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When your friend tells you the news, do you
prefer to have him sit comfortably in your home
with you or to talk at you from a iox? When you
attend a concert, do you prefer to be in the
audience and hear the sweep of the music through
the hall, or to have the sound shot at you from
a cabinet? Your radioc cannow bring your favorite
newscaster, in living reality, to your home, or
can transportyou to the best seats in the concert
hall. This article tells you how it is done.

Under -normal conditions, you listen to an
orchestra, 4 singer, or perhaps to someone telling
you the latest news, with twoears. The binaural
serisé which results from the use of the two ears
enables you to pay ‘attention to the sound arriving
from any desired direction and to partially exclude
the sound from other directions. Similarly, you
easilyseparate nearby sounds from themore distant
ones. Youhave, therefore, two means of accentuat-
ing, at will, certain parts of the sound.

1f, however, the sound has been picked up by
one or more mi¢rophones, and reproduced through
asingle loudspeaker, your binaural ability to pay
attention to the sound from any desired direction
is completely lost. This resultsin an apparent
increase in the “liveness” or reverberation
present and also in the intensity of the incidental
noises. However, your ability to distinguish be-
tween nearby and distant sounds is in no way
impaired, but is frequently enhanced., ¥ ®

Therefore, the situation may be summarized
as follows:

(1) You have lost all ability to accentuate
at will certain parts of the sound such as solo
artist, by the help of the direction from which
that particular sound comes.

(2) Youstill maintain your ability to accen-
tuate by the distinction between nearby and distant
sounds.

(3) The liveness, i.e., the apparent amount
of reverberation has been automatically accentu-
ated. ‘

Any studio technique which is to reproduce

life-like and realistic programsmust (1) provide
the studio engineer with ameans of supplying the

L 2gyperior figures refer to Bibliography

necessary accertuation lostby the failure of the
binaural sense, (2) provide the engineer with
means of making full use of the distinction
between nearby and distant sounds, (3) eliminate
the undesired accentuation of the apparent live-
ness.

~ This is particularly true, as the sense of
realism experienced by the listener is as much
dependent on the mierophone placement and the
studio acousticsas it is on his home conditions.

GREATER COVERAGE

The purpose of this article is to describe
a technique of studio andauditorium sound pick-
upwhich fulfills the above requirements and which
places control of the desired accentuations on the
dials of the studio mixer panel. Fortunately, the
correction for the increased apparent reverber-
ation can be accomplished by the initial place=

ment of the microphones used.

One of the important advantages of this live
type of pick-upis as much as ¢ db gain in cover=
age at no extra expense to the sponsor or the
broadcasting company-. 3

This unexpected gain isaresult of the man-
ner in which the ears of the listener perform.
For a given power supplied to the loudspeaker, the
loudness of a program picked up with this new
technique can be 6 to 8db greater than the loud-
ness of programs from “dead’ pick-ups.’ Since this
gain in loudness permits the listener to operate
his receiving set with a correspondingly lower
electrical gain, static and other noises are re-
duced bythis amount. Thus, this effect is a real
gain in coverage.

~ In view of this apparently complicated situ- .
ation; a search was made for some simple acoustic
constant which would clarify the studio problems.
Such a constant has been derived mathematically
and cheécked by practical application to studio
practice. '

This constant is called Iliveness and repre-
sents the acoustic properties of an enclosed space,
such as a studie or auditorium, including the
effect of the distances from the artists to the
pick-up microphones.? The properties of this
constant are such that the formula can be readily
applied to the use of ome general or “over-all”’
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mi erophone in combination with thenecessary addi-
tional microphores for accentuation purposes.

The liveness formula is:

L= 1000T2D?* (1)
~—7§?7—— 1)
where L Liveness
= Reverberation Time in Seconds
D Distance from Sound to Microphone in
Feet
V = Volime of Studio in Cubic Feet
G, = Directivity of Pick-up Microphone from
P source to microphone.

The value of Tused for the practical appli-
cation of this technique to broadcast pick-up is
ani average of the values over the frequency range
from 500 cps, to 2000.cps. Where this average is
unkniown, the value at 1000 ¢ps or even 500 cps
may be used as a guide.

The range of the limitsof liveness for sat-
1sfactory binaural listening is very great but is
quite narrow for monaural or single channel re-
production, However, experience has shown that
with single mike pick-up the limits of the value
of liveness selected for best monaural pick-up
always lie within those acceptable fordirect lis-
tening, This means that in the concert hall, for
example, the microphone position is always farther
from the sound source than the front row of ac-
ceptable seats but nearer to the sound source than
the rear row. The center of the monaural range
is always closer to the source thanthat position
generally rated as best for direct listening.
This increased closeness of the monaural micro-
phone automstically removes the accentuation of
the apparent excess reverberation present.

The full useful range of liveness for mon-
aural pick-up varies materially from one type of
sound to another as, for instance, from symphony
orchestra to solo singing to speech. Table 1
shows the values of the monaural liveness range
for several different types of sound when picked
up for reproduction in average living rooms. It
may be of interest to know that where the repro-
ducing space is abnormally live, both limits of
the useful range are moved\upward not downward,
Where the listening space is abnormally dead,
the values must be decreased accordingly.

TABLE 1

Type of Sound Liveness Range
Piano 4-16
Symphony Orchestra 5-9.0
Small Orchestra 3=12
Solo vielin, c¢ello, etc. 1- 4
Solo singing 1/2- 3
Speech 1/6-2/3
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Figure l--Large auditorium with & symphony or-
chestra. A and B, accentuation microphones:
C; solo microphone; D, gemeral microphone.
Dotted lines show distances which can be
computed as described elsewhere.

INCREASED SENSE OF REALITY

If sound is reproduced from a pick-up in
which the liveness is controlled within the use-
ful range as shown in Table 1, the subjective
effect might be described as the acoustic re-
creation of the pick-ip space around and behind
the loudspeaker position, This effect adds
greatly to a sense of reallty and renders music
or speech both natural and “easy to listen to.
Under these circumstances, it is difficult te
locate the position of the loudspeaker laterally,
the sound appearing to flood in from behind it
through an opening completely across the room.
In other words, the effect is that of adding the
studio space behlnd the plane of the loudspeaker
without any intervening wall,

When the liveness is near the lower limit
of the useful range, you get the impression that
the sound is situated in the near end of this
added space. In the case of a person speaking,
there is the illusion of a real person speaking
from the position of the loudspeaker.



When, however, the liveness is near the
upper limit of the useful range, the source of
sound appears to be considerably behind the
plane of the loudspeaker as if it were coming to
the hearer from a pasition in the remote end of
the added space. In the case of broadcasting
large symphony orchestras, this control of live-
ness enables one to so broadcast a concert that
the listener in his home may seem to occupy any
seat from the front to the back row of the audi-
torium. Since most atiditoria have seatswhich
music critics consider to be best, it is desir-
able to control the liveness of the broadcast so
that the listeners are placed acoustically in
that portion of the auditorium,

When pick-ups are made witha liveness value
well below the useful range, this effect of added
space disappears and one is aware of the.sound
being projected from the box containing the loud-
speaker. Under these conditions, it has an arti-
ficial quality which could never be mistaken for
the presence of a real person or areal orchestra.
This effect might be called *absence” as opposed
to the much desired *presence’ of good broadcast
pick-up,

Under these dead conditions, the lateral
position of the loudspeaker can be accurately
located by ear and the interpretation of
quality is quite sensitive to one’s position
with respect to the high frequency beam of the
loudspeaker and to the volume at which the
, L Se
sound is keing reproduced.

