended. A modified version of their circuit is shown in
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Fig. 3. It uses an output transformer with separate primary windings.
Here the d.c. plate currents of the two tubes flow through the two halves
of the primary windings in opposite directions so that the problem of d.c.
saturation is not acute. The tubes are in parallel across the d.c. plate
supply. The signal currents flow through the two halves of the primary
windings which are connected in parallel by the by-pass capacitors. The
leakage reactance between the halves of the primary windings plays no
important part in switching transients3 and the requirements of the out-
put transformer are not as critical as they were in conventional push-pull
circuits.?

The linear analysis used thus far can be extended to include the im-
pedance matching transformer provided class A) operation in triodes is
assumed., Assuming an ideal transformer, equivalent circuits of the output
stage of a single-ended push-pull amplifier with impedance matching out-~
put transformer are represented in Fig. L. Fig. ha can be reduced to
Fig. Lb, which shows that as far as the varying components are concerned,
the tubes are in parallel. Fig. Lc is another version of Fib. Lb.

Figures Lb and Lc are very similar to the equivalent circuit of a
conventional push-pull circuit used for power considerations alone. Thus
a simple relationship between these two types of push-pull circuits can
be deduced. For impedance matching the single-ended push-pull circuit
will need an output impedance which is one-fourth of the plate-to-plate
impedance of a conventional push-pull circuit.

The concept of the composite tube which is so helpful in the analysis
of conventional push-pull circuits when the path of operation extends beyond
the linear region of the plate characteristics can be borrowed to advantage.
Thus the analysis of the single~ended push-pull circuit can be extended to
include the operation as class ABy, although graphical analysis is required.
To extend the operation beyond class AB] into class ABp or class B opera-
tions is not feasible since the flow of grid current will affect the biases
unless special circuits can be arranged.

The Effect of the Plate-To-Ground Capacitance of the Driver Stage
on the Gain-Frequency Characteristics of the Amplifier

As was first pointed out by Peterson and Sinclair, the capacitance from
plate to ground of the driver stage is going to affect the gain of the amp-
lifier at higher frequencies. With normal circuit and tube parameters, this
effect will first be noticed at video frequencies. The previous analysis
can be extended to include this effect. In Fig. 1lb, if a capacitor C (plate-
to-ground capacitance) is connected across the points marked x-x and a loop
current is assigned to the loop on the right hand side of the capacitor, one
has a new equivalent circuit for this analysis. As the currents flowing
through resistances R are different now, we may expect different driving
voltages on the grids of the output tubes. This difference is, however,
small if the shunting capacitance is small or the frequency in consideration
is not too large. By writing the simultaneous equations of the loops, and
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solving the currents as. before, one obtains, for a sinusoidal input signal,
the net current through the load resistance as

1
I
pl

(11)
I3 r e i % R
pl p2_ p2 1 pl, *p2 1
14 +—=2 2Han+. +. + 2 Hin+2+ )+ (2 S L i
RL{< ny L) (2o 2 e AR G-

I3—I2 =

R

And thus the ratio of the voltage gains at higher and lower frequencies can
be found by taking the ratio of Equation (11) to Equation (2), and is given by

B2 .1
!
K/ K= (12)
r Toq T '
pl pl "pe
Wop ) (2 +omp + )
- 5.t
“oCR

(2+uy +7RL) (24202 + EE@:EBE(EE)
R R, 2+m+rp1/R

For abbreviation, let us define the following terms:

W 1
Wo = 1/CR, or iy B ?%‘= BNRC? the upper reference frequency,

which is determined by the RC time constant of the resistance R and the plate-
to-ground capacitance C of the driver stage.

f
v =W/, =.3- , the frequency ratio
o

N_—.——‘—12__._._,

2up +'Ip2
R

rp2 | Tp2
(1tul+rp1/R)(2fu2+ _%_ * f%f ) (13)
ro1 Tho L
(2B 2 + g2) + gy + B2

Then the ratio of the voltage gains becomes

K /Ky = (1509 )/(1+54/ ) (1b)
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The magnitude of this gain ratio can be expressed in terms of decibels gain

as
20 logyq Kh/KL = 20 logy, [/ 1+ N2 JZ - 20 logy, /1 + FF|/2 (13)
and the phase angle is @ = tan~1 N\J - tan~1 M\’ (16)

The factors M and N in the previous ‘equations together with the factors
A and /3 mentioned in Sections I and II set up a practical limitation for the
choice of the circuit and tube parameters. To make the factor A reasonably
small, but still seeking a sizable power output with adequate negative feed-
back, one would choose a large mj, while m2 and rp2 are kept reasonably small.
Again, let R = rpl and rpl » rp2, and for a matcged resistive load, Equation
(13) becomes

Y A2 1
N= S =
up 2
2

L(3 +py + )

It is then permissible to assign different values of py and mpy and calculate
the range of M that is of practical interest. Fig. 5 Is the plot of these
calculations. It is noticed that within practical considerations r 2 and up
should not be very large to give a small A, hence it leaves little choice for
the M value if pj is to be as large as permissible.

