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PROFESSIONAL GROUP ON AUDIO 1
LOUDSPEAKER IMPEDANCE

N

Vincent Salmon
Stanford Research Institute
Stanford, California

manner. — Editorial Committee

This invited technical editorial by the Vice-Chairman of IRE-PGA treats a subject small
in scope but of Freal importance of audio, in a comprehensive and yet fundamental

INTRODUCTION ‘

In most fields of specialization, the time soon comes
when the meanings of terms must be standardized so that
all workers may use a common technical language. The
initial efforts of technical lexicographers usually run
smack into the illogical but accepted usages which have
grown up in each field. It then becomes necessary to
define old, as well as additional new, terms so as to
avoid ambiguity, and then to hope that these precisely
defined terms will win some degree of acceptance. Such
a situation now exists in the use of the term impedance.
In this note we shall discuss it from the point of view of
the loudspeaker, and shall comment on some of the pro-
posed new terms and their usefulness. Most of the dis-
cussion applies specifically to moving coil loudspeakers,
but the concepts are easily transferred to other types.

SPEAKER IMPEDANCE AND
SPEAKER RATING IMPEDANCE

What do we do with a loudspeaker? Ordinarily, it is
connected to a signal source for operating or for testing.
In order to predict the performance during operation, it
is necessary to know, among other things, the electrical
impedance characteristics of both source and loudspeaker
as a function of frequency, acoustical environment, and
perhaps power level. On the other hand, engineering tests
on loudspeakers are usually made under idealized condi-
tions in which the test source is a constant voltage in
series with a pure resistance. In order to relate the two
situations, it is necessary to idealize the varying im-
pedance characteristics of a loudspeaker to a single
number, which somehow represents an averaged behavior.
To get a clue as to how this is done, let us first discuss
the operation of a loudspeaker under actual conditions of
use.

When a loudspeaker is to be connected to an ordinary
amplifier, the first question is usually, ““To what termi-
nals should it be connected?’’ Obviously, this implies an
impedance which is a single figure, not the electrical
impedance which varies with frequency. In essence, we
want numbers on both amplifier output and speaker input
terminals such that when terminals bearing the same
number are connected together, then the combination will
deliver rated performance. Accordingly, this magic single
number may be called the rating impedance of the loud-
speaker. The term ‘‘speaker impedance’ by itself, we

then take to be simply the complex electrical impedance,
expressed in magnitude-angle or resistance-reactance
form, as a function of frequency. What, then, is the relation
between ‘‘speaker impedance’’ and ‘‘speaker rating
impedance’’?

The loudspeaker is a load on the driving amplifier,
and as such should permit the amplifier to deliver to it
the maximum power which is consistent with prescribed
distortion limitations. In actuality, the speaker impedance
and the spectrum of the audio signal are functions of
frequency, and conditions are highly transient.If an ideal
transformer of variable turns ratio were interposed be-
tween the amplifier and the loudspeaker, then it would
be found that the optimum transformer setting for maximum
distortion-limited power would depend on the type of
signal. Extremes of signal types are represented by those
at the output of electric organs and paging systems. The
single value of rating impedance commonly quoted
applies specifically to a wide range audio signal with
spectrum maximizing between 200 and 800-cps. In actual-
ity, the rating impedance is best expressed as a range
rather than a single number, because the optimum is so
broad. In practice a two-to-one range is acceptable; a
loudspeaker with an 8-ohm rating impedance may be con-
nected to amplifier outputs marked from 5.6 to 11.3 ohms.
The performance at the impedance extremes will be de-
graded only at extremes of frequency and power.

AMPLIFIER OUTPUT IMPEDANCE

At this juncture, the term output impedance as applied
to amplifiers deserves discussion. It is this writer’s
opinion that the term should never be used unqualified,
since it refers to a position, and does not state in which
direction the impedance is to be measured. Facing the
amplifier, the amplifier internal output impedance is seen;

and facing the load, the amplifier load impedance is seen.

ESTIMATING RATING IMPEDANCE

To return to loudspeakers, it is seen that the rating
impedance may be obtained from the loudspeaker impe-
dance if the signal spectrum is used to get a properly
weighted average of the impedance-frequency character-
istic. For ordinary audio signals, the following rule-of-
thumb procedures may be followed for estimating the
rating impedance for wide-range, moving-coil loud-
speakers; all dc measurements are at the voice coil. In
the first procedure, measure the dc resistance of the
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voice coil. The rating impedance will be about 20 per
cent greater for direct-radiator loudspeakers, and about
40 per cent greater for horn loudspeakers. In a second
procedure, ac measurements of the magnitude of the
impedance are utilized. For direct-radiator loudspeakers,
locate the minimum impedance in the 200-800 cps range
and add 10 per cent. For horn loudspeakers, the rating
impedance is the average value of the magnitude of the
impedance taken near the center of the pass band. In
view of the two-to-one range in the standard rating impe-
dances of 4, 8, and 16 ohms, these estimates should be
close enough. It must again be emphasized that these
rough rules apply only to ordinary wide-range, moving
coil loudspeakers; they will be quite different, for ex-
ample, for loudspeakers designed for battle announce
systems.
SPEAKER TEST SOURCE IMPEDANCE AND
SPEAKER INPUT

In testing loudspeakers, the rating impedance has an-
other function in the calculation of the input to the loud-
speaker. We note first that when an amplifier is properly
loaded for maximum output at, say, 2 per cent harmonic
distortion, the impedances of the driving source and of
the load are rarely equal. Thus amplifiers usually do not
operate with a matched load in the sense that the impe-
dance at the output are the same in both directions. The
appropriate measure of loudspeaker input is hence not
the maximum power available from the source, but rather
is the power the source can deliver to its rated load,
within prescribed distortion limitations. In testing a
loudspeaker we therefore use as a source an adjustable
voltage (which is held constant during the test) in series
with a fixed resistance which equals the amplifier internal
output impedance in the mid-range; this is the test source
impedance. To set the power available to the loudspeaker,
replace the loudspeaker by a resistor of value equal to
the rating impedance. Then vary the adjustable voltage
until the desired power is absorbed by the rating impe-
dance. When the loudspeaker is re-inserted into the test
circuit, it will actually absorb a different power, but by
keeping the source emf constant, conditions of use will
be simulated in an idealized fashion.

REGULATION

It is a common tendency nowadays to employ so much
negative voltage feedback in amplifiers so that the loud-
speaker is driven from essentially a zero impedance
source. Whether or not this is desirable is another matter,
on which many words have been spilled but for which few
facts have been marshaled. Here we shall merely intro-
duce what seems to be a useful measure of the amplifier
internal output impedance. First measure the open circuit
voltage across the amplifier output, keeping within the
linear region. Then connect the rated load across the
terminals. The ensuing drop in voltage, expressed in
decibels, is termed the regulation. For example, the regu-
lation of a triode output stage is normally 3.5 db. For

beam power tubes without feedback, 15 db is perhaps a

lower limit. With feedback, values as low as 0.2 db have
been stably attained. A matched source has a regulation
of 6 db, whereas for a constant voltage source the regula-
tion is zero db. The importance of the regulation is this:
at extreme frequencies the loudspeaker impedance usual-
ly is very large compared with the rating impedance and
hence the loudspeaker approaches an open-circuit load
condition. The regulation then represents the maximum
increase in voltage across the loudspeaker (and hence
the rise in output), expressed in decibels to be expected
as a consequence of the rise in impedance. Of course,
the presence of reactive components in the actual source
and load may somewhat alter this output increase, but
the regulation is seen to furnish a good basis for estimat-
ing the behavior of a given loudspeaker with different
output stages. Also, this points out the necessity for
staging the source regulation in giving results of loud-
speaker tests, since it is one of the important factors to
be considered in comparing results of tests on different
loudspeakers.