On the other hand, when the liveness value
is well above the upper limit of the useful
range, one can again locate, with ease, the
position of the loudspeaker. However, instead
of feeling that the sound is being projected
from a point source, the hearer experiences the
effect of the sound reaching him through an open
window from a room which is much more reverber-
ant than the one in which he is listening.

Considerable evidence has been obtained
that the publiec much prefers recordings made
well within the useful range and in the case of
orchestral music near its upper limit.

; The advantages of this type of pick-up may
be summarized as follows:

(1) The 6 db gain in coverage previously
mentioned.

(2) When operating within the useful live-
ness range, the amount of manual volume control
normally necessary with dead pick-up is mark-
edly decreased without either overloading the
equipment or causing the sound to sink into
background noise, and therefore permits a higher
average per cent modulation.

(3) For a given volume range as indicated

by the vu meter, reproductions from monaural
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Figure 2--Plan and side e levation of normal studio,
set up for orchestra with vocals. It should
be noted that all of the Acecentuation
Microphones in this arrangement are not
necessarily used at the sane time.

sound pick-ups made within the useful range have
an apparent volume range nearly twice that of
similar reproductions from dead pick-ups.

(4) The change in quality of the monaurally
reproduced sound as a function of the loudness
of reproduction is materially reduced. This
characteristic may be best i1llustrated by two
contrasting cases.

Case 1--Assume that the sound from an
orchestra, for instance, has been picked up
under conditions of livenmess well below the
uséeéful range and that this sound has been
balanced for reproduction at an average in-
terisity level of 75 db at the ear.

If this sound is new reproducedatan average
ear level substantially lower than 75 db, marked
distortion of the balance takes place. The
lower notes and the high harmonics appear to be
greatly attenuated. A similar effect in the
reverse direction occurs if the sound is re-
produced at a level substantially higher than
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that for which it was balanced. An equalizer
introduced into the reproduc1ng circuit will
correct this unbalance if its characterlstlcs
"correspond with the differences in the loudness
contours of the Fletcher-Munson curves.®

Case 2--Assume that the sound referred to
in Case 1 has been picked up under conditions of
liveness well within the tiseful range and as
before, has been balanced for reproductien at an
average ear level of 75 db.

If this sound is reproduced at either an
average ear level substantially lower or sub-
stantially higher than 75 db, very little if any
apparent change of quality is noticeable. This
advantage is of great value to the listening
audience as it enables the listener to reproduce
a sound in his living room at any desired level
without a corresponding loss of quality.

THO OR MORE MICROPHONES

The pick-up technique being deseribed con-
sists basically of the use of (1) a microphone
situated at some distance from the performers to
pick up the general blend of sound and (2) one
or more accentuation microphones for accenting
desired portions of the orchestra, soloists,
etc.® This accentuation is obtained by con-
trolling the liveness instead of the loudmess.

nond1rect1onal characterlstlcs as typlfled by
the Western Electric 640 AA or the 633 Type.
The accentuation microphones are usually of the
bidirectional or of the cardioid type typified
by the Western Electric 639 Type. Any high
quality microphone, having the proper character-
istics, will operate in an entirely satisfactory
manner.

Figure 1 shows a qualitative arrangement
for a symphonic broadcast with soloist, and some
orchestral aceentuation, while Figure 2 shows a
typical studio set-up for orchestra with vocals.
It should be realized, of course, that all of
the accentuation mlcrophones are not necessarily
used simultaneously.

Arrangements such as these insure the
fulfillment of the following requirements:

(1) Over-all liveness control is available
to the sound engineer at all times during the
broadcast.

- (2) Accentuation centrol is similarly
available at all times.

(3) The loss, by failure, of any one
microphone does not render the pick-up unsuit-
able for broadcast.

(4) The arrangement is versatile and
capable of rapid adjustment during rehearsal.
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Figure 3--Relation between number of artists and
studio size. A shows good studio practice;
B maximum c¢rowding without loss of realism;
C, for comparison, shows auditérium con-
ditions for symphonic music.

The employment of this technque requlres
studios with acoustic properties of a ‘‘pleasing”
nature, 1.e.; studios of good acoustic proper-
ties.” It also requires that studios shall not
be overcrowded.

Figure 3 shows the relation between the
number of artists and the studio size.® Curve A
represents good studio practice while Curve B
represents the maximum crowding possible without
loss of realism. Curve C is given for compar-
ison only and represents auditorium conditiens
for symphonic music.

Figure 4 shows the optimum reverberation
time with artists in place, as a function of
studio or auditorium size.? Any values within
30 per cent of those shown can be compensated
for by a proper choice of microphone positions.

PLACEMENT AND CONTROL OF M1CROPHONES

A. Positioning the General or Over-all Micro-
phone .

1. Choose from Table 1 the maximum value
of liveness necessary for any part of the pro-
gram. For instance, for a studio pick-up of a
dance orchestra with vocals the maximum value of
L 1s 19 for small orchestra.

2« Choose a value 1.5 times this (L =
18) as suitable for the overall microphone. The



increase of one and one-half is to allow you
margin for leaving some accentuation microphones
in circuit at all times without reducing the
general liveness too much.

3. Determine the distance D from equation
(2) below, D represents the distance of the
microphones from the front of the orchestra.

Equation (1) may be solved for D and we get
D:‘\‘/L XV ”X Gp (2)
31.6 T
Where studios are in active use, a set of
curves as shown in Figure 5 may be prepared. To
aid you in preparing such a chart the following
typical case is worked out in detail.

Assume & studio whose volume V is 30,000
cu. ft. and whose reverberation time T, with
musicians in place, is 1.2 seconds. For non-
directional microphones.G = 1 and for bidirec-
tional or cardioid type G:tf'S for sound sources
on their beams. Assume a range of L from 0.3 to
30.

From eqiuation (2) for a nondirectional
microphone we get

/30 x 30,000 x 1.0
D= 31.6 x 1.2
=24.6 ft. for L = 30.

Similarly D = 2.46 ft. for L = 0.3

Plot these two points (A and B of Figure 5)
and connect them with astraight line, From this
chart the distance D corresponding to any
desired value of liveness may be obtained for a
noudirectional microphone.

To obtain the plot for bidirectional or
cardioid microphones proceed in a similar manner
letting G, = 3. Then we obtain the points M
and N, Figure 5. Connect these with a straight
line.

This completed chart is now available for
use in positioning the general microphone and,
as described in the next section, for position-
ing the accentuation microphones also.

B. Positioning the Accentuation Microphones.

1. Choose from Table 1 the minimum
liveness for the portion of the orchestra, the
soloist or other source to be accentuated. For
instance, for solo parts in the string section
choose L. = 1.0 (Solo Violin, etc.) or for a
vocalist choose L = 1/2 (Solo Singing).

2. Choose a value which is two-thirds of
that obtained from Table 1 as the practical
operating liveness for the accentuation micro-
phone. This decrease to two-thirds is to allow

.
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Figure, 4~=Curve showing optimum reverberation
time with artists in place, as a function
of studioc or auditorium size. Any wvalues
within 30 per cent of above can be com-
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you margin for the increase in liveness due to
the over-all microphone which is always in
circuits.