The choice of M and N affects the frequency response of the amplifier.
This can be seen from a calculation of the gain-frequency characteristic
computed for different assumed values of M and N. Let M = 1.5, N = 0.5,
Equations (15) and (16) are computed and plotted as the solid-line curve in
Fig. 6. The three discontinuous dotted straight~line segments are the asym-
totical plots of the gain characteristic with a first break at v1=0.667
and a second break at \) 2 = 2.0. If fo is chosen as one million cps, then
from Fig. 6, the amplifier shows a 2.55 decibel loss at 667 kc and a 7 decibel
loss at 2mc. At much higher frequencies, the loss will be 9.54 db. Increasing
the value of M moves the first break point toward the left. Thus for M = 2,

N = 0.5, the break points will be at ) 1 = 0.5 and Vo = 2.0 (dot-dash line)
respectively. The amplifier will then have a loss of 2.75 db at 500 ke and
12.04 db at higher frequencies. Thus the flat portion of the gain-frequency
curve is reduced. It can also be shown that reducing the value of.N moves
the second break point and the phase shift curve toward the right. The
difference in gain between lower and higher frequencies also increases
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Experimental Results

Fig. L is the actual circuit used in the experiment. Separately ad-
justable biases for the power tubes were provided. With a pair of 616GA's
as output tubes and one section of a 6SN7 as driver, maximum power output
of 28 watts was obtained. For this operation, 400 volts were used for
plate supply and =30 volts for the grid biases. The plate circuit effici-
ency thus obtained was 31%. In another operation, using -35 volts as bias,
the plate efficiency increased to 35.3% with a power output of 22.7 watts.
Frequency response in each case was flat to within two decibels from 30
cycles per second to 200,000 kilocycles per second. A Western Electric
output transformer 13LC was used in the output system for impedance match-
ing purposes.

Several experimental results are worth mentioning. Fig. 7 is a plot of
the power output against load resistances for two different operating vol-
tages. Signal input in both cases is maintained constant to a level such
that practically no distortion is observed in a cathode-ray oscilloscope
over the entire range of the load variation. The curves show well defined
maximum at certain resistances which coincide with the values computed from
one-fourth of the plate-to-plate resistance for a conventional push-pull
circuit. Fig. 8 shows the variation of the driving voltage across the
grid-to-cathode of the output tubes for two different operating conditions.
In both cases, the driving voltages decreéase as the load resistance is in-
creased. The drooping driving voltage characteristic is the main cause for
the drooping power output curve in Fig. 7 at larger load resistances. Larger
output power can be obtained at these larger load resistances by increasin
the input signal. :

A curve for the output voltage is also plotted along with the driving
voltage. It increases with increasing load resistance. The sum of this
voltage and two times the grid driving voltages constitute the total a.c.
voltage available across the driver tube. With increasing load resistance,
the re-division of the total a.c. voltage among the effective resistance
(the output voltage) and the resistances R (the driving voltages) is the
cause of these variations. As the aim of this circuit design is to obtain
large output power, the condition for maintaining constant driving voltage
(small A) mentioned in our theory is not used.
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Equivalent circuits of the output stage of a
single-ended push-pull amplifier with im-
pedance matching output transformer used to
connect the output tubes in parallel across
the dc plate supply.
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Fig. 3

Method of using an impedance matching traps-
former to put the output tubes in parallel
across the dc plate supply taken from the
paper by Peterson and Sinclair with modifi-
cation to adjust the grid bias of the oute
put stages independently.
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EQUALIZATION OF MAGNETIC TAPE RECORDERS
FOR
AUDIO AND INSTRUMENTATION APPLICATIONS#

Frank Lennert
Ampex Electric Corporation
. Redwood City, California

As a starting point for discussion, let us consider equalization re-
Quirements in.terms of an "Ideal System" without losses. An "Ideal System"
would consist of the following. A constant current amplifier connected to
a record head; the record head producing a constant flux vs. frequency on
the tape, and a playback head picking up the signals from the tape and
feeding an amplifier whose amplification drops off at the rate of 6 Db. per
octave across the band. The 6 Db. per octabe playback amplifier is required
because the output from the ideal playback head is directly proportional to
frequency when reproducing a constant flux vs. frequency signal. Unfortun-
ately, a number of factors are present which make a practical system differ
considerably from this ideal.

First, there are several possible losses associated with the record
and reproduce heads. The electrical losses are produced by eddy current
and hysteresis effects in the core and capacity effects in the windings.
In a well designed and constructed head, these effects are not a problem
in the audio range, but do enter the picture somewhat in instrumentation
recorders operating in the 100 Ke. region. :

The high frequency loss due to the length of the playback gap usually
determines the upper frequency limit of the recorder. When the effective
length of this gap equals the reproduced wave length, a nmull or cancellation
will occur. The loss in decibels at other wave lengths on the tape is equal
to '

20 LOg Sy 78 e,//\
NS/

where © is the effective playback gap length and A is the reproduced
wave length. From this expression a theoretical loss of l Db. will ocour
when a wave length of .0005" is reproduced with a head incorporating a gap
length of .00025". This would be the case at 15,000 cycles and a tape speed
of 7% inches per second. The writer has found that reproduce heads with
this gap length can be built with surprising uniformity, making reproduc-
tion down to .0005" wave length achievable in production equipment.

Heads incorporating larger gaps, although desirable from the standpoint
of output, are seriously limited in high frequency range at the lower tape
speeds.