IMPEDANCE DISTORTION

Amplifiers are commonly tested and rated with a
resistive load. Thus, the path of operation in the equiva-
lent plate current-plate voltage family of tube curves is
a straight line, assuming a perfect output transformer.
However, long before the effect of finite transformer
primary inductance is felt at low frequencies, the speaker
will have become a load having considerable reactance.
Consequently, the path of operation will become an ap-
proximate ellipse instead of a straight line. Because this
ellipse will extend into regions where the tube character-
istics are not so well behaved, there will result a species
of distortion for which the term ‘‘impedance-distortion’’
is suggested. In practice it is almost certain that for
well designed and stable amplifiers this distortion will
be of minor consequence, owing to the vastly greater
amount arising from mechanical nonlinearity and magnetic
field inhomogeneity in the loudspeaker. Still, it might be
instructive to construct a dummy load simulating the
loudspeaker for use in amplifier measurements at low
frequencies.

CONCLUSIONS

Five impedances are associated with the operation
and testing of loudspeakers: the complex speaker impe-
dance; the rating impedance; the test source impedance;
the amplifier internal output impedance; and the amplifier
load impedance. From these values it is possible to make
the proper connections for operation and for testing, and
to calculate the power available to the loudspeaker. The
rating impedance is not a very sharply defined quantity,
and it may be estimated in a relatively simple manner in
most cases of interest. The regulation of the test source
should always be stated in giving results of tests; it aids
in estimating loudspeaker performance at extremes of
frequency.
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PGA COMMITTEE APPOINTMENTS

It is a pleasure to announce the following committee
appointments:
Chapters
Robert K. Troxel, Chairman, (Shure Bros., Chicago,
1)
Membership
A. M. Wiggins, Chairman (Electro Voice, Buchanan,
Mich.) .
Nominations
Vincent Salmon, Chairman, (Stanford Research Inst.,
Stanford, Cal.)
John A. Kessler, Member, (Mass. Inst. of Tech.,
Cambridge, Mass.)
D. W. Martin, Member, (The Baldwin Co., Cincinnati,
Ohio)
Papers Procurement
Arnold P. Peterson, Chairman, (General Radio Co.,
Cambridge, Mass.)

Papers Study
Hugh Knowles, Chairman, (Industrial Research Prod-
ucts, Franklin Park, I11.)
Program .
Russell J. Tinkham, Chairman, (Ampex Electric
Company, Redwood City, California)
Tape Scripts
A. B. Jacobsen,
Seattle, Wash.)
Tellers
Jordan J. Baruch (Bolt,
Cambridge, Mass.)
We invite any interested PGA members to help these
committees. Please communicate with the appropriate

Chairman, (U. of Washington,

Beranek and Newman,

chairman or with me.

Marvin Camras

Chairman, IRE-PGA

NEW IRE-PGA CHAPTERS FORMING

Welcome to the new San Diego Chapter of IRE-PGA!
Although there was a news item concerning the possible
formation of a chapter in San Diego several issues back,
the San Diego Chapter is now ‘‘official’’, and we hope to
have some news from them in a future issue.

A petition for a new chapter in Houston has been re-
ceived, and may be acted upon before this issue of
Transactions of the IRE-PGA is printed.

PGA now has chapters in the following cities:

Albuquerque Kansas City

Boston [.os Angeles
Chicago Milwaukee
Cincinnati Philadelphia
Detroit Seattle

San Diego

If the IRE Section in your vicinity has a group of
members (or potential members) interested in audio,
please communicate with Robert E. Troxel, Chairman of
the Committee on Chapters, (Shure Brothers, Inc., 225 W.
Huron St., Chicago 10, Illinois).

IRE-PGA AT 1953 NATIONAL ELECTRONICS
CONFERENCE

Once again the IRE-PGA is cooperating with the
National Electronic Conference by organizing an audio
program for the 1953 NEC meeting in Chicago, September
28, 29 and 30. This session has regularly been the fall

meeting of the Professional Group on Audio for several

years. Mr. R. J. Tinkham has been appointed by Marvin
Camras as Chairman of the Program Committee for IRE-
PGA.

Another excellent program is expected. Make your
plans to attend.
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ROOM ACOUSTICS*
Hale J. Sabine

The Celotex Corporation
Chicago, Illinois

This basic summary of room acoustics was prepared by Dr. Sabine specifically for radio
engineers, The active discussion which it stimulated at the national IRE Convention
indicated its potential general interest to the membership of IRE-PGA.—Editorial Committee.

The foregoing papers have described the action of
various electrical, mechanical, and electroacoustic links
which may form a more or less complex chain between a
source of sound and its reception by the ear. The present
discussion will be concerned with the transmission of
sound through the air in a room and the ways in which
the signal may be modified by the acoustical character-
istics of the room. In the cases to be discussed, the
source of sound in the room may be a live voice or music-
al instrument, or may be reproduced by a loudspeaker.
It may be received either by the ear or by a microphone
for further transtission. '

As the simplest possible case, we may consider trans-
mission in a room in which reflection of sound waves is
essentially nonexistent. This would be equivalent to the
open air, or a so-called ‘‘free field”’. Under these condi-
tions the sound signal is transmitted from source to re-
ceiver with no modifications except for simple attenuation
due to the decrease in amplitude of the wave as it spreads
out from the source. As given by the inverse square law,
this attenuation amounts to 6 decibels for each succes-
sive doubling of distance from the source, or 20 db per
ten-fold increase of distance, and is essentially inde-
pendent of frequency. Over large distances, high audio
frequencies are attenuated somewhat more than-low fre-
quencies, due to absorption of sound energy by the air
itself. The amount depends on frequency and relative
humidity. A 10,000 cycle tone is attenuated 9 db per
hundred feet of travel at 20 per cent relative humidity,
and 4 db at 50 per cent. In any room this directly trans-
mitted sound is always present as a component of the
total sound field, and its intensity or energy density at
the receiver depends only on the acoustic power output
and directivity of the source and on the distance of the
receiver from the source. The energy density of the direct
sound in ergs per cubic centimeter is given by

g 14 47
D = e (D
41D? ¢ Q

1

*Presented as part of the Seminar, ‘‘Acoustics for the Radio
Engineer’’, organized by thte IRE Professional Group on Audio,
IRE National Convention, New York, N.Y., March 25, 1953.
Manuscript received June 3, 1953.

where W = acoustic power output of source,
D = distance from source,
velocity of sound, and

[

(1,= effective solid angle of radiation of source,
in steradians.
For a nondirectional source,

4

Ep (2

) 47D*c

In a typical room sound waves are reflected back and
forth many times between the walls, floor, and ceiling,
with some loss of energy by absorption at each reflection
as shown in Figures 1 and 2. If a steady source is main-
tained, the rapid accumulation of reflected waves quickly
sets up a level of sound energy which is essentially uni-
form throughout the room and remains constant until the

A SEC.

T
- 200

!
8 100 SEC.

Fig. 1 — Multiple reflection of a single wave front in a closed
room.

source is cut off. This steady state level is determined
by the point at which the rate of energy loss by absorption
at the room surfaces equals the rate at which sound energy
is supplied by the source. From this it can be shown that
the steady state energy density is directly proportional
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to the acoustic power output of the source and inversely
proportional to the room absorpfion, which depends on the
area and average sound absorptivity of the room surfaces
and furnishings. The value of the reflected energy density
is given approximately by

ER=— (3)

ac

The room absorption a, in sabins, is the figure ob-
tained by multiplying the area in square feet of each
room surface by its sound absorption coefficient, or ab-

sorptivity, taking the sum of these products, and adding
in the absorption supplied by furnishings, seats, and

o b
C- 35 SEC.

|
o] 7 SEC.