3. Choose a suitable type of microphone,
cardioid, bidirection ot nondirectional. One of
the directional types is usually preferred as the
accentuation microphone, since it can be ‘‘beamed,”
i.e., partially limited to the sound sources on or
adjacent to the high sensitivity axis.
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Figure 5--Typical chart used for positioning
General and A¢centuation Microphenes in
active studios.
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4. Determine the distance D from Equation
(2) or fromthe studio chart typified by Figure 5.
If you are using this microphone for accentuation
of the string section or any other group of art-
ists, D represents the distance from the migro-
phone to the nearest artist in that group.

5: Proceed in a similar manner for any
other accentiation microphones which mdy be
necessary.

C. Determination of Approximate Mixer Dial
Settings.

No hard and fast rules can be given for
control of the amount of accentuation mecessary.
This amount depends upon the type of program and
upon the nature of the esthetic or dramatic
illusion you are trying tocreate for the listener.

However, there are some general consider-
ations which will help you acquire ex erience more
rapidly than is possible with mere “cut and try”
methods: In the first place, make it a rule to
start your rehearsal with the general microphone
only--all others being out of circuit.
slowly fade in the accentuation microphones until
the desired result has been obtained, When in
doubt, use less accentuation than appears desir-
able over your monitor. This is due to the fact
that most monitoring rooms are both smaller and
acoustically more dead than the average living
room.

The details of this mixing technique are
described in Appendix 1. General adherence to
the methods outlined there will result in the
production of acceptable programs with very little
rehearsal. ‘

IMPORTANT APPLICATIONS

There are three broad classes of programs to
which this technique has been successfully applied:
namely, (1) Large concert hall plck up, such as
symphony orchestra, opera, choral singing, etc.,
(2) Studio music programs with or without vocals,
(3) Speech only, stchasnews, lectiires, announce-
ments, ete.

1. The Large Concert Hall Type of Program.

The most pleasing broadcast of a symphonic or

operatic program is the one which creates for the
listener the illusion that he is actually present
in the auditorium. That effect is obtained when
the liveness of the orchestra, including accen-
tuatlon(xfany section such as strings, woodwinds,
etc., lies between 8 and 20. A good average
value for heavymusic is 16 while for light delicate
misic a value of 10 is often preferable,

If the orchestra is accompanying a soloist,
for instance, & violinist, a singer or a pianist,
the liveriess value for the soloist should never
be less than one-quarter of the orchestral
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Then

liveness and should preferably be between one-
half and one-third. When the one-half of orches-
tral liveness is used the soloist is well out in
front of the orchestra. As the solo liveness is
incresdsed the voice or solo instrument seems to
move back and finally becomes merely an accen-
tuated part of the orchestra itself.

The method of determining the dial settlngs
‘to obtain these effects will be described in de-
tail in Appendix 1. If you will use the quanti-
tative method for settingthe dials on your first
few rehearsals with this new technique you will
soon find that you easily recognize the desired
effects by ear and mo longer require the com-
puted values, except for an approximate check.

Figure 1 shows the approximate arrangement
of the microphones for the broadcast of the New
York Philharmonic Symphony concerts by CBS on
Sunday afternoons. This arrangement was arrived
at in cooperation with Howard A. Chinn, CBS’'s
Chief Audio Englneer after experlmentatlon with
the valuable assistance of engineers and pro-
duetiofi personnel of the Columbia Broadcasting
System.

Table 2 shows the liveness value for each of
the three microphones and the power used,
expressed in db above (+) or below (-) the power
supplied by the over-all microphone D, Figure 1.

TABLE 2
Mike L db
D (general) 21 0
A (violin section) 0.6 -18 t6-12
B (cello séction) 0.6 =18 to-12
C (soloist) 0:5 not used

The effective liveness of this arrargement is
about 13, which value is well within the useful
liveness range shown in Table 1.

2. Studio Music Programs with or without
vocals. As before, the most plea51ng result 1s
obtained when listener feels that he is present
in the studio. A liveness between 6 and 12 for
the orchestra yields this effect, Solo voices
should have a value 1/2 to 1/3 of the orchestra
value, while erooners may operate as low as 1/6
of it. These values are easily obtainable in a
good studlo which is not overcrowded much beyond
curve B in Figure 3.

Figure 2 shows a typical studio set-up.
The method of setting the distances amd choosing
the types of microphone has already been
described. However, a sample computation may be

helpful.

Assume a 20-piece orchestra and a ¢rooner
in a studio crowded to the curve marked B,
Figure 3. Therefore, the studio volume is about
22,000 ca. ft.and it should have a reverberation
time of about 1.1 seconds (see Figure 4) with
orchestra.
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Figure 6--Chart showing effective liveness of
two microphone combinations as funetion of
relative level.

Asgsume

(1) the desired liveness, L, for the
orchestra is 10.

(2) the desired liveness, L, for the

~ crooner is about 1.6.

(3) the general microphone has non-
directional characteristics.

(4) the microphone for the crooner and
any accentuation microphones for
parts of the orchestra have bi-
directional characteristics.

Proceed as follows:

a. Set liveness ol general microphoene
at a value 1.5 x 10 = 15.

b. Set liveness of crooner microphone
at a liveness not greater than
1.6 x 2/3 = 1.0 approximately.
Use 0.5 if in douht as slightly
more flexibility is assured.

¢. Set orchestral accentuation micro-
Phone at a liveness not greater

than 2.0 x 2/3 = 1.3. Use 1.0.

From equation (2) you get the values in Table 3.

TABLE 3
Micr ophone Type G.p L Distance
General Non-direct 1.0 15 16" ==177
Crooner Bidirect 3.0 172 41 =< g!
Actentuation Bidirect 3.0 1.0 7'-- 9!

If the distance of 4'--6' forthe crooner worries
“yoir cut it down to any value not less than 27
and mix accordingly (see Appendix 1).

3. Speech such as announcers, newscasters,
lecturers, etc. These programs usually origi-
nate in small rooms of 1000 to 2000 cu. ft, with
reverberation times of the order of 1/2 second.

microphones are not equal,

They get the full benefit of the extra
coverage and naturalness due to liveness, for
values of L greater than 1/6 to 1/4. From
equation (2) the distance for a non-directional
microphone for a 2000 cu. ft. studio, having a
reverberation time of 1/2 second, would be 1- ~1/4
ft. and for a ribbon or cardioid microphone on
beam would be 2 ft.

APPENDIX |

Method of Setting Relative Gain for
General and Accentuation Microphones
Let L, = liveness for the accentuation mike,
and
liveness for the general mike, and
- effective liveness of the combi-
nation
~ equal the ratio of the power con-
tributed by the accentuatien micro-
phone to the power contributed by the
general microphone; then db = 10 log

In

T e

e

P,
It can be shown that
p = 1 - Le/Lg :(‘Lﬁ Lg - Le (3)
' L/L, -1 'LE L. - L,
and (4)
L, L, (1 +P,)
L = 2 & .. 'r°
e La + PrLg

For example if L, = 1.0 and L, = 20.0 we may
use equation (3)° and compute tﬁe "data shown in
Table 4,

TABLE 4

i, P, db Approx. db
1.25 .3.75 + 5.8 46
1.50 1.85 + 2.7 +3
2.0 0.90 - 0.5 0 or -1
3.0 0.43 - 3.7 -4

4.0 0.27 - 5.7 -6
6.0 0. 14 - 8.5 -8 or 9
8.0 0.086 - 10,7 =10 or 11
12.0 0.036 - 14.4 ~14
16.0 0.013 - 18.8 -19

Where a studio or auditorium is in regular
use, it is worth the time to plot this data as a
curve. Figure 6 shows such a plot.