*Presented at the Audio Session of the IRE Convention in Long ﬁgach,
California on August 29, 1952. Manuscript received January 22, 1953.
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The record head gap length does not bear the same relation to the
frequency characteristic as that of the playback head. The magnetization
left on the tape is determined primarily by the trailing edge of the gap
and not by its length. The sharpness and, of course, straightness of this
edge are paramount. The record head gap length is important from other
aspects, however. An excessively small record gap would produce a decaying
field through the oxide layer on the tape. This decaying field in turn
would increase low frequency distortion since the oxide layer in direct con-
tact with the gap would have to be recorded at a relatively high level to
compensate for the only partially magnetized undercoat of oxide. The wider
the record gap, the greater the demagnetization effect on the highest rec-
orded frequencies. Therefore, excessively wide gaps are to be avoided.
001" to 002" has been found to be the most acceptable range. The so
called demagnetization effect is created by partial erasure of a high fre-
quency recorded signal at the time of recording by the high freduency bias
field.

The remaining losses in a practical tape system are associated with the
tape itself. The oxide particle size and uniformity of dispersion are large
factors in the high frequency characteristic of a tape. Large particles or
poor dispersion will result in reduced area of contact with the head gap.
This reduced area of contact has little effect while recording and reproducing
long wave lengths, but will drastically effect high frequency performance.
Paper base tapes are unsatisfactory in this respect as the roughness of the
paper, and subsequently the oxide coating, prevent proper contact with the
head surface. Coating thickness is another factor which has an indirect
bearing on the frequency characteristic. As the coating thickness is de-
creased, the bias requirement will decrease. Consequently, high frequency
demagnetization will be reduced and high frequency record efficiency will
increase. Unfortunately, low frequency distortion will increase with de-
creased coating thickness so reduction of coating thickness beyond a certain
point is impractical.

Another factor, of course, is the characteristics of the oxide itself.
Lower demagnetization losses can be accomplished on some of the new tapes
which incorporate oxides selected for low bias requirements and high output.
This higher performance oxide permits less coating thickness for the same
low frequency output level as compared with previous professional tapes.

Because of variation in performance which is possible due to the tape,
it is best to equalize a recorder with a sample of tape known to be a
"centerline" of the tape manufacturers!' tolerances and to use only tape of
that manufacture of a known equivalent.

Let us now consider the problems of equalizing the audio recorder. The
equalization of audio recorders at a given tape speed requires a study of
the noise and distortion characteristics of the system. A good approach to
the problem is to evaluate the system with the tape equalization arbitrarily
divided in record and playback. The established energy distribution curves
for speech and music serve as a rough guide as to maximum permissible record
equalization at any frequency. A noise spectrum analysis will insure that
the noise is fairly distributed over the pass band. If this is not the case,
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the playback equalization should be adjusted until fairly even distribution
of noise exists. The record equalization can then be altered to compliment
the playback characteristic. These measurements can be weighed on the basis
of ear sensitivity, and a better noise characteristic thereby obtained if
discretion is used in the amount of correction applied. Such changes in the
equalization, based on ear sensitivity, should be carefully checked by list-
ening tests on wide range equipment.

The record system must now be studied from the standpoint of distortion
and overload at all frequencies in the pass band. If the record equaliza-
tion is not greater than the amount required to compliment the energy distri-
bution in speech or music, the overall distortion characteristic will be
found satisfactory. If the equalization requirements are greater than that
which can be tolerated on this basis, three possibilities exist. The first
would be to lower the record level and thereby compromlse the signal-to-noise
ratio. The second would be to chance the system running into overload dist-
ortion at frequencies excessively pre-emphasized. The third would be to
lower the record equalization to acceptable limits and raise the post equal-
ization at the expense of signal-to-noise ratio in the ralsed spectrum. At
the professional primary and secondary speeds of 15 and 72 inches per second,
these compromises are unnecessary for full range recording from 30 to 15,000
cycles. The full dynamic range of the tape is therefore available.

The record curves indicated in Fig. 1 and the playback curves indicated
in Fig. 2 were established in conjunction with Ampex heads and M.M.M. type 111
tape, construction 5 RBA. These heads display negligable magnetic and elect-
rical losses in the pass band. The playback head gap length is .00025", The
bias was adjusted to the point of maximum record efficiency while recording
a .015" wave length (1 Kc. at 15 inches per second). The overall response
achievable under these conditions is as follows:

At 30"/Sec. +2Db, 50 to 15,000 cycles
15"/sec. +2Db, 30 to 15,000 cycles
75"/Sec. #2Db, 4O to 15,000 cycles
3%"/Sec. +2Db, LO to 7,500 cycles

The playback curves are eésily accomplished by comnecting a vacuum tube
operating as a constant current generator to a capacitive load whose reactance
equals the generator impedance at 65 cycles.