Fig. 2 — Multiple reflection of a single wave front in a
closed room.

persons in the room. One sabin, or absorption unit, is
defined as the equivalent of one square foot of perfectly
absorptive surface, such as an open window. The absorp-
tion coefficient of a surface is defined as the per cent
of incident sound energy absorbed by the surface. Sound
waves are assumed to strike the surface equally from all
possible angles. Ordinary hard interior finish materials
such as concrete, plaster, wood, glass, etc., are excel-
lent sound reflectors, having absorption coefficients of
only 1 to 5 per cent. Carpets and drapes are more or less
effective absorbers, depending on frequency. Upholstered
seats have absorptions of 1 to 4 sabins each, and a
seated person has an absorption of about 4 sabins.
Architectural acoustical materials, designed as sound
absorbent interior surfaces, have coefficients which may
approach 100 per cent at certain frequencies, and in
general have coefficients, averaged over the frequency
range, of 50 to 90 per cent, depending ‘primarily on thick-
ness.

Sound absorption is fundamentally the transformation
of the vibratory energy of air molecules in a sound wave
to the random molecular motion of heat energy. This can
only take place through friction or viscosity; that is, by
damping. In the case of porous material, which is the
most common type of sound absorber, a sound wave
readily enters the material, where the vibratory energy is
dissipated by friction of the air molecules against the
pore walls or fibers of the material. This results in the
reflection of a wave with diminished sound energy, as
shown inFigure 3. Sound can also be absorbed by impervi-
ous diaphragms, such as thin plywood over an air space.
The two basic requirements for effective absorption in
this manner are, first, that the diaphragm be light enough
and backed by a deep enough air space that it can move
relatively freely under incident sound pressure, and
second, that there be a frictional or viscous element of
the proper value in the system for developing the required
transformation to heat energy. This element can be either
the internal bending viscosity of the diaphragm or a
porous material in the air space.

)“)
\

RIS ERYY)

Fig. 3 — Absorption and reflection of sound by a porous
material.

The electrical analog of sound absorption is a trans-
mission line having a purely resistive characteristic
impedance, representing the air outside the material,
terminated by a complex impedance, representing the sur-
face of the material. If the electrical reflection coeffici-
ent R of such a line termination is expressed in terms of
a power absorption coefficient, a =1 - R?, its value will
be numerically equal to the absorption coefficient of the
corresponding acoustical impedance (for normal wave
incidence). The simplest type of sound absorber is a
porous material on a rigid backing. The acoustic impe-
dance of the surface of such a material is essentially the
analog of a resistance and a capacitive reactance in
series, as shown in Fig. 4. The resistance corresponds
to the frictional resistance offered by the material to the
penetration >f air, and the capacitive reactance to the
stiffness reactance of the air volume contained between
the outer surface and the rigid backing of the material.
Covering the material with a perforated facing is equiva-
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lent to adding a series inductive reactance to the equiva-
lent electrical circuit, and causes an absorption peak at
the resonant frequency. (See Figure 5.)

—
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Fig. 4 — Mechanical and electrical analogs of sound absorp-
tion by a homogeneous porous material of thickness
L, porosity P, and specific flow resistance r.
(H. J. Sabine, ““Sound absorption and impedance of
acoustical materials,”” Jour. Soc. Mot. Pic. Eng.)
vol. 49, no. 3, pp. 262-278; September, 1947. Repro-
duced by permission.)

Complete transfer of power to the load in the elec-
trical circuit, corresponding to complete sound absorp-
tion, will take place only when the load impedance is a
pure resistance equal to the characteristic line impe-

4 — - —
' o
2
[¢)
W
]
4
«
o-2
W
a
2
-4
-6
-8— — - 1 U i - —)
1.00 -1 - -
.80 ! . e /J/_ S ]
.60 Y ‘_r// o
.40 B ~
-
=2 + .
20 ! e —f
o —— L — 1 — —
256 st 1024 2048
FREQUENCY

Fig. 5 — Acoustic impedance and absorption coefficient of
one-inch porous material with and without perforated
facing. (Reproduced by permission from same source
as Fig. 4.)

dance. Since the impedance of acoustical materials in
general contains a reactive component, as they are norm-
ally manufactured and installed, their absorption will
vary with frequency.

Neither the ear nor a microphone responds directly to
sound energy, but instead to sound pressure (or particle
velocity in the case of a velocity microphone), therefore,
it is important to know how sound pressure is distributed
with a steady source being maintained. The total sound
pressure at a given point depends on the vector summation
of the random pressure amplitudes and phases of all of
the reflected waves passing through that point. The
pressure will therefore fluctuate markedly from point to
point in a stationary series of peaks and dips termed a
‘‘standing wave pattern’’ or ‘‘interference pattern’’. Suc-
cessive peaks or dips when excited by a single frequency
source are spaced roughly one-half wavelength apart in
any direction, the spacing in feet being approximately
equal to 560 divided by the frequency. The difference in
pressure level between maxima and minima may be as
much as 20 or 30 db, but with increasing absorptivity and
irregularity of the room surfaces the pattern becomes
much less pronounced and also less regular. Interference
peaks and dips may be easily heard in any room in which
a steady, moderately high-frequency tone is sounding, by
stopping one ear and moving the head slowly over a
distance of a few feet. A sound level meter will register
similarly.

The dips in a standing wave pattern are sometimes
referred to as ‘‘dead spots”’, a term which is misleading
as far as over-all room acoustics is concerned. For every
frequency which would produce a pressure minimum at
any given point, there is on the average another frequen-
cy which would produce a maximum at the same point.
Normal sound sources, such as speech or musical
instruments, produce many frequencies at once which are
constantly changing. Interference effects therefore tend
to average themselves out under actual conditions and
there is no evidence of fixed dead spots attributable to in-
terference per se. This is shown very clearly in Figure 6,
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Fig. 6 — Sound pressure level vs. distance from a loudspeaker
in a room (Reproduced by permission from V. O.
Knudsen and C. M. Harris, ‘‘Acoustical Designing in
Architecture,’”” John Wiley and Sons, Inc., New York,

N.Y., 1950; p. 138.)

in which the interference pattern 1s virtually eliminated
by substituting a continuous band of frequencies one
octave wide for a single frequency tone. This figure
incidentally illustrates why a band of frequencies rather



PROFESSIONAL GROUP ON AUDIO 7

than a single fixed tone should be used in measuring
the average sound pressure level in a room. Interference
effects are further minimized by binaural listening, since
the chances are against pressure minima coinciding with
the positions of both ears. As a possible exception to the
above statements, it may be noted that at very low
frequencies of less than 100 cycles, where wavelengths
are 10 feet or more and interference patterns correspond-
ingly broad, definite areas of poor response to certain
bass tones may occur, particularly in small rooms.

Since any change in frequency will cause a change in
the spacing of the interference pattern, it can be seen
that the sound pressure at a fixed point, due to the
reflected wave system, will fluctuate with frequency.
Fach peak in the pressure-frequency curve is due to an
individual resonant response or so-called ‘‘normal mode
of vibration’ of the volume of air enclosed in the room.
Roughly, a resonance peak may be thought of as occurring
whenever a reflected wave after traveling once around a
room (or between two opposite surfaces) is exactly in
phase with itself at its starting point.

The response curve of a typical room of living room or
studio size and moderate absorptivity is shown in Figure

(3]

o

-

3

RELATIvVE RESPONSE % 08

FREQUENCY IN CYCLES PER SECOND

Fig. 7 — Variation of sound pressure level with frequency at
a fixed point in a room. (Reproduced by permission
from Jensen Technical Monograph No. 1, “Loud
Speaker Frequency-Respoinse Measurements,’’ pub-
lished by Jensen Manufacturing Co., Chicago,
I1linois.)