In Table 4 and Figure 6, negative values of
db mean that the level of the accentuation mike
is below that of the general mike by the number
of db shown,

Since the sensitivities of the wvarious
the following pro-
cedure must be used to determine this relative
gain value.
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Figure 7--Plan and elevation of overecrowded
studio.

During rehearsal, set the general micro-
phone attenuator control and master gain control
a 1f the broadecast were to be made on this
microphone alone. Read attenuator dial setting
for maximum peaks on vu meter.

Then turn off general microphone and turn
up accentuation microphone, until maximum peaks
have the same vu read1ng. Read attenuator dial
for the accentuation mike. This beconiés the
zeroof the db scale illustrated in Table 4 or in
Figure 6.

For example, assume the general microphone
had an attenuator dial setting 10 db and the
accentuation microphone had a dial setting of 14
db for the same maximum peaks as read by the vu
meter. This means that with a setting of 14 db
the accentuation microphene is contributing the
same power as the general microphone.
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Then if the desired over-all liveness is 9
we find from Figuie 6 that the accentuation
microphone should be operated at -12 db.
Therefore, the setting would be 26 db on the
attenuator dial of the accentuation mike.

It sometimes happens that this low setting
of the accentuation microphone causes a blend of
the sound which does not seem to have given the
accerituation to the desired instruments. This
usually indicates that the general mike has been
placed in a poor spot and that the accentuation
mike is being used to mask this trouble.

Therefore, seek a nmew location for the
general mike as a first step of correction.

APPENDIX 2
Music Programs in Overcrowded Studio

Under these conditions it is usually
impossible to place the general microphone at a
sufficient distance from the front row of the
orchestra. Therefore, a trick mist be resorted
to.

(1) Place a bidirectional microphone, such

“1,” Figure 7, with its insensitive direction

p01nt1ng toward the orchestra. In practice this

microphone will act as if G, (see Equations 1
and 2) had a value of 1/4 to 1/3.

{2) Place the necessary accéntuation micro-
phones in the standard manner except that
bidirectional microphones must not be placed too
close to the studio wall. Vhere thé crowding is
extreme the use of cardioid microphones for
accentuation purposes is preferred.

(3) Use the minimum contribution from the
accentuation mlcrophones, necessary to obtain
the desired effect. Too much accentuation does
more damage urder overcrowded than under normal
conditions, and can easily push the pick-up into
the region "below the useful liveness range. You
then obtain “absence’ instead of “presence”.

This article has attempted to describe a
semi -quantitative sound pick-up technique. If
followed as a general guide, experience has
shown that these methods can almost insure pro-
grams with a new realism - programs that c¢an
give your station as much as 6 db gain in
coverage and your listeners the sense of being
in the presence of the living artists.
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HOW TO

IMPROVE PROGRAM PICKUPS

STUDIO PRACTICES REQUIRED FOR FM IMPROVE AM, T0O. HERE ARE [DEAS THAT CAN BE EMPLOYED WITH
FACILITIES AVAILABLE AT ANY STATION--By HAROLD E. ENNES*

(Reprinted through courtesy of F and Television)

Make it good. Thenmake it better. This is
the creed of radio engineers. Over a period of
twenty-eight years, broadcasting has been made
good. With the advent of FM, it can beé made very
much better. Broadcast equipment has reached the

state of design where the noise level is negli-

gible, "arid the complete spectrum of audible
frequenc1es is available for transmission and
reproduction,

Yet it is apparent to all concermed that
the techniques of co-ordinating and operating
this equipment are as confused and almost as
varied as the number of stations and the number
of operating persornel at each station,

What has not been so apparent is the fact
that this situation can spell the success orx
failure of a ~well-designed, well-maintained lay-
out, There is extensive literature coverlng the
theory, design, construction, and repair of the
equ1pment but the importarce ofusing such equlp—
ment properly is just beginning to gain recogni-
tion of its true worth.

Wicrophone Facts & Fancies:

“The microphone is a mechanical extension of the
human ear;” How often have you heard that one?
The fault in this definition lies not so much in
its literal meaning as in the implications in-
volved: Ifitwere true, even though you had only
one ear, you could walk into a studio and place
‘the mlcrophone at. the spot where your one good
ear could hear the orchestra, the soloist, the
chorus, and the announcer. Only it doesn’ t
work that way in practice. Yet this conception
is probably the basic factor in the reasoning of
the operator who just sticks up the mike in a
studio and proceeds to broadcast the show by
riding gain. And there is the more ambitious
type who spots a microphone for each section of
the orchestra, then one for the soloist and
announcer and several for the chorus, and then
becomes very indignant when the conducter reports
that his musician friends listened to the show and
thoughit someone else had been on the podium.

To understand why a microphone cannot be con-
sidered an extension of the human ear, it is nec-
essary to review the fundamental theory. It

*Engineer, Station WIRE Indianapolis Broad-
casting, Inc., Indianapolis, Ind., &author of
“Broadcast Operator’s Handbook” published by John
F. Rider, N. Y. C.

is an old story, but absolutely essential to
understanding the mike from an operational point
of view.

Unlike the human hearing system, which is
binaural (two-eared), the microphone is monaural
(one-eared)., Tt should be emphasized that this
is true regardless of the number of microphones
used, since the sound is collected into one channel,
and reproduced by one loudspeaker, while each of
our two ears has a separate channel to the brain.
Physically, the difference is that in a monaural
system the sense of direction 1s lost, while re-
verberation is somewhat more noticeable, making
the apparent distance to the sound source seem
greater than when listening binaurally. Any
operator who has set up a microphone in a partis
cularly live hall has experienced this phenomenon.

The conversation between two people anywhere in
the hall can be heard quite elearlywhen listening
with two ears, but when listening with headphones
connected to an amplifier and microphone,the sounds
seem much more distant, while the extraneous
noise is high. This. brlngs up an all-important
psychological factor closely linked to the phy-
sical effect just explained.

This is the focusing power exerted un-
conseiously when listening binaurally, or even
with one ear plugged up as much as is possible.
The association of the ear with the mervous
systemand the brain tends to exclude recognltlon
of the extraneous noise, and to focus attention
on particular sounds. The microphone, as amech-
anical device not associated with any means of
concentratlon exerclsesrnydlscrlmlnatlonbetween
wanted and unwanted sound sources.

A practical example of this difference is
to be found in any restaurant where there is
dinner music. Despite the high level of ambient
noise, you can carry on a conversation or listen
to the music, and enjoy doing either one, but
not both at the same time. But imagine the re-

-sult if a microphone were placed on your table

for a broadcast! Very little of the music would
be heard, and the few strains coming through
would sound far, far away. The radio listener
would hear a hopeless hodge-podge of voices,
noise, and eonfusion.

First, then, let's do away with the idea
that the microphone is an extension of the human
ear. This applies equally toxn1crophone techniques
for AM and FM. In practice, every effort must
be made to utilize the possibilities and lim-

3-3-01



itations of the mike in order to deliver an ex-
act replica of the original program content to
the ears of the radio listeners.

Frequently we hear it said that microphone
techniques are different for AM and FM: As to
this, there are ample grounds for disagreement.
Discussions with control-room operators and pro-
duction men seem to indicate that they do not
know how to set up for optimum on FM. Therefore,
they adopt the attitude that FM and AM techniques
are different and, since theAM audienceis larger,
AM practices should be favored,

Actually, experience shows that the rule
should be: *Preciseor sloppy technigues show
up more on FM than on AM.” In other words, the
difference between careful and careless handlmg
of a program is disclosed on AM to only a limited
degree, but FM listening shows up the difference
very clearly, even with a set of no more than
average audio capabilities.