The 30 inch curve with the exception of the low frequency departure is
the characteristic required to compensate the "Ideal System." The slight low
frequency departure from the ideal curve was found desirable for the elimina-
tion of low frequency thermal effects in playback amplifier input tubes op-
erating at low levels. This departure is made up for by a slight rise in
the low frequency Elayback head characteristic brought about by its physical
dimension and by 2% Db. boost in the record amplifier at 50 cycles. A resistor
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of such value to effect a time constant of 50 microseconds has been placed

in series with the 6 Db. per octave condenser to produce the desired high
frequency characteristic at 15 and 7% inches. The 3-3/k4 inch curve is
accomplished by a relatively larger resistor effecting a time constant of

200 microseconds. The 15" per second record curve is such that possibility
of overload does not exist for the most sever audio requirements. At 7in

per second the record curve is considerably steeper than the 15" curve and
reaches 17 Db. at 10 Kc. Listening tests conducted with material recorded
on equipment adjusted to this characteristic have shown it to be entirely
satisfactory for high fidelity recording. This is the case because of the
energy distribution encountered in normal speech and music, and because of

a characteristic, of the tape, to compress the high frequency, high intensity
peaks occasionally encountered, without appreciable distortion. Sound al-
ready pre-emphasized for special effects or from highly resonant microphones
might present overload problems at 7%" which, of course, would not occur at
the 15" speed. The overall response of a typical Ampex 300 or 403 recorder
can be adjusted to +1 Db. from 50 cycles to 15 Kc. at both 73" and 15" speeds.
Slightly wider specifications are advertised to allow manufacturing tolerance
and insure the average machine being well within its specifications.

The background noise on a high quality professional recorder, using the
tape characteristic described, ranges from 60 to 64 Db. below 3% harmonic
distortion. This is true at 7%", 15", and 30" per second. The noise at
3-3/4" per second is approximately 10 Db. higher. The point of approximately
1% harmonic distortion has been found most desirable for operating level and
is approximately 6 Db. below the 3% distortion point.

Instrumentation recorders fall into two general categories as pertaining
to the subject under discussion.

Pulse systems and carrier systems are in the first category. These systems
do not require equalization for the tape system, The second category contains
the conventional magnetic recorders employing high frequency bias and record-
ing a band width within the range of 100 cycles;to 100 Kc. These recorders
incorporate similar electronic systems to audio,recorders except for the dis-
tribution of equalization. The intelligence recorded on such instruments is
usually of a nature that the energy level is fairly uniform over the pass band.
This requires a record characteristic with a uniform overload and saturation
characteristic in respect to frequency. An unequalized constant current amp~
lifier driving the record head and producing essentially a constant flux re-
cording best suits this requirement. Equalization required for flat overall
response is therefore placed in the playback amplifier.
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WHY FIGHT GRID CURRENT IN CLASS B MODULATORS 7%

J. L. Hollis
Collins Radio Company
Cedar Rapids, Iowa

ABSTRACT

Grid voltage waveform distortion ranks with output
transformer inadequacies among Class B audio ampli-
fiers deficiencies. This article deals with the
problem of grid voltage waveform distortion and
suggests the use of low plate resistance low mu
triode tubes as a solution. By avoiding operating
conditions which result in grid current, the major
source of distortion is eliminated. Direct coupled
driving circuits which encourage large amounts of
inverse feedback are readily employed under such
conditions. A typical amplifier and its measured
characteristics is used for illustration.

1. Why Is This Subject Important?

Class B operation of push~pull amplifiers is one of the best ways
known today of obtaining high power with reasonable efficiency in the
audio frequency spectrum. In order to keep the harmonic distortion to
a tolerably low, value, careful attention must be paid to the design of
the output transformer and the grid circuit details. Proper transfor-
mer design has been expounded by several authors. Grid circuit design,
on the other hand, has been more or less by rule of thumbe.

2. Why Is Grid Current an Important Cause of Distortion?

Figure 1 illustrates the grid voltage plate voltage relationship in
Class B operated vacuum tubes. It will be noted that the two lefthand
curves are for a medium mu triode. The extreme left curve shows typi-
cal operation with intermediate values of grid voltage. The maximum
value of grid voltage is less than the zero bias voltage so that the

~grid is always in the negative grid region. Plate voltage swing is
nominal, being considerably less than the maximum capability of the
tube. This operation naturally will be very inefficient because the
minimm value of plate voltage is always rather large. The middle
curve, on the other hand, shows a quite acceptable plate voltage swing
which brings the efficiency to reasonable values but requires that the
grid be driven into the positive region to do so. Please note that a
small curve is shown which is designated grid current. Grid current

*¥Presented at the Audio Session of the IRE Convention in Long Beach, -
California on August 29, 1952. Manuscript received January 23, 1953.
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starts flowing at the instant the grid voltage passes the zero line
and moves into the positive grid region. It is during this interval
when grid current flows that the driver is called upon to deliver
power. If the driver voltage regulation is anything but perfect, the
voltage will drop below what it should be during this grid curren’
interval. The dotted curve shows a possible modification of the volt—
age waveform as a result of this grid current. It should be noted that
this also affects the plate voltage swing. These points are the dis-
tortion which is common to this form of operatione The only way to
operate under these circumstances without excessive distortion is to
make the driver's impedance so low that its voltage regulation is
essentially perfect. This, of course, is very wasteful of driver
power and tends to offset the improved amplifier efficiency.