7. The fluctuations shown are due largely to room reson-

ances, and only secondarm to variation of Ioudspeaker

output. At low frequencies the peaks are clearly defined
and quite broad, but at higher frequencies they become
more and more closely spaced. In a larger room the low
frequency peaks would also be more closely spaced.
Since the peaks are caused by reflection, it follows that
increasing the absorptivity of the room surfaces should
smooth out the response curve. This occurs to a marked
degree, as shown by Figure 8, in which the room absorp-
tion is increased four times.
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Fig. 8 — Variation of sound pressure level with frequency in a
room with low absorption 4 and high absorption 8. (E.
C. Wente, ‘‘The characteristics of sound transmission
in rooms,’" Jour. Acous. Soc. Amer.) vol. 7, p. 123;
October, 1935. Reproduced by permission.)

The frequency irregularity of a room can be easily
heard if one ear is closed and a pure tone is varied
slowly in frequency. However, in listening to speech
and music the frequency peaks are so uniform and so
closely spaced that they are not distinguishable as such
by the ear. Exception must be made again to the case of
low frequencies in small rooms where the irregularities
are so broad that they can be readily detected in normal
listening or microphone pickup. For example, successive
pedal notes of an electronic organ might differ notice-
ably in audible level.

As far as hearing conditions are concerned, then, we
can largely ignore both the spatial and frequency fluctua-
tions of sound pressure due to interference effects, and
consider only the average sound pressure which, when
squared, will be a direct measure of the reflected sound
energy density. As pointed out previously, its steady
state level is uniform throughout the room (assuming a
generally rectangular shape). The total energy density
at the point of pickup with a steady source sounding is
the numerical sum of the energy density of the reflected
sound and that of the directly transmitted sound. The
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ratio of direct to reflected sound energy density is,
approximately,

ED a
—_— = (4)
Erp 167D
where a = room absorption in sabins, and
D= distance from source in feet.
There difference in level in decibels is
: a
Lp - Lp =10 log (5)
D R 10 16 7 D*

If either the source or the receiver, or both, has a
directional radiation or response characteristic, the fore-
going expression is modified to

a 47 4m
+10 log,, —t 10 logma(6)

LD'LR =10 logw 167702 0

2

where (1, and (), are the effective solid angles of radia-
tion and response of the source and receiver, respec-
tively, in steradians.

This relation (Equation 5) is plotted in Figure 9 as a
function of distance from the source for the indicated
values of room absorption. Both source and receiver are
assumed to be nondirectional. If either one were direc-
tional, the direct sound in relation to reflected would be
correspondingly higher, by the amounts given in (6).
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Fig. 9 — Level of direct sound (IL ;) above or below generally
reflected sound (/L fn relation to distance from
source and number oe{ absorption units in the room.

Figure 9 can be used to estimate at what distance
from the source the reflected sound will become the major
component in rooms of various sizes. If it is assumed
that the direct component becomes negligible when it
falls to 10 db below the reflected sound, it will be seen
that this occurs at only about 5 feet from the source in a

room with 100 sabins absorption. This would be typical
of an average living room. In a room with 1000 sabins,
which would be a small auditorium with an audience of
150 to 200, or a 25 by 40 foot radio studio, the reflected
sound would become predominant at about 15 feet from
the source. A room with 10,000 sabins would be a fairly
large auditorium or concert hall filled to a capacity of
1500 to 2000 people. In this case the reflected sound
would not become predominant until about 50 feet from
the source.

If either the source or pickup is directional, the above
distances will be increased by a factor of V47/Q,
This is equivalent to saying that the effect of a direction-
al source or pickup is the same as moving closer to the
source.

One important application of these figures is in de-
termining what effect the absorption-frequency character-
istic of the room will have on the sound transmitted to
various receiving positions. At points far enough from
the source that the total level is due mostly to reflected
sound, the frequency characteristic will be essentially
that of the room absorption. Close to the source, the
variation of absorption with frequency will have very
little effect on the transmission-frequency characteristic.
The equation relating the total level, in decibels, to
distance and room absorption, assuming non-directional
source and receiver, is

l6 mD?

Ly = Lp + 10log, | 1+ (7)

a

Since the direct sound L) is wransmitted without frequen-
cy discrimination, this equation can be used to determine
the effect of variation of absorption a with frequency on
the total level for various distances D. In a well-de-
signed room the overall variation in absorption over the
audible frequency range will be of the order to 2 to 1,
which is a deviation of only 3 db from a flat room re-
sponse curve. The effect of non-uniform absorption can
be further reduced by a directional source or receiver.

Loudspeakers are used as sound sources principally
to reinforce the natural voice in large auditoriums, and
to reproduce recorded sound, as in motion picture thea-
tres. It is generally desirable that the amplified sound be

-as close to & uniform level as possible over the seating

area. This can be accomplished either by distributing a
number of low level speakers around the room so as to
blanket the seating area, or by utilizing the directional
pattern of a single loudspeaker near the stage. As
illustrated in Figure 10, the speaker is oriented so that
the drop in level away from the axis is compensated by
the closer distances.

The entire discussion has thus far been confined to
transmission through the room of sound from a steady,
continuous source which does not vary in strength, fre-
quency, or frequency distribution, such as a sustained
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note from a musical instrument without tremolo or vibrato.
The effects of room characteristics on the audible tone
quality of such a sustained sound are actually quite minor
and difficult to detect, and are apparent only in subtle
differences in the harmonic structure of a musical tone
due to the interference pattern, and possibly to high
frequency attenuation due to air absorption or non-uniform
room absorption. The sounds of music, and especially of
speech, however, are in general constantly changing and
of relatively short duration. The transient responses of
the room to these changes have a very marked and un-
mistakable effect on sound quality and hearing conditions.

DIRECTIONAL LOUD-
CHARACTERISTIC SPEAKER
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Fig. 10 — Arrangement of the loud speaker for a sound motion
picture reproducing system in a theater. (Reproduced
by permission from H. F. OQlson, ‘Elements of
Acoustical Engineering,”” D. Van Nostrand Company,
Inc., New York, N.Y., 1947; p. 409.)

The most important index of the transient response of
a room is its reverberation time. Reverberation is defined
as the prolongation and dying out of sound energy in a
room after the source is stopped, due to the continued
travel and absorption of reflected waves. The sound
energy decay follows as exponential curve, which when
plotted on a decibel scale against time is a straight line.
The reverberation time T of a room is defined as the
number of seconds required for a decay of 60 decibels. It
is a definite acoustical property of the room which de-
pends only on its volume V in cubic feet and total ab-
sorption a in sabins, in accordance with the formula

0.05 ¥

T = 8

a

Since the absorption normally varies with frequency, the
reverberation time will be frequency dependent in inverse
ratio.

It is important to note that the reverberant sound de-
cay starts from the level of the reflected sound and not
necessarily from the total level, as illustrated in Figure
11. That'is, if the receiver position is close enough to
the source that the direct sound predominates with the

source on, there will be an instantaneous drop to the
reflected sound level when the source is stopped, after
which the decay takes place at the rate given by the
reverberation time. At more distant positions where the
direct sound is much less than the reflected, the decay
starts from the total level with no discernible sudden
drop when the source is cut off. The extent of this initial
drop-off of direct sound is probably the most important
factor in determining ‘‘acoustical perspective’’, or the
ability to estimate the distance of a sound source from
the point of pickup by listening alone, either directly or
through a microphone and loudspeaker. As pointed out

LxL

TIME ———=

Fig. 11 — Diagram showing that reverberant sound decay
starts from level of reflected sound (LR) and not
from level of direct sound (LD).

above, a directional source or microphone will cause the
distance to be estimated as less than it actually is. It is
this same effect which makes it possible for directional
loudspeakers to partially overcome the effects of exces-
sive reverberation on speech intelligibility. Good results
have been obtained in this manner in very large cathe-
drals, where tremendous volumes and lack of available
treatment areas make it impossible to control reverbera-
tion sufficiently with acoustical materials.