In this connection, there is another point
that calls for revision of control room practice
at many stations. It is not unusual to find
three speakers in ome control room, for the
operator may be called upon to keep up with the
program on the air, another under rehearsal, and
a third being aired bya local competitor. Under
such conditions; critical listening by the operator
is impossible!

All this leads up to the fact that FM is
sett1ng new and very high standards of studio
practice. Haphazard program Setups that get by
on AM may prove to be poison for FM. This is no
exaggeration. On the other hand, the employment
of high-fidelity methods for FM«results in im-
proved quality on AM, This will be explained in
detail.

AsB=10 TOTAL OUTPUT

Fig. 1.

in dead roon

Bi-directional pattern
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Understanding Response Patterns:

Insofar as program setups are concerned, the fore-
most characteristic of a broadcast microphone is
its response pattern, There are several important
factors which must be considered when using a
microphone pattern to obtain a desired result.

The basic point to keep in mind is that a
response pattern as illustrated for a given mike
is plotted in aperfectly dead room, to avoid all
reflections of sound waves. But when amicrophone
is set'up in a studio room, although the theoretical
response pattern doesnot change, the mike is acted
upori by reflections which vary in direction and
magnitude accordingto the shape of the walls and
the ceiling, and their ability to absorb or re-
flect sound waves., This will bemade clear by the
hypothetlcal case of a setup involving two sound
sources and a bi-directional microphone,

Fig. 1 illustrateées the ideal response curve
of a bi~-directional mike:in a completely dead room.

Sound sources A and B are of the same intensity

and at the same distance from the mike, but B is
diréctly on the zero-response axis, Let us say
that each source represents 10 units of sound.

Since sound source B will excite both sides of
the ribbon equally, no movement of the ribbon
will result from this source, andno output voltage
will be created in the mlcrophone. Therefore,
the total output voltage will be 10 units, and
consist only of the impulses received from A,

Thus the pattern holds true.

Fig, 2 shows the same setup in a live room,
It is still true that B will excite bothsides of
the ribbon equally resulting in no response to
the direct wave, but now we have reflections.
Sound will be reflected from the walls back inte
the sensitive side of the mike and, although re-
duced 1in intensity, will add to the 10 units of



sound from source A. The difference now between
the two sound sources is not only one of inten-
sity, but ratio of reflected to direct sound.
Naturally this ratio is greater for sound source
B than for source A.

It 1s, of course, obvious that there is no
such thing in broadcasting as a perfectly dead
studio. This example is, therefore, rather crude,
but serves to illustrate the basic idea of how
acoustical treatment influences thé polar action
upon 4 microphone. This understanding is im-
perative from an operational point of view.

While we are on the subject of response
patterns, it is well to be sure that it is clear
as to just what information they are meant to
convey, Figs 3 shows the polar response pattern
of a Western Electric 639 A cardioid, plotted for
four different frequencies against the ideal
cardioid curve. This shows that there is a
mnarrower response-angle at higher frequencies
than at lower ones because high frequencies tend
to travel in beams.

The curves at the left in Fig, 3 illustrate,
for example, that on 50 cycles the response is
down about 5 db at 90° with respect to its re-
sponse for the same distance at zero degrees.
It will also be noted that for 9,000 cycles the
response at 90° is down about 6 to 7 db. Also,
at 90° the 9,000-cycle response is about 11 db
lower than the zero-axis, 50-cycle response.
Since, in broadcasting, we are conceined not only
with wanted and unwanted sound, but all shades in
between, the individual response patterns of a mike
prove extremely useful if utilized properly. From
this discussion we have four fundamental operating
points for the microphone:

1. 1If a sound source must be moved about
the mike, loss of résponse carbe compensated for,

if desired, by moving the mike closer to the
SOuUrce.

2. The ratio of reflected to direct scund
can be raised in a sufficiently live studie by
using greater angles from the zero axis of the
mirke. This is espécially true of bi-directional
microphones.

3. 'The more live the studio, the greater
will be this effect.

4. High-frequency sound sources must be
more mnearly on beam for a given distance to
achieve the same intensity of response as lower-
frequeney sound sources.

To this latter point should be added the
note that abi-directional mi¢rophone has a greater
deviation in angular response between high and
low frequencies. Also, the cardioid or umi-
directional instrument has a much wider amgle of
response at all frequencies than a bi-directional
mike.

This is shown in Fig. 3, where the 1,000-
cyele curve of an RCA 77 B uni-directional
mike (solid curve) is super-imposed on the 1,000
cycle curve of an.RCA 44 BX velocity (bi-direc-
tional) microphone. It shouldbe observed that at
60° ‘the relative response of the 77 B is down
only about 2.5 db, whereas the 44 BX at 60° is
down about 6 dbs The very great difference at
90° is clearly shown. This is typical of all
makes of broadcast microphones when comparing
the uni-directional and bi-directional patterns.

Studio Acoustics:
The non-standard acoustical characteristics of

broadcast studios are the outstanding factor
that has prevented any establishment of defirite

CARDIOID

myﬁa

Fig. 3. Left: VW. E. Cardiod.
V bi~directicnal RCA types

Right: Uni-directiondl and
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standards in microphone setups. If there were
such a thing as a standard studio, designed to
approach as nearly as practicable the ideal con-
dition of sound dlspersaon, the setup for any
particular musical organization would be asimple
matter anywhere when once worked out. Naturally,
such is not the case, Tt is probably safe to
say that there are no two studios anywhere in
the world that are acoustically alike.

Right here, the author feels it adv1sable
to bring out a point so far neglected in the
scanty literature on mike technique. This point
is thatzigreat numbér of operators and producers
(alas, even in FM) do not have adequately de-
signed and acoustically controlled studies in
which to work. This is the most deplorable
situation ex1st1ng in broadcastlng, but it 1s
outside the influence of the average operator.
All we can do is hope, and then plead, and plead
some more until the station owners become
cognizant of the extreme importance of modern
studio design. It is a sad state of affairs
that even some of the most recent FM instal-
lations, with completely new studios independent
of any AV connection, are neglecting this feature.
Most of the good articles appearing thus far on
microphone setups have been concerned with well-
designed, musically-live studios of the network
centers, or the more production-conscicus inde-
pendent owners,

Yet how can an articlé of this kind be use-
ful to the average operator wantirng to do his
best instudios of the same design as those built
twenty years ago? Sinceitis the purpose of this
paper to present practical information, the writer
will attempt to show some definite ru,les that can
be used to meet any acoustical conditions. High-
fidelity techniques foragood, modern studio can
not be applied to most of the studios in use
around the country. We shall have to plant our
feet squarely on the ground and face the situation
as it really exists.

In the modern studio, the walls are live to
musical sounds, but are broken up acoustically in
some manner to avoid standing waves, while still
achieving a maximum response to diffused, poly-
phased high-frequency sound. Under these con-
ditions, good tonal brilliance can be obtained
with a minimum of microphone and control-board
manipulation.
to really practice proper microphone technique.