The curve on the right, which is designated as a low mu triode,
illustrates a different approach. Here a tube is selected that is
capable of efficient operation without the necessity of operating in -
the positive grid region. Grid voltage is shown always in the nega-
tive region. BEven so, the plate voltage swing reaches a very satis<
factory minimum value, which thus insures reasonably good efficiency,
~during the negative half of the cycle. Since it is never necessary
for the grid to be driven positive, no grid current- flows and there-
fore no power is required from the driver. The driver in this case is
simply a voltage amplifier. It is true that the driver voltage re-
quired may be considerably higher than that required by a medium mu
triode. This voltage swing is relatively easy to obtain since no
power is required. It is only when a comtination of voltage swing
and power output are required that driver design becomes a serious
problem. A

3« What Are the Characteristics of an Ideal Audio Power Amplifier?

A power amplifier which approaches the ideal is one in which the
grid to cathode impedance remains constant throughout an entire cycle
of driving voltage. This might be some finite value in which case
there would be a constant proportionality between the driving voltage
and grid current, or it might be infinite. Unfortunately, there are
no suitable vacuum tubes which present a constant finite input imped-
ance. Therefore, we must choose a tube with infinite input impedance.
This means that the grid must never be driven positive with respect to
the cathode so that grid current never flows. Such a tube obviously
never dissipates any power from the driving source and thus has a
second advantage. This we shall set aside as characteristic --

a. No driving power required

In order that reasonable efficiency may be realized, it is im-
portant that the minimum plate voltage be reasonably low at the peak of
the cycle. Since this peak occurs when the grid is at its maximum swing
in the positive direction which is identically the zero grid voltage
line, it is important that the tube have low plate resistance at this
instant. Therefore, a second characteristic of a good audio power
amplifier is --
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be Low plate resistance

A low plate resistance tends to make a constant voltage gener-
ator out of the amplifier which, for modulator service where the load
is determined by the Class C amplifier loading, is a distinct advan—
tage.

L. What Are the Particular Requirements of Tubes for This Service?

In a triode tube the relationship. between the important tube para-
-meters is expressed as mu = Gy Rye It is apparent from this that to)
have low plate resistance the tube must have a high transconductance
and a low mu factor. Generally speaking, then tubes which best meet
this requirement will be low mu. '

A few examples will illustrate the points just made.

Figure 2 is a typical plate current plate voltage characteristic of
a triode of medium or high mu. It will be noted that the zero bias line
has a rather flat slope. A typical load line has been superimposed to
show that driving the grid only to the zero bias is a very inefficient
use of the tube. The load line must be extended (dotted portion) into
the positive grid region to realize any efficiency.

Figure 3 is a typical plate voltage plate current characteristic of
a low mu triode. It will be noted here that the superimposed load line
represents relatively low minimum plate voltage values when it inter-
sects the zero bias line. The extra dotted lines illustrate a range of
suitable load impedance values. It is to be noted that the plate volt-
age swing changes very little as the load impedance is changed.

Figure L is a typical tetrode characteristic curve. Here it is ap-
parent that by careful choice of the load impedance very high plate
circuit -efficiency is obtained. It will be noted, however, that small
changes in plate load impedance cause serious changes in plate swinge.
In many cases this is a serious disadvantage. What is not shown in
these curves are the screen current variations. Screen current flows
in pulses quite like grid current in positively driven grid circuits.
Its peak value depends considerably on the minimum plate voltage dur-
ing a cycle. Extremely good regulation of the screen voltage supply
is therefore a must for proper operation of tetrodes in Class B ampli-
fiers. '

5. What Circuit Advantages Does Class By Operation Provide?

(Class By operation is defined as an operating condition where the
plate current flows for one-half cycle, while grid current never flows
for even a fraction of a cycle. The subscript 1 indicates this grid
current limitation. A subscript 2 refers to operation wherein grid

. current flows during at least part of a cycle.)
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Since there is no grid current to contend with, the coupling cir-
cuits between the driving amplifier and a Class B modulator can be
simple and of the type common to ordinary voltage amplifiers.
Resistance capacitance circuits can replace the usual Class B driv-
ing transformer. Figure S5 is a circuit which illustrates this fact.

Figure 6 is a modification of the schematic shown in Figure 5
wherein a direct coupled circuit is substituted between the driver
and the power amplifier. An input stage and a feedback circuit are
also shown. This arrangement has very marked advantages where inverse
feedback is to be employed. It will be noted that there is only one
capacitor in the entire feedback loop which is almost a certain guar-
antee of proper low frequency phase versus feedback loop response
characteristics. There can be no low frequency motor boating with
this circuit, no matter how much inverse feedback is used. It will be
noted also that the high frequency feedback loop response can be readily
controlled by the strategic choice of plate load resistance values and
rather simple response shaping circuits.

It will be noted that the driver is operated wi th its cathode nega-
tive to ground. This allows the voltage drop in the driver load re-
sistor to be used directly as the bias and signal voltage for the modu~
lator. - Although a triode driver is shown, a tetrode may be used to con-
siderable advantage to obtain higher voltage gain. The screen connec-
tion is shown dotted. .

Typical characteristics of a modulator using the basic circuit shown
in Figure 6, but with three 8C25 tubes in parallel on each side of the
push-pull circuit (a total of six in all) are as follows:

Tubes
First Stage -- 12AX7 ' Plate Voltage =- 5 KV
Second Stage == Push=pull L=-250A Input Level -- ¢10 DBM
Third Stage =- (6) - 8C25 Inverse Feedback == 20 DB

Power Output -- 25 KW

Figure 7 shows the inverse feedback loop response for a 50 to
15,000 cycle passband. Both ideal and actual response curves are .
shown for stable operation with 26 DB of feedback and actual opera-
tion with 20 DB.