The term ‘‘liveness’’ has been used to denote the
overall subjective effect of reflected sound and reverbera-
tion in altering the quality of the directly transmitted
sound, and numerous attempts have been made to attach
a numerical figure to this property. Maxfield and Albers-
heim have proposed a ‘‘liveness constant’’ for a given
room and pickup location which is proportional to the
reverberation time and to the ratio of reflected to direct
sound at that location. It is open to question, however,
as to whether both of these factors can be properly com-
bined into a single constant. For example, in a room
having a four-second reverberation time, a point could be
found close enough to the source that the ratio of reflect-
ed to direct energy would be 1/4. At this point, therefore,
there would be a drop in level of 6 db before the start of
the slow decay given by the four-second reverberation
time. In another room having a one-second reverberation
time, a point could be found distant enough from the
source that the reflected energy would equal the direct;
that is, their ratio would be 1. In this case there would
be a 3 db drop when the source was stopped, but this
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would be hardly perceptible when followed by the rapid
one-second decay time. The-liveness constant would be
the same for the two cases, but there would be a marked
difference in the ear’s judgment of room effect. It is
especially important to consider the initial drop and the
following decay rate separately when adding reverberation
artificially to program material either by an echo chamber
or electronically. o
Cenerélly speaking, the reverberation time must be
held within certain limits in order to prevent confusion
and overlapping of successive speech sounds, with
resulting loss of intelligibility, and to impart a pleasing
quality to the rendition of music. The choice of reverbera-
tion time representing optimum hearing conditions has
been covered extensively in the literature and in standard
texts on architectural acoustics, and no detailed discus-
sion will be attempted here. It can be stated that accept-
able reverberation times may range from 0.5 to 3 seconds,

" depending on frequency, room size, the type of sound,

that is, whether speech, music, live, or reproduced, and
on whether pickup is by the two ears (binaural) or by a
microphone (monaural). See Figure 12. It can also be
stated that deviations of plus or minus 20 per cent from
recommended values will cause no serious harm to the
quality of hearing conditions.
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Fig. 12 — Range of acceptable reverberation times at a
frequency of 500 cycles for auditoriums of various
sizes. Range includes various uses of room. (Re-
produced by courtesy of Acoustical Materials
Association).

The effect of the frequency variation of reverberation

time on hearing conditions may require some explanation. -

A reverberation curve which is flat above 1000 cycles
and gradually rising to about twice the 100 cycle value
at 50 cycles is generally considered acceptable. This
curve can be justified theoretically on the basis that it
causes all frequency components of a complex sound to
maintain the same relative loudness to each other through-
out the decay. Furthermore, such a curve is fairly typical
of most ordinary listening rooms and auditoriums, and can
therefore be considered as representing ‘‘naturalness”’ in
room quality. Deviations from this ideal curve are objec-
tionable only insofar as they produce ‘‘unnatural’’ sound
quality. As a rule, the most readily observed frequency

irregularities are excessively long reverberation times at
the extreme low and high frequencies, which produce
room responses which can be described as ‘‘boomy’’ and
‘‘hissy’’, respectively. Differences in decay rate with
frequency are also more easily heard when the average
reverberation time is short than when it is long. As a
practical matter, reverberation-frequency characteristics
cannot always be completely controlled, as for instance
in an auditorium with full audience, where the curve is
largely fixed by the absorption of the people, and at very
high frequencies by the absorption of the air. In broad-
casting or recording studios, on the other hand, the
reverberation-frequency curve can be adjusted as desired
by proper choice of acoustical treatment.

Reverberation as heard by the ear or a microphone has
thus far been considered as a smooth, continuous trail of
sound dying out to inaudibility. Actuallv, the decay curve
of sound pressure level fluctuates more or less widely
about an average straight line, due to the interference
pattern. The amount of fluctuation is much less for a mix-
ture of frequencies than for a single frequency tone, and
is also reduced by irregular room surfaces, where the
dimensions of the irregularities are generally comparable
to the wavelength.

A certain amount of fluctuation in decay is common to
all rooms and is therefore considered desirable on the
basis of ‘‘naturalness’’. Artificial reverberation should
therefore provide for some decay irregularity.

Another type of transient room response is associated
with the sound which reaches the ear or microphone after
only one or two reflections, as shown in Figure 13. These

U
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Fig. 13 — Components of sound received by a listener in an
auditorium.

arrive immediately after the direct sound, and since they
are at a high level and account for comparatively large
changes in level at the beginning of the general decay,
they may strongly affect the quality of hearing conditions.
Probably the most familiar of these effects is an echo,
which is defined as a single reflection which can be
heard as a distinct repetition of the direct sound. In
order for a single reflection to be heard as an echo, it is
necessary first that the reflected sound arrive at the ear
or microphone at least 1/17th second later than the direct
sound, or in other words, that it travel a path from source
to listener at least 65 feet longer than the path traversed
by the direct sound. If the time lag is shorter than this,
the reflection cannot be distinguished by ear, and will



PROFESSIONAL GROUP ON AUDIO 11

instead act as a reinforcement of the direct sound.
Secondly, echoes are audible only if the reverberation
time is short enough that the sound of the echo is not
obscured by the general reverberation. Echoes in audi-
toriums are most often caused by rear walls and exces-
sively high ceilings, since it is these surfaces which
make possible the longest path difference between direct
and reflected sound when the source is on the stage.
When caused by flat surfaces, echoes are considered
undesirable insofar as they cause a distraction to atten-
tive listening. Concave room surfaces, however, such as
curved rear walls or domed ceilings, produce converging
or focused reflections which result in greatly intensified
echoes. Under the worst conditions, namely, where the
ear or microphone is close to a strong sound focus, as

Fig. 14 — Diagram showing focused reflection from a concave
ceiling.

shown in Figure~l4, and the room is large enough to
allow sufficient time lag between direct and reflected
sound, echoes may be so severe that speech is unintel-
ligible and listening to music is intolerable. To avoid
such difficulties, extended curved surfaces should be
laid out so that their centers are far removed from any
sound pickup position (see Figure 15), or else should be
broken up by large irregularities having dimensions of
several feet. lleavy acoustical treatment is helpful, but
not completely effective in severe cases.

In designing an auditorium, the shaping of room sur-
faces and the location and distribution of the acoustical
treatment required for reverberation control can be uti-
lized to some extent to take advantage of the first
reflections. In general, absorption should be placed on
those surfaces which produce the longest delayed first
reflections to most listening positions. Such surfaces
would be rear walls and excessively high ceilings. In
theatres and auditoriums where direct or reproduced
speech is at least partly involved, it is desirable to
shape the walls and ceilings near the stage so that, as
far as possible, first reflections will arrive at each
listening position with a path difference of less than

about 65 feet and from a direction close to that of the
direct sound. These measures result in a marked rein-
forcement of the direct sound and a heightening of the
auditory impression that all of the sound is coming from
the stage. The latter effect is especially important in
sound motion picture presentation. Obviously, surfaces
which provide useful first reflections should not be
acoustically treated, or at most lightly and in partial
areas.

It is particularly important in a concert hall or scoring
stage that the performers be surrounded with reflective
surfaces on the stage itself. This is vitally necessary in
permitting the conductor as well as each member to hear
the group as a whole with the proper blending and bal-

ance.