The Single Announcer

The single announcer is the logical starting point
for our discussion of mike technique. It must be
unders tood that we are not concerned at present
with announcing over a background of musi¢ or
any form of dramatic presentation. You may ask:
“Wiat is there to discuss, then? The announcer
Just steps up to ‘the mike, or sits down in front
of one, and talks!”
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This is the type of design we need

You’re right. He does. But the fact of an

error does not justify it,

Announcing alone occupies a considerable
portlon of the broadcaster’s schedule. Correct
voice transmission is so very important to radio

because we do not have the sense of sight to help

our 1mpress10ns the voice is the complete medium
of expression. The intake of the breath, the
most subtle inflections, the style of dellvery,
the original voice timbre, all are necessary to
the listener. Anyorall of them may be severely
affected by the announcer’s relation to the mike.

Those of us in the technical end of radio
must at some time of our careers realize that
englneerlng training does not develop an appre(:l-
ation ofartistic values or sense of showmanship.
We are very apt to lose sight of the real reasons
behind the keys, faders and perfectly matched
impedances of the control system, They are de-
signed this way so that the electrical impulses
may correspond to the thunderous crescendos of
Wagner’s Die Walklire or the light, delicate strings
of Debussy’s Festivals. Itiswith the intangible
qualities of human experience, expressed by great
artists through the moodsofmusic, that the wires
and switches and dials and knobs of the techni-
cal department are concerned. Aswe grow ever more
conscious of this, we come to see our work in its
true relation to radio’s service to the listeming
audience.

But to get baek to the announcer and our
starting point in high-fidelity microphone tech-
niques. Mugging the mike is a strongly entrenched
and deeply-rooted habit. But the announcer must
be kept away from the microphone. Hewill probably
object. Hemayrefuse, Some announce desks have
microphones permanently mounted on them; and if
the announcer moves back he must hold his seript
in an uncomfortable position, without an arm rest.
This is plainly and simply :an englneermg error.
Like fingerprints, there are no twe voices ex-
actly alike. Forevery voice there is a definite
relationship to the microphone which allows the
most matural and pleasing reproduction,

For voice work alone, 2 ft. is the minimum
distance fromthe face to the microphone that will
assure naturalness of that voice! A distance of
2 ft., 1n01dentally, should only be used for the
softest voices, Compare this with your own studio
operatifig practice. What is the distance your
announcers use? Probably somewhere between 4and
12 ins, Voice waves at this distance from the
mouth and throat cavities do not create electrical
impulses that correspond to the natural character
of that particular voice,

Do this as an experiment: On rehearsal, set
up microphones (in addition to the regular announce
mike) 3, 6, and 9 ft. away. Stagger them enough
so that no mike will be in front of another, 1f
the regular microphone is immediately in front of



the announcer’s face, youwill have to move it
lower or to one side. Don’t tell him what you
are deing. Just say you are testing mikes. If
he is told to start reading at a distance from one
microphone and then to move closer, he will sub-
consciously alter his volume and you will not get
a natural check.

Now turn only one mierophene on at a time,
Start with the farthest mike. Unless you are so
conditioned to hearing the mugging voice that you
can accept no other, youwill find a new experience
in naturalneSS(vaolce transmission, A distance
will be found where the voice begins to sound
hollow in a live studio, or thin in a dead one.
Use the distance just a shade closer than this
point.

In small announce booths, where space is at
a premiumand where distancewould create a barrel
effect due to the proximity of the studio wall to
the microphone, the mike shouldbe suspended over
the announcer’s head at a distance of several
feet. We are borrowing this technique from
television, where the mike must bé kept out of
the range of the camera, and 1s often as mch as
15 ft. from a performer, It should be borne in
mind, however, that the sound in television is
only a secondary expression to the picture. In
other words, all of the intent and meaning need
not be embraced in sound, as in audio broadcast=
ing.

This same technique 1s most convenient when
two persons are seated at a table and using a
single mike as illustrated in Fig. 4. The table
top should be deadened by acoustical treatment
or by the use of a heavy cloth cover to prevent
reflected sounds from entering the mike.

HOW MANY MICROPHONES?

In an approach to the study of specific
types of program setups, the question of the
number of mikes will invariably arise, especi-
ally on a large show. Keep always in mind the
previous discussion on the monaural character of

SUSPENDED MIKE {HORIZONTALY
TABLE TOP ACOUSTICALLY DEADENED

N

Fig. 4. Setup for
in small room

interview

Fig. 5: Orientation for a two
plano-team

the system and the lack of focusing power unless
deliberately tised as a means of concentrating
the attention.

The greatest weakness in mike setups for
large shows has always been the use of too many
microphones. There is bound to be some dis-
tortion, however slight, in multiple-mike setups
due to time lag of sound waves which create
phase additions and subtractiofis at the various
pickup positiofis. This source of distortion,
however, is only minor compared to the other
faults of this technlque. Aside from the
operational difficulties of handling a large
number of channels on the mixing panel, with
greatly increased chances of error, the control
man andhis board take the placeof the condictor.
All the dramatic interest, the emotional
pattern written into the orlglnal score, plus
even the conductor’s interpretation, is placed
in the ratio of fader adjustments and the re-
actions and psychological temperament of the
operator. In other words; too many variables
are injected between the performers and the
listeners.

Let’s establish a foundation upon which we
can build a workable strueture to determine the
correct number of microphones for a given show.
Let's also be practical, and realize that many
operators have neither the very latest studios
nor an adequate amount of rehearsal time.

1. Whenever it is possible in the time
allotted for setting up, arrange your performers
about a single microphone (following suggestions
given later for each type of show) so that the
overall balance is correct. If you do this, you
achieve balance by proper positioning, rather
than by mixing various sources on the control

board.

9. Perhaps your time is running out, and
you are still having trouble with a partlcular
section in obtaining balance. This is more apt
to occur in a dead studio than in one which 1s
acoustically live. Another mike will have to be
used on the troublesome section. However, use
of the second pickup can probably be limited to
particular spots in the show, such as rhythm-
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section accentuation of an orchestra as required
by the score.

3. Some of the more complex shows do
require more than one microphone. Take, for
example, a variety show consisting of a drama
cast, a chorus, and an orchestra. Remember that
the microphone does not focus attention as your
ears do in the studio, Of course, it is likely
that a program of this type will originate at
one of the larger stations, having modern
studios, The more rehearsal time you have, the
less the number of microphones necessary, to the
point vhere the absolute minimum is reached. So

-much for the basic theory of microphone tech-
nique, Let's go on with more specific program
sefups,

Picking dp the Piano:

The single piano pickup is the simplest setup,
since it is perhaps the least affected by
acoustical nature of the room. No matter how
softly the pianist plays, as long as he is
unaccompanied by other instruments, the micro-
hone should not be placed up under the lid.

e distortion arising from the close proximity
of large physical objects to the microphone is
well known., It should then be obvious that a
pickup under the lid and close to the sounding
board will not allow natural transmission of the
piano tones. Close-miking almost any instrument
makes it necessary to hold down the volume, with
great loss of musieal brilliance. It is true
that many operators have become so accustomed to
this type of piano setup that, as is the case
with the close-talking announcer, the sound may
be familiar, but it is not natural reproduction.
We must remember that it is the business of the
broadcaster to transmit the natural sound of the
original program content.

Here is the best method of determining the
setup for a single piano; Start with a distance

B
) STRING BASS
2| ‘
‘CELLG
VIOLA
B &8
15T ViOLIN 2RO VIOLIN

Fig. 6 Orientation for a salon
orchestra
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of 20 ft., head high. Ina dead studio, this dis-
tance will probably result in a thin response,
especially on low passage. In live studios, the
sound may be too reverberant for clear-cut trans-
mission. Move the microphone in on a line drawn
through the ¢enter of the sounding board until
the tones are full-bodied, with just the right
amount of reverberation. This distance is seldom
less than 8 ft., and will allow tonal brilliance
and balance between lows and highs that is
sacrificed in close-up technique.