Figure 8 shows a typical response curve taken from the rectified
RF of a 35 KW transmitter which was plate modulated by the modulator
described. The high frequency cut-off shown is produced by a low pass
filter following the modulator unit. '

Typical values of distortion measured from the same rectified RF
source are shown in this same figure. It will be noted that from 100
to 3,000 cycles the distortion is less than 1%, while between &0 and
15,000 cycles it is well below 2% ‘
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Direct coupled driver modulator circuit arrangement with improved performance.



TRANSACTTONS OF THE IRE-PGA -32=~ MARCH-APBIL, 1953

]
n
o

CITEE !
[ Y ettt Lo [ ;

S SRRk

. St

N : [{ LY
NS b iy A

CUT PR |

R I RE |

S AR
o i

181 T8 gl

HZIE :
-8

2 e

(o

.0

‘8

e

25 SRESHE SR S S NN DU S PR S
| s GOLUNS. 2DTH-1 8O KW AM WA ThAksuTTER (T

- | FERomAcK Loos ‘Wesbose @ reeoeAdK LEVEL |

7 S L7 S 10 Ke 100
FREQUENGY

Fig. 7

Typical inverée feedback loop response showiﬁg the
ideal curve for a 50 to 15,000 cycle passband and
a solid curve depicting the curve actually attained.

B

%

o
i
1N 1

i

B e

e

: .d‘H’ N

i

: 1000°¢, 10Ke
100% FREQUENCY %

Fig. 8

Typical response and distortion data measured at the
output of a 35 KW AM transmitter employing Class
modulators in the direct coupled circuit described
in this paper.
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MICROPHONE SENSITIVITY CONVERSION CHART

Leo Rosenman
Shure Brothers, Inc., Chicago 10, Illinois

In the current technical literature, microphone sensitivities are often
specified in different systems. This makes comparison rather difficult. The
accompanying nomogram gives the relationship between three systems of ratings
most commonly used. They are:

l. Open Circuit Voltage Respohse

The equation for open ciréuit voltage response is
S =20 logig _}2_ db

where E is the open circuit voltage, and p is the free- fleld sound pressure;
expressed in db relative to 1 volt per microbar (1 dyne/cm ).

2. Open Circuit Power Response

The equation for available power response is

Sp =8, - 10 logyy R + L4 av
where R i1s equal to the nominal impedance at some specified frequency,
usually 1000 cps. This equation gives the available power sensitivity
in db relative.to 1 milliwatt for a 10 microbar sound pressure.

3. RTMA Sensitivity Rating

The RTMA microphone rating Gy is defined as
GM = Sv-' 10 loglo RMR - 50 db
where Ry is defined as the RTMA "microphone rating impedance".

For a'given value of nominal impedance, R is indicated by arrows in the
center of the range of impedance values covered by the triangular sections on
the nomogram. For nominal impedances above 100,000 ohms, the rating impedance
of 100,000 ohms is used. Microphone rating G is not defined for nominal
impedances below 19 ohms. The value of GM obgéined from the above expression
is essentially the available power in db relative to 1 milliwatt for O. 0002
dynes /cm?, -

The conversion of one rating to another is a simple but tedious problem of
numerical computation and can be facilitated by the use of the accompanying
nomographic chart. To illustrate the use of the nomogram, suppose we have a
microphone with an open circuit voltage sensitivity of -60 db re 1 volt per
microbar, and with a nominal impedance of 15,000 ohms. The solid line indicates
that the power sensitivity is -58 db re 1 milliwatt for 10 microbars. To find
Gy we first note that 15,000 ohms lies between 4,800 and 20,000 ohms. The
microphone rating impedance is therefore 9,600 ohms and the dashed line indicates
that GM is =150 db. As a general rule Ryg for high impedance crystal micro-
phones is 100,000 ohms.

The nomogram can also be uéed to determine the open circuit voltage sensitivity
of microphones undergoing impedance transformation. First determine the power
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sensitivity for the original impedance and then pivot about this point until
aligned with the new impedance. The new open circuit voltage may then be
read on the left hand stem. This will be in error by the loss introduced by
the transformer, which is usually small.

REFERENCES

RMA Standard SE-105, "Microphones for Sound Equipment".
ASA Standard z2k.l, "Acoustical Terminology".
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INSTITUTIONAL LISTINGS (Continued)

MAGNECORD, INC., 360 North Michigan Avenue, Chicago 1, lllinois
Special & Professional Magnetic Tape Recording Equipment

McINTOSH LABORATORIES, INC., 320 Water Street, Binghamton, New York
Wide-Range Low-Distortion Audic Amplifiers

PERMOFLUX CORPORATION, 4900 West Grand Avenue, Chicago 39, lllinois
Loudspeakers, Headphones, Cee-Cors (Hipersil Transformer Cores)

SHURE BROTHERS, INC., 225 West Huron Sireet, Chicago 10, lllinois
Microphones, Pickups, Recording Heads, Acoustic Devices

THE TURNER COMPANY, Cedar Rapids, lowa

Microphones, Television Boosters, Acoustic Devices

UNITED TRANSFORMER COMPANY, 150 Varick Street, New York, New York
Transformers, Filters and Reactors

UNIVERSITY LOUDSPEAKERS, INC., 80 South Kensico Avenue, White Plains, N. Y.
Manufacturers of Public Address and High Fidelity Loudspeakers

Charge for listing in six consecutive issues of the TRANSACTIONS—$25.00.
Application for listing may be made to the Secretary-Treasurer of the PGA,
Marvin Camras, Armour Research Foundation, Chicago 16, lllinois.