S

C

Fig. 15 — Reflection from concave ceilings of various radii.
Center of curvature near floor line 4 produces most
harmful effects. Conditions B and C are relatively
harmless.

In auditoriums using loudspeakers for reinforcement of
live speech, heavy rear wall absorption is of considerable
help in preventing acoustic feedback to the microphone,
and consequent ‘‘howling’’.

Control of first reflections .is effective only in fairly
large rooms, such as recording and audience broadcast
studios and auditoriums seating at least a few hundred
people. In smaller rooms, such as living rooms and small
studios, all reflections arrive in such rapid succession
that special control of first reflections produces no
effects that can be readily appreciated by the ear.

The phenomenon of flutter echo should also be
mentioned in connection with room design. This is a
multiple reflection back and forth along a single line
between two perfectly parallel reflecting surfaces. It can
only be detected when the source and pickup are both on
the same line perpendicular to the surfaces, and then
only when the general room reverberation is short. As the
name suggests, it is heard as a buzzing or ringing effect
which is undesirable to the extent that it is disturbing or
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out of place. A flutter can also occur between two diagon-
ally opposite room corners. It can be eliminated by put-
ting the surfaces even very slightly out of parallel, or
by making one or both of them absorptive. Serious trouble
due to flutter is apt to occur only in small broadcast
studios where the foregoing precautions have not been
observed.

It is hoped that this brief outline of the essential
principles of room acoustics will be helpful to those
interested in this field. Reference to the literature and
texts as well as personal experimentation and critical
listening will establish a background of useful experi-
ence for handling the more subtle and involved problems
which may be encountered.

REFERENCES

1. Knudsen and Harris, ‘‘Acoustical Designing in
Architecture, John Wiley & Sons, Inc., New York,N.Y.;
1950.

2. Harry F. Olson, “Elements of Acoustical Engineer-
ing,”” 2nd FEd., D. Van Nostrand Company, Inc.,
New York, N.Y.; 1947,

3. Harry F. Olson, ‘‘Musical Engineering,”” McGraw-Hill
Book Company, Inc., New York, N.Y.; 1952,

4. Michael Rettinger, ‘‘Applied Architectural Acoustics,”’
Chemical Publishing Co., Inc., Brooklyn, N.Y.; 1947.

5. J. P. Maxfield and W. J. Albersheim, Jour. Acous.
Soc. Amer., vol. 19, p. 71; January, 1947.

6. ‘‘Less Noise — Better Hearing,”’ published by The
Celotex Corporation, Chicago, Illinois.

CT2E=T0

THE UNIAXIAL MICROPHONE*

Harry F. Olson, John Preston, and John C. Bleazey
RCA Laboratories Division,
Princeton, N.]J.

Summary—A small unidirectional microphone has been devel-
oped with the following features: Maximum sensitivity along
the axis of the microphone; a high ratio of electrical output
to size; a sharper directivity pattern than a cardioid; a
directivity pattern that is independent of the frequency; a blast-
proof vibrating system. The high discrimination which this
microphone exhibits to sounds which originate from the sides
and rear makes it particularly suitable for long distance
sound pickup in radio, television, sound motion pictures, and
sound reinforcing systems.

INTRODUCTION

The general trend in microphones for use in television
is in the direction of smaller and more unobtrusive units.
One of the first high-quality units of this type was the
small ‘‘Bantam’’ velocity microphone.'! Another example
is the *‘‘Starmaker,”’
microphone.?

a nondirectional pressure ribbon
However, for boom use and other long
distance pickup applications a directional microphone is
required. The *“77D’’ unidirectional microphone is almost
universally used for these applications. This microphone
was developed almost ten years ago. Over this period,
research and development work has been carried on with

sPresented at the IRE-PGA session of the IRE National Convention,
New York, N.Y., March 26, 1953. Manuscript received June 5, 1953.
Reprinted from RCA Review, March, 1953.

lL. J. Anderson and L. M. Wigington, ‘‘The Bantom Volicity Micro-
phone,'’ Audio Eng., vol. 34, p. 13; January, 1950.

H. F. Olson and J. Preston, ‘‘Unobtrusive Pressure Microphone,’’
Audio Eng., vol. 34, p. 18; July, 1950.

the objective of improving the acoustic and magnetic
systems of microphones. An example, incorporating some
of these developments, is the ‘‘Starmaker’’ microphone
referred to above. A review of the unidirectional micro-
phone indicated that it would be possible to reduce the
size and improve the directivity. Furthermore, a new re-
quirement was a blastproof vibrating system capable of
withstanding blast from guns, pistols and small ex-
plosions. This review also indicated that a blastproof
feature could be incorporated. The vibrating system which
appeared to be the most suitable for obtaining the above
enumerated features was one similar to that used in the
Starmaker. In the unidirectional form this system has
been termed the uniaxial microphone because the maxi-
mum sensitivity corresponds to the axis of the system.
It is the purpose of this paper to describe the uniaxial
microphone.

THEORY

The motor selected for this microphone is shown in
Figure 1. Among the advantages of this motor is the
simple and efficient magnetic structure. Simplicity
is accomplished by the use of a small number of easily
machined parts. High magnetic efficiency is obtained due
to the small leakage inherent in magnetic designs of this

type.
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The next consideration is a blastproof system. A
typical sound wave produced by the firing of a gun is
shown in Figure 2. The total time depends upon the type
of gun. It appears to range from 1/20 to 1/40 of a second
from a 0.45 to a 0.22-caliber gun. The low-frequency
components of this wave are not reproduced through the
complex chain of elements which constitute the sound

RIBBON-

i

SIDE VIEW

FRONT VIEW

Fig. 1 — Front and side views of the motor of the uniaxial
microphone.

channel in recording or broadcasting. However, these
low-frequency components in the blast pulse produce the
large deflections in the ribbon and stress it beyond the
elastic limit and thereby introduce a permanent deforma-
tion in the ribbon. What is required is a system which
will reduce the low-frequency amplitude of the sound
pressure delivered to the ribbon.

SOUND PRESSURE

TIME

Fig. 2 — A graph of the sound wave produced by the firing of
a gun,

The sound pressure delivered to the ribbon in the low-
frequency range can be reduced by the use of an acoustic-
al resistance placed over each side of the ribbon as
shown in Figure 3. The acoustical curcuit is also shown
in Figure 3. The components of the acoustical impe-
dance of the elements of the system shown in Figure 3
are shown in Figure 4. These components are as follows:

The acoustical resistance is

ra=ra4, try (1)

2,

where r, = acoustical resistance of the screen on the
1
front of the ribbon,

acoustical resistance of the screen on the

back of the ribbon.

I'A2

The positive acoustical reactance of the ribbon is
given by

XAM =277fM, (2)

where M = inertance of the ribbon.
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Fig. 3 — Sectional view and acoustical circuit of a simplified
vibrating system of a uniaxial microphone to show
the effect of the blast baffles. In the acoustical
circuit: p, is the sound pressure on the front of the
microphone; 7, and r, the acoustical resistances of
the blast bafflés; M and CA the inertance and acous-
tical capacitance of the ribbon; and P, the sound
pressure on the back of the microphone.

The negative acoustical reactance of the ribbon is
given by

1

= —_—, (3)

X4c

where C, = acoustical capacitance of the ribbon.
The volume current in the system of Figure 3 is given
by
. P - P
X - -, @
ra Y iXam tiX4c

where p, = pressure on the front of the ribbon, and

p. = pressure on the back of the ribbon.