Now comes the final check for balance between
bass and treble, inother words, the check of the
player’s left and right hand pressures. If the
pianist has a heavyright hand; and bass respense
is somewhat weak in relation to ‘the highs, keep
the mike at the same distance, but swing it toward
the tail of the piano, This method increases the
response from the bass strings, If the pianist
has a heavy left hand, with a relative loss of
highs (this lack of highs is also apt to occur in
dead studios), themike should be moved toward an
imaginary extension of the keyboard. This will
increase response to the treble strings and de-
crease that from the bass strings,

The twin piano team imposes only slight
additional requirements. Fig. 5 illustrates the
most satisfactory orientation. The temperaments
of the pianists must, of course, be considered
and the lead piano given prominence bymoving the
mike closer to that piano if the accompanist is
heavy-handed. The procedure for bass and treble
balance should be followed not by moving the
microphone, but the piano itself.

Vocalist and Piano:

The distance of the vocalist from the mike, the
distance of the mike from the piano, and the dis-
tance of the vocalist fromthe piano must be con-
sidered in this setup. There is no excuse for
using more than one microphone unless the time
allowed for rehearsal is zero.

The first requirement is to listen to the
vocalist in the studio. Does he or she sing out
with the chest muscles, ugihg a large volume and
dynamic range? Oris the vocalist the crooner type,
using only the larynx and throat for emphasis?
Every vocalist is in one or the other general
category,

One who sings out with full volume should be
placed 12 to 6 ft. from the microphone when a
piano aloneis used as background., On rehearsal,
always start with the greatest distance. The
goal is to use the lowest volume and the highest
volume without having to ride gain on the fader
control. 'This part of the balance can always be
achieved by careful rehearsal checks. The balance
between vocalist and piano accompaniment is not



always so simples Agood pianist or one familiar
with a particular vocalist's style will automati-
cally adjust his volume to the pianissimo and
srescendo of the singer.

A bi-directional mike shouldbe placed about
8 ft. from the piano, with the vocalist on the
opposite sideat the distance determined by trial.

It is well to point out here that a very common
error is in taking a vocal solo too literally.
The presence of the piano must always be there,
with only slight emphasis on the voice. It should
be a blend with, of course, the voice always a
little predominant, butnot withaweak background
of piano tones, as is often heard.

When the pianist insists on playing so loudly
that the accompaniment smothers the vocalist
(some pianistscannot alter their volume andstill
play well) the dead side of the vocalist's micro-
phione must be turned toward the piano. This is
dlmost always the only adjustment necessary from
the 8-ft. distance between mike and piano. If the
studio is very live and the piano tones are still
too prominent, turn the piano around so that the
lid opens toward a wall of the studio. Don’t at
any time, move the vocalist closer to the mike
if it is necessary to ride gain on the natural
dynamic range of the voice,

Setup for Small String Groups:

Small salon groups, string quartettes, or hill-
billy groups, playing in intimate style, require
good instrumental definition. This calls for
comparatively close mike setups, but not too
close! The author is always hesitant about using
the word “¢lose’ since the reader is apt to take
it as meaming directly into the face of the in-
strument.

Consider a small salon orchestra, generally
consisting of several violins, a viola, a cello,
a string bassand sometimes a piano. Due to their
comparative volume they are usually placed in that
order from the microphone. Fig. 6 illustrates
the general orientation of such a group with the
mike,

Fig. 7.
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Fig. 8. Conventional one-micro-
phone plan

Now assume that the approximate distances
are violins 4 ft,, viola 6 ft., cello 8 ft., and
string bass 10 ft., with piano somewhat off-mike
at 10 ft. Ifthe violins are too predominant for
proper sectional balaiice, tisial practice is to move
the violins further back or to one side in a less
sensitive zone, or else to bring the other in-
struments in closer.

However, remembering the focusing power
principle, it is clear that quite a range of
sectional balance can be obtained by the simple
expedient of adjusting the microphone height and
tilt, as shown in Fig. 7. If the violins are too
predominant, raise the mike and focus on the
other instruments. If the violins are weak, the
mike should be lower and focused on them, This
is a better method than moving the predominating
instruments to one side in a less sensitive area
of the mike, since the higher frequencies con-
taining the over-tones are very important for wide-
range pickups.

~ There is little difference in pickup for
this type of musical organization between dead
and live studios, since the setup must be inti-
mate in character, with high direct-to-reflected
sound ratio, minimizing the effectof the acoustical
nature of the studio.

Small Orchestra Setups:

A large number of organizationspresenting popular,
serious, or variety music comes within the small-
orchestra category. There may be a combination
of brass, strings, and reeds, numbering anywhere
from 4 to 15 musicians.

Again the first step is to visualize the in-
struments in comparative power output. Fromsoft-
est to loudest, they are:

1. Violins, trumpets or trombones (muted),
guitar,
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2. Clarinets, saxophones, xylophone,
vibraphones

3. String bass.
4. Piano.

; 5. Trombone (open belled), trumpets (open
belled).

6. Traps, bass drums, guitar (electrically
amplified).

These are the most likely instruments to be
encountered in such a setup. As before, the con-
ventional approach is to arrange theminthé order
listed from the single microphene.

Look now at Fig. 8. This is a live-studio
practice, startingwith the violins at.about 8 ft.
When initially checking the balance of sections,
remember the height and tilt adjustment for focusing
power to obtain proper blend. Then, and not wuntil
then, try moving a troublesome section.

If you think it necessary tomove 1nstrunents,
keep these principles in mind: A prédominating
section may be too loud not because the relative
distances between instruments is imcorrect, but
because the microphone is too close to the entire
outfit, Move the mike back,

A weak section may be too soft not because
1t is too far from the mike, but because all in-

struments are too close to the microphone. Move
the mike back,

In other words, thefarther back amicrophone
is placed (within the limits of acoustically allow-
able distance) the better the charce of a good
balance between all sections.

Another very important item is the treatment
afforded muted trumpets or trombones. When their
bells are muted, the instruments must be very
close tothe microphone. Thismesns really close,
sbout 2 ft. If the players cannot or will not
step from their regular positions to one immedi-
ately in front of the mike, a separate microphone
must be spotted just in front of that section.
Obviously it is to be used only when they are
muted,

Now consider a studio of older design, with
dead characteristics. When the musicians number
around 12 to 15, it is often difficult to get
good sectional balance with the plan shown in
Fig. 8, FEven though the farther instruments may
contribute about the same number of volume units,

“the pickup may be thin, because the dead studio’

does not reinforce the harmonics and overtones.
Also the mike must be a little closer in a dead
studio, emphasizing the discrepancy in sectional
presence.
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In nearly every case, however, best results
are obtained with one mike, and by using the set-
up illustrated in Fig: 9. The mike is a bi-di-
rectional ribbon type. The instruments must be
more nearly on beam, due to the narrower angle of
response in comparison to the uni-directional
mike employed in Fig. 8 and tothe dead acotstics
of the studio. More time and movement of players
will benecessary to get thissetup exactly right,
but it is far better than the usual procedure of
using additional microphones.

How to Add & Vocalisft:

A vocalist with the type of musical program just
described imposes special problems unless the
organization is thoroughly trained inprior broad-
cast production technigue.