INSTITUTIONAL LISTINGS

The IRE Professional Group on Audio is grateful for the assistance given by the
firms listed below, and invites application for Institutional Listing from other firms
interested in Audio Technology.

ALLIED RADIO, 833 West Jackson Blvd., Chicago 7, lllinois

Everything in Radio, Television, and Industrial Electronics

ALTEC LANSING CORPORATION, 9356 Santa Monica Blvd., Beverly Hills, California
Microphones, Speakers, Amplifiers, Transformers, Speech Input
AMPERITE COMPANY, INC., 561 Broadway, New York 12, New York
Ribbon Microphone, Dynamic Microphone, Kontak Microphone, Delay Relays

AMPEX ELECTRIC CORPORATION, 934 Charter Street, Redwood City, California
Magnetic Tape Recorders for Audio and Test Data

THE ASTATIC CORPORATION, Harbor and Jackson Streets, Conneaut, Ohio
Microphones, Pickups, TV-FM Boosters, Recording Heads, Acoustical Devices

ATLAS SOUND CORPORATION, 1443 - 39th Street, Brooklyn, New York
Loudspeakers, Public Address, Microphone Supports, Baffles

AUDIOPHILE RECORDS, Saukville, Wisconsin
High Quality Disc Recordings for Wide Range Equipment

BERLANT ASSOCIATES, 4917 West Jefferson Blvd., Los Angeles 16, California
Magnetic Tape Equipment for Audio and Instrumentation Recording

THE BRUSH DEVELOPMENT COMPANY, 3405 Perkins Avenue, Cleveland 14, Ohio

Piezoelectric, Acoustic, Ultrasonic, and Recording Products; Instruments

CINEMA ENGINEERING COMPANY, 1510 West Verdugo Avenue, Burbank, California

Equalizers, Attentuators, Communication Equipment

THE DAVEN COMPANY, 191 Central Avenue, Newark 4, New Jersey
Attenuators, Potentiometers, Resistors, Rotary Switches, Test Equipment

ELECTRO-VOICE, INC., Buchanan, Michigan

Microphones, Pickups, Speakers, Television Boosters, Acoustic Devices

JENSEN MANUFACTURING COMPANY, 6601 South Laramie Avenue, Chicago 38, lllinois
Loudspeakers, Reproducer Systems, Enclosures

JAMES B. LANSING SOUND, INC., 2439 Fletcher Drive, Los Angeles 39, California
Loudspeakers and Transducers of All Types

(Please see inside back cover for additional names)
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IRE PROFESSIONAL GROUP ON AUDIO

The Professional Group on Audio is an organization, within the framework of
the IRE, of members with principal professional interest in Audio Technology.
All members of the IRE are eligible for membership in the Group and will
receive all Group publications upon payment of prescribed assessments.

Annual Assessment: $2.00

Administrative Comittee for 1933-1954
M. Camras, Armour Rescarch Foundation,
35 33rd Street, Chicago 16, IH.

V. SaLmon, Stanford Research Institute,
Stanford, Calif.

Chairman:

Vice-Chairman:

Secretary- B. B. Baver, Shure Brothers, Inc.,
Treasurer: 225 West Huron Street, Chicago 10, 111.

J. J. Banuch, Bolt, Beranck and Newman, A. PeterseN, General Radio Corp., 275

16 Eliot Street, Cambridge 38, Mass.

M. S. CorrincTtoN, RCA Victor Division,
Camden, N. J.

J. KessLer, Massachusetts Institute of Tech-
nology, Cambridge 39, Mass.

F. Lenneut, Ampex Eleetrie Corp, 1155
Howard Avenue, San Carlos, Calif.

Massachusetts Avenue, €ambridge, Mass.

E. Urcke, Capitol Records, Inc., Sunset and
Vine, Hollywood, Calif.

A. M. Wiccins, Electro Voice, Inc., Bueh-
anan, Mich.
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Published by the Institute of Radio Engineers, Inc., for the Professional Group
on Audio ai 1 East 79th Street, New York 21, New York. Responsibility for
the contents rests upon the authors, and not upon the Institute, the Group, or
its membhers. Individual copies available for sale to IRE-PGA members at
$0.80; to IRE members at $1.20; and to nonmembers at $2.40.
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Editor: D. W. MARTIN, The Baldwin Company,

1801 Gilbert Ave., Cincinnati 2, Ohio

W. R. Avses, RCA Victor Division, Cam-
den, N. J.
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PGA «= 1953~54
Marvin Camras
Armour Research Foundation
Chicago 16, Illinois

This year has seen drastic political changes in major world
governments, and also in the PGA. Elected and appointed officers are:

Marvin Camras, Chaiman 1953~54 (Armour Research Foundation,
Chicago, Illinois)

Vincent Salmon, Vice .Chairman 1953-54 (Stanford Research Institute,
Stanford, California)

Benjamin B. Bauer, Secretary-Treasurer (Shure Brothers, Inc.,
Chicago, Illinois)

Daniel W. Martin, Editor, (The Baldwin Co., Cincinnati, Ohio)

Members of the Administrative Committee

John Kessler, 1953-56 (MIT, Acoustics Laboratory, Cambridge, Mass.)
Frank Lennert, 1953-56 (Ampex Electric Co., San Carlos, California)
Arnold Petefson, 1953-56 (General Radio Corp., Cambridge, Mass.)