The driving pressure, p, — p,, is proportional to the
frequency. The reason is as follows: The magnitudes of
p, and p, are the same. However, the phase difference
between p, and p, is proportional to the frequency. There-
fore, in the frequency range in which the distance be-
tween the front and back is small compared to the wave-
length, the difference in pressure between the front and
back will be proportional to the frequency.
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Referring to Figures 3 and 4 it will be seen that the
low-frequency response will be attenuated by the addi-
tion of the acoustical resistances. The response—fre-
quency characteristics with and without the acoustical
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Fig. 4 — The components of the acoustical impedance of the
system of Fig. 3.7, is the total acoustical resistance,
XM the positive "acoustical reactance, and X4c the
negative acoustical reactance.

resistances are shown in Figure 5. These characteristics
show the high attenuation in the low-frequency region due
to the addition of the acoustical resistance.
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Fig. 5 — Response frequency characteristic of the system of

Fig. 3: A. Without accustical resistance; B. With
acoustical resistance.

A sectional view of the complete vibrating system is
shown in Figure 6. The magnetic system is similar to

the one shown in Figure 1. The ribbon is connected to
the damped folded pipe or labyrinth by means of a con-
nector which couples the rectangular cross-sectional
area at the ribbon to the circular cross-sectional area at
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Fig. 6 — A sectional view showing the elements of the motor
of the uniaxial microphone.

the labyrinth. The connector is provided with two holes,
one on each small side near the connection to the ribbon.
These two holes provide the essential portion of the
phase-shifting acoustical network so that the directional
pattern will be of the unidirectional type. The front face
of the microphone is equipped with two lobes. The lobes
perform three functions: the reduction of the deleterious
effects of diffraction, the accentuation of the high-
frequency response, and the support of the blast baffles.
The front of the microphone is equipped with two blast
baffles held in place by the lobes. The side of the micro-
phone is equipped with a single blast baffle. The action
of the different elements and the complete microphone
will be described in the discussion which follows.

The front face of the microphone is circular. There-
fore, the response will be nonuniform in the high-fre-
quency range due to the diffraction effects produced at
the face of the cylinder. The sound-pressureresponse-
frequency characteristic at the center of the cylinder for
normal incidence of the impinging sound wave of uniform
sound pressure in free space is shown in Figure 7A. The
response-frequency characteristic of the system shown in
Figure 6 operating as a pressure microphone and without
the lobes is shown in Figure 7B. The deviation of this
response-frequency characteristic from that of Figure 7A
is due to the fact that the ribbon covers a length of about
one inch on the surface rather than a single point at the
center. The response-frequency characteristic of the
system of Figure 6 operating with the lobes is shown in
Figure 7C. The addition of the lobes reduces the effects
of diffraction. The net result is a smoother response-
frequency characteristic. The lobes also act as a small
horn which accentuates the response in the extreme high-
frequency range.

A sectional view and acoustical network of the com-
plete microphone are shown in Figure 8. It is of the
single-ribbon type in which the back of the ribbon is
coupled to a damped pipe and an inertance in the form of
an aperture in the pipe.
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The action of the microphone can be obtained from a
consideration of the acoustical network. The sound pres-
sure on the open side of the ribbon may be written

jat M"I
P = p°€/ ’ (5) Mo Tapi
Tagl
where p, = amplitude of the pressure, in dynes, per
square centimeter, P
w = 2‘”") Mg \
[ = frequency, in cycles per second, e Ve 7 Gk
t = time. Mg Me2 Ma3 Tacs
Tas agz faps Tacs
The sound pressure acting upon the air load of the SECTIONAL VIEW
aperture and the aperture may be written
- jwe + ¢,)
Pr = Po € e (6)
h = ph le between the pressure and the ) Ms s
where ¢, - phase angle ¢ " . i Ma Tan Mar Lo Mo, s = '
pressure p,. p.—fCU\—-\w—fUU\—-vw—*—fW—«Nv——
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g0 ACOUSTICAL NETWORK
[
=5|L 1 L 1 1 .
400 800 000 00 000 10000 15000
B FREQUENCY 'N CVCLES PER SECOND Fig. 8 — Sectional view and acoustical network of a uniaxial
10~ — T ‘ — - microphone. In the acoustical network: p, is the sound
3 pressure on the front of the microphone; M'4 and
z TAA the inertance and acoustical resistance of the
w air Yoad on lhe front of the microphone; MB » T4B,,
F3 M’ B, and r' the inertances and acoustical re-
1
& sistances of the blast baffles on the front of the
W
€ i microphone; C AC, and (‘JAC the acoustical capaci-
B J N S—
400 800 1000 2000 10000 15000 tances of the volumes between the blast baffles; MS
c FREQUENCY IN CYLES PER SECOND and r,¢ the inertance and acoustical resistance of
© T T | T 1T ) the slit between the ribbon and pole pieces; MR, TAR
| and CAR' the inertance, acoustical resistance and
S—— +—1 T +— - acoustical capacitance of the ribbon; Z 4 the acous-

tical impedance due to the electrical circuit; p, the
sound pressure at the apertures in the labyrinth con-
nector; MA, and 'AA the inertance and acoustical
N | 1 1] resistance of the air load at the apertures of the
400 ao:":,l‘zlsoc)%osch uf.o%ecus P:gogECONo 10000 1000 labyrinth connector; M and T4B, the inertance and

acoustical resistance of‘the blast baffles on the side
of the microphone; CAC the acoustical capacnance
of the volume behind the blast baffle; M,g and T4,S

r
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Fig. 7 — A. The response at the center of a cylinder; B. The the inertance and acoustical resistance of the screen
response of the uniaxial microphone without the dif- covering the hole in the labyrinth connector; M, ‘and
fraction lobes; C. The response of the uniaxial micro- ry, the inertance of the hole in the labyrinth con-

. . . 2
phone with the diffraction lobes. nector; r4p the acoustical resistance of the labyrinth;
ps the sound pressure at the damped cavity between
Referring to Figures 6 and 8 it will be seen that there the magnets; M, and r,, the inertance and acous-
is a cavity between the magnets filled with damping tical resistance’of the air load upon the damped

material. This cavity is coupled to the aperture as shown cavity; Mp  and ryp  the inertance and acoustical
resistance of the blast baffle over the damped cavity;

in the acoustical network. This cavity is also acted upon C, ¢, ac, and R Ac, the acoustical capacitance

by a sound pressure which may be written and acousucal resistances of the cavity between the
magnets; M the coupling between the cavity and
the apertures.

ps = po € i@ T Sa) ()
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The phase angles ¢, and ¢, are a function of the
angle of the incident sound as-follows:

¢, = &, cos 6, (8)
and
¢, = &, cos 6, (9)

where @ = angle between the normal to the surface of
the ribbon and the direction of the incident
sound wave,
®, = constant phase angle for the pressure p,, and
¢, = constant phase angle for the pressure p,.

The coupling M between the aperture and the damped
cavity is complex function of the dimensions and con-
figuration of the cavity and the relation of the cavity to
the aperture. In addition, the coupling is a function of
the direction of the incident sound. Under these condi-
tions the acoustical network of Figure 8 is extremely

Mg Mg

A Mar aas ——— T —wA—
_p b Mg far Can
' @

My T2 Mag  Tags

- P 00— T A T AN

Fig. 9 — A. Acoustical network of Fig. 8 with the blast baffles
removed; B. Acoustical network of A with the equiva-
lent lumped acoustical impedances; C. The approxi-
mate equivalent acoustical network of B with the
mutual coupling system and associated acoustical
impedances replaced by a single pressure and acous-
tical impedance.

complex. If the blast baffles are removed, the acoustical
network is reduced to the one shown in Figure 9A. A
further simplification can be obtained by lumping the

elements into the impedances as shown in Figure 9B.
The acoustical network of Figure 9B can be reduced to
the acoustical network of Figure 9C in which the pressure

P = fi(p)f. (ps) f; (), (10)
and the acoustical impedance
2y, = fi@a) fs (24) (11)

In the acoustical network of Figure 9C, the volume
current in the acoustical impedance z4 due to pressure
1

p,is

: p. (24, tryp)
Xx = i (12)

1 [
2424, Y 2afap t 2 44p

The volume current in the acoustical impedance zy
due to the pressure p’, is !