The ideal arrangement would be for the vocal~
ist to stand in frontof the orchestra, facing the
mike at a distance of several feet. This arrange-
menit, however, is often not practical as, for
instance, when the mike is raised and slanted so
as to obtain proper balance of instrumental tones.

Where such a situation occurs, there is no
alternative but to use a second microphone for
the vocalist, preferably a uni-directienal type,
with dead 51de toward orchestra. This mike can
be 1used for the announcer, also,

Symphony Orchestras:

The large symphony orchestra setup should be
based upon exactly the same principles as heretofore
discussed, except that the grouping of instru-
ments, the us¢ of a chorus, and the type of
musical score make the problems much broader in
scopé, Fortunately, such programs are not us-
ually attempted in an inadequately-designed
studio,
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for highest fidelity

Generally, the usual physical arrangement
of the orchestra for regular audience listening
will be satlsfactory for broadecast plrposes. On
the initial trial of the main orchestramicrophone,
several mikes should be suspended at the most
likely pickup p051t10ns in order to aveid the
confusion of moving mikes.
‘these microphones is 15 to 20 ft, high, and 15
to 25 ft. in front of the violin section. Fig,
10 illustrates a typical grouping of a large
symphony orchestra,

If avocalist or instrumental solo is called
for, it is almost always necessary to use a second
mike to achieve proper sound perspective. Remem-
ber that vocal or instrumental solos are mot to
be entirely predominant; the orchestral accom-
paniment must be very much present. Always try
toget the conductor to listen toamonitor speaker
for a final check on balance, or get some re-
sponsible member of the organization topasson it.
The very best control and production men do this
sunply because every symphony organization has
its own arrangement of score or possibly a dis-
tinct interpretation of the original score. This
individuality must be conveyed to the listeners,
Thus, many times, a slight rearrangement of in-
struments in relation to the microphone is found
necessary.

In spite of the usually superior results ob-
tained with a single, well-orientated microphone,
it isoften necessary todeviate from this practice
for true high-fidelity pickup. Themain orchestra
microphone, back far enough to obtain the proper
blend of all instrumental tones, will faithfully
pick up thedelicate, distant tonal beauty of the
violin passages in Clair de Lune, for example.
Most music lovers; however, criticize this same
microphone setup for such numbers as the Strauss
waltzes, where the tonal perspective of the strings
should be closer and more strident in quallty

The general area for

Symphony orchestras may require solo and section mikes

Many leading conductors and producers of
symphony broadcasts insist on an added mike sus-
pended directly over the strings or other sections,
to be turned up only on cue, This procedure
supplies the missing psychologlcal factor of
microphone-to-sound perspective. When a choir
is used with a symphony orchestra, it is also
necessary touse a separate mike due to the spread
of the total combination, in order to obtain
focusing power.

Notes on Field Setups:

Field setups are an entirely different matter.
The musical instruments must usually be placed
more in a straight line due to lack of depth of
the platform. Added to this is the inevitable
noise and confusien about the point of origin.
It may be argued that really high-fidelity trans-
mission is impossible from such a broadcast, and
this is true. But FM listeners especially will
appreciate any pains taken to improve the pickup.

Multiple microphone arrangements are abso-
lutely necessary for such an orchestra of even
medium size,
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Fig. 11. Mike setup for dance
orchestra
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Fig, 11 illustrates a 3-microphone treatment
ofatypical dance orchestra playing in the open.
Always strive to obtain a good balance with the
minimum number of mikes, taklnglntocon51derat10n
the usually heavy background noise. Itis almest
always necessary to use a mlcrophone for each
group o 1nstruments, as shown in Fig. 11, to
give the section playing ‘the lead or melody at
any particiular time the highest intensity. DBut
remember that the presence of the other sections
1s important.

Conclusion:

It 1% apparent to the experienced broadcast man
that many types of program setups have not been
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treated in this article. Indeed, such a treat-
ment would require a full-size book. The author
has attempted to take up only those situations
most commofily encountered,

There will, nodoubt, be some who have honest
dlsagreementsw1thpartsofth15 paper. The author
extends an invitation of correspondence to any
reader who may care to offer comment or criti-
cism. Progress in any line of endeavor can be
achieved onlyby the inquisitive mind, and earnest
doubts of traditional practices. throphone set-
up techniques in partlcular and operational
engineering in general are in need of exhaustive,
wide-open discussion.



ROOM ACOUSTIC DESIGN

PREFACE

The third edition of the NAB Engineering
Handbook contained a reprint of a paper
presented by Mr. John E. Volkmann before the
Acoustical Society of America in New York,
entitled “Polycylindrical Diffusers in Room
Acoustic Design.” Mr. Volkmann, who is
Manager, Theatre Equipment Engineering, Sound
Engineering Section, BCA Victor Division,
Camden, N. J., has prepared another paper
entitled “Acoustic Recommendations for Small
Combined Studio, Scoring Stage and Review Boom”
which although it was prepared originally for
Motion Picture Studios provides sufficient data
believed, of interest in the construction of
Television Studios, especially in view of the
trend toward large screen television.

The NAB Department of Engineering, with
the permission of Mr. Volkmann and RCA, has
combined the two papers toprovide informational
data useful in the design of studios used for
AM and FM broadcasting as well as for tele-
vision broadcasting and recording.

BASIC REQUIREMENTS AND DEFINITIONS

Although large scale recording and
projection operations usually reqiiire separate
rooms for optimum acoustic results; economic
considerations frequently necessitate the
combining of these facilities into one studio
and the primary purpose of these recommendations
is to provide the basic information necessary
to accomplish this objective. The proper
planning and acoustic design of a studio before
construction has received ever-growing atten-
tion by architect and engineer, and has
eliminated much of the necessity for the
curative treatment of acoustic defects.

Good Acoustics:

; The requirements for good acoustics have
been stated by Wallace Clement Sabine, pioneer
in architectural acoustics, as follows: “. .+ .
it is necessary that the sound should be
sufficiently loud; that the simultaneous
components of a complex sound should maintain
their proper relative intensities; and that the
successive sounds in rapidly moving articula-
tion, either of speech or music, should be
clear and distinct, free from each other and
from éxtraneous noises. These three are
the necessaryas they are the entirely sufficient,
conditions for good hearing,” (1)

) The. criterion most frequently used for
judging the acoustic excellence of a room is
its optimum reverberation time. Other factors
and acoustic phenomena with which the scientist

or acoustical engineer is concerned in deter-
mining the acoustical performance of a reom
inclide the following: echo, resonance, inter-
ference pattern, sound absorption, reflectionm,
transmission, diffuse sound, rate of decay,
intensity distribution, sound level, and noise
level.* ‘

Experience in rooms with wood-paneling and
sound-diffusing surfaces indicates that the

manner in which the reverberant and other after-

sounds in a room are distributed has possibly as
much to do with the acoustical excellence of a
room as the actual time of decay in the room,
and from time to time we have heard discussions
on the diffusion of sound in rooms not only in
regard to fulfilling the assumptions in the
Sabine reverberation formula, but in regard to
its subjective effect.

Physical Design Factors:

~ ‘The major physical factors with which the

architect is concerned in the acoustical design
of a studio are as follows:

1. Choice of Site.

9. Size of Studio.

3. Shape and Proportions of Studio.

4. Selection and Placement of Absorbing

Materials. -
5. Sound and Vibration Isolation.

The broadcasting and recording engineers
are also interested in the placement of micro-
phones and loudspeakers and in variable rever-
beration control