Murlan S. Corrington, 1953-55 (RCA Victor Division, Camden, New
Jersey)

Marvin Camras, 1953-55 (Armour Research Foundation, Chicago, Illinois)

Vincent Salmon, 1953-55 (Stanford Research Institute, Stanford, Calif.

Edward Uecke, 1953-54 (Capitol Records, Hollywood, California)

J. J. Baruch, 1953-54 (Bolt, Beranek and Newman, Cambridge, Mass.)

A. M. Wiggins; 1953-54 (Electro-Voice, Inc., Buchanan, Michigan)-

An informal luncheon meeting was held Wednesday, March 25, to
acquaint old and new committee members. As a result of the discussion it was
decided that we continue to issue TRANSACTIONS OF THE IRE-PGA on a bi~-monthly
hagis. It was also decided to study income and expemses so that the annual

asgessment can be revised. However, the assessment of $2.00 will continue
until further action by the administrative committee.

PGA has grown so remarkably in the last vear that we ought to take
inventory of member's interests and affiliations. ‘A survey by postcard is
planned. The results will help the officers and editorial staff to serve PGA
better, and to meke this the best year .in our history.
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EDITORIAL COMMITTEE RECRGANIZATION

Daniel W. Martin
The Baldwin Company
Cincinnati 2, Ohio

For the past two years the IRE-PGA has been very fortunate to have Mr.
Benjamin B. Bauer, Shure Brothers, Inc. as editor-in-chief of its
TRANSACTIONS. As a matter of fact Mr. Bauer, with only token assistance
from the PGA Editorial Committee and more substantial publication assis-—
tance from IRE headquarters, has transformed TRANSACTIONS of the IRE-PGA
from an irregular, mimeographed newsletter to a regularly scheduled, tech-
nical publication with well defined format, policies and procedures. The
Editorial Committee wishes to thank Mr. Bauer for his successful efforts
and for his willingness to continue as editorial advisor and an active
member of the committee, while serving as the new Secretary-Treasurer of
IRE~PGA.

The reorganization of the Editorial Committee includes not only new and
additional personnel, but also a revised plan of operation. The regional
editorship idea is not to be abandoned completely, but will be retained

as part of the new plan. We will attempt to distribute some of the editor-
ial functions, and to assign subject-matter classifications within audio to
individual committee members, while each member of the committee will serve

as a regional editor in the particular region centered about his geographical
location. Members of IRE~PGA will know whom to contact on a regional basis
by referring to the addresses of the editorial committee members listed on
the inside cover. :

The rapid growth of IRE-PGA is believed to have resulted in large measure
from IRE membership interest in the advancement of audio technology through
timely publication of the results of fundamnental research, of engineering
development and design, and of experience gained in the use of audio systems.
It is the pleasant responsibility of individual IRE-PGA members to be active
in these matters, ag well as interested. When some new principle or device
or concept has been discovered, or when something well known has been re-
examined to new advantage, the membership of IRE-PGA will certainly appreci-
ate a first chance to hear about it through TRANSACTIONS of IRE-PGA.
Policies on republication of material elsewhere, previously explained in
these columns, will continue.
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CINCINNATI CHAPTER, IRE-PGA, 1952-~53

The Cincinnati Chapter of the IRE-PGA has completed its second yearly pro-
gram of monthly meetings and technical papers, under the leadership of the
following officers for 1952-53:

Chairman: Roy E. Kolo, Cincinnati and Suburban Telephone Company
Vice-~Chairman: E. M. Jcnes, The Baldwin Company
Secretary-Treasurer: Albert Meyer, The Baldwin Company

The Audio Chapter sessions were regularly held at the headquarters building
of The Technical and Scientific Societies Council, immediately following
the Cincinnati Section IRE meetings. This arrangement has proved beneficial
to both section and chapter. The chapter has enjoyed the whole-hearted
support of the section in all of its activities. The following technical
papers were given, generally with demonstrations and aural-visual aids.

"The Technique of A-B Listening Tests", Daniel W. Martin, The Bealdwin
Company.

"British Audio", H. A. Hartley, London, England
"Juiet, Please", Robert Holden, E. C. Decker Company

"Historical Development of the Loudspeeaker", Wm. H. Breunig, The
Baldwin Company

"Fifty-Thousand Hands", M. E. Strieby, American Telephone & Telegraph Co.
(joint IRE-AIEE)

"Magnetic Structures for Audio and Acoustical Devices”, C. A. Maynard,
Indiana Steel Products Co.
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