X, - P'yraP

7 7 . (13)
Zg24, Y Zarap Y 24 rup

The resultant volume current in the acoustical impe-
dance z , is the difference between the volume currents
1

Xgp = X, - X, (14)

If the volume current through the slit between ribbon
and the pole is negligible, the volume current X is the
volume current of the ribbon.

The velocity of the ribbon is

X
ip = —, (15)
AR

where Ap = area of the ribbon.
The voltage generated by the motion of the ribbon is
given by

e = Blxg, (16)
where B = flux density in the air gap, and [ = length of
the ribbon.

The performance of the microphone can be predicted
from (5) to (16) inclusive. The directivity pattern of the
uniaxial microphone shown in Figure 6, under a given
set of constants, can be approximately expressed as

6
e =[K 0.3 *+ 0.7 cos Bcos_— |},
3

(17

where K = sensitivity constant of the microphone.
The directivity pattern of the uniaxial microphone ob-
tained from (17) is shown in Figure 10.
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It is interesting to compare the directional patterns of
the uniaxial microphone with the conventional unidirec-

tional microphone. If the damped cavity is omitted, then

b
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Fig. 10 — Theoretical directional the uniaxial

microphone.

pattern of

the microphone becomee the conventional unidirectional
type with the acoustical network of Figure 11A. The
acoustical network of Figure 11A can be reduced to the
acoustical network of Figure 11B.
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Fig. 11 — A. The acoustical network of the acoustical system
of Fig. 9 with the damped cavity omitted; B. The
equivalent acoustical network of A with the equiva-
lent lumped acoustical impedances.

The resultant volume current through the acoustical
impedance z, is given by

!
X Pz 4, trap) — Pargp
R = — - .
g2 4, Vzarap Y2 a4, ap

(18)

The voltage generated by the ribbon can be obtained
from (15), (16), and (18). The directivity pattern of this
microphone is given by

K (@ + bcos 6),

e =

where K = sensitivity constant of the microphone,

aand b = limagon constants, a tb = 1.

A few of the directivity patterns which can be ob-
tained from this microphone are shown in Figure 12.

30.b 20¢b 30.2b a.b

Fig. 12 — A few of the single infinity of directional character-
istics obtainable with the polydirectional microphone.

Comparing Figures 10 and 12 it will be seen that it is
not possible to obtain, in the conventional microphone,
the same directivity in the front hemisphere as that in the
uniaxial microphone without sacrificing high discrimina-
tion in the rear hemisphere. For example, referring to
Figure 12, the directivity pattern of the unidirectional
microphone in the front hemisphere for 3a = b is approxi-
mately the same as the uniaxial microphone in the front
hemisphere. However, the discrimination in the rear
hemisphere for the unidirectional microphone for the
same constants is only 6 decibels for 180 degrees as
compared to 26 decibels for the uniaxial microphone.

PERFORMANCE CHARACTERISTICS

The response frequency characteristics of the uni-
axial microphone for the angles 0°, 45°, 90°, 135° and
180°, where 0° corresponds to the axis of the micro-
phone are shown in Figure 13. The average polar directiv-
ity pattern of the uniaxial microphone is shown in Figure
14.

In order to show the effect of the damped cav.ity upon
the directivity pattern, the cavity was covered with
thick sheets of copper. The directivity pattern obtained
under these conditions is shown in Figure 15. The direct-
ivity pattern under these conditions is slightly broader
in the front hemisphere. Also, a large lobe has now ap-
peared in the rear hemisphere. The directivity pattern
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shown in Figure 15 is not satisfactory as a unidirec-
tional microphone because of the inadequate discrimina-
tion in the rear hemisphere. With the cavity covered, the
holes in the connector were reduced in size until the

RESPONSE IN OB
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Fig. 13 — The measured response frequency characteristics of
the uniaxial microphéne-sound incident at O°, 45°,
90°, 135° and 180°. 0° corresponds to the axis of
the microphone.

cardioid pattern shuwn in Figure 16 was obtained. This
is the typical pattern for a unidirectional microphone
with high discrimination against sound coming from the
rear. Now the directivity pattern is much broader in the
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Fig. 14 — The average of the measured directional patterns
of the uniaxial microphone.

front hemispnere. The response of a unidirectional micro-
phone with a cardioid directivity pattern to random
sounds, with all directions equally probable and of equal
strength, is 1/3 that of a nondirectional microphone. The
response of the uniaxial to random sounds is 1/5that of a
nondirectional microphone. This means that the response
of the uniaxial microphone to random sounds is 60 per
cent that of a microphone with a cardioid pattern. From
the standpoint of sound pickup distance, the uniaxial
microphone will operate at 30 per cent greater distance
for the same reverberation or undesirable sounds or noise.

Tests have been made of the effectiveness of the .
blastproofing. The uniaxial microphone will stand the
blast of a 0.45 pistol firing blanks at a distance of 5 feet
indoors, with the direction of firing 1t right angles to the

180°

Fig. 15 — The average of the measured directional patterns of
a conventional unidirectional microphone set for the
pattern € = .3 +.7 cos 6.

microphone. It will withstand the same blast at a smaller
distance outdoors. However, a distance of 5 feet should
be ample for practically all conditions of use because
the effective operating pickup distance of the uniaxial
microphone is greater than the conventional unidirectional
microphone.

\ - //’M/ 1 x'/, \/

180°

Fig. 16 — The average of the measured directional patterns of
a conventional unidirectional microphone set for a
cardioid pattern.

APPLICATIONS

One of the applications for this microphone is the
pickup of sound in television where the microphone is
mounted on a boom and kept out of the picture. The
directional properties of the microphone are particularly
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suitable for this application because the discrimination
against unwanted sounds which originate at the sides and
the rear is very high. A photograph of the cradle which
has been developed for this microphone for use on a boom
is shown in VFigure 17. The cradle design provides an
underslung mounting of the microphone so that the micro-

applications. A desk stand is shown in Figure 18. The
uniaxial microphone is particularly suited for these ap-
plications because the maximum response occurs on the
axis. linder these conditions the projected area of the
microphone is a minimum as viewed by the camera.

The uniaxial microphone is also useful for standard

Fig. 17 — The uniaxial microphone mounted in a cradle for
boom operation.

phone is the lowest part of the system. This condition
allows for minimum distance between the source of sound
and the microphone.

Other applications for this microphone are the pickup
of sound in television where the microphone is seen in
the picture. Either floor or desk stands are used for these

Fig. 18 — The uniaxial microphone mounted on a desk stand.

broadcast and sound reinforcing applications where the
unidirectional microphone has already been established
as the solution for sound pickup problems. It has been
extensively field tested, including use at the 1952
political conventions.
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MAGNECORD, INC., 360 North Michigan Avenue, Chicago 1, lllinois
Special & Professional Magnetic Tape Recording Equipment

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

SHURE BROTHERS, INC., 225 West Huron Street, 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
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ALLIED RADIO, 833 West Jackson Blvd., Chicago 7, lllinois

Everything in Radio, Television, and Industrial Electronics

ALTEC LANSING CORPORATION, 9356 Santa Monica Bivd., 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

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

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 ELECTRONICS COMPANY, 3405 Perkins Avenue, Cleveland 14, Ohio

Piezoelectric, Acoustic, Ultrascnic, and Recording Products; Industrial Instruments

CINEMA ENGINEERING CO., Division Aerovox Corp., 1100 Chestnut St., Burbank, California
Equalizers, Attentuators, Communication Equipment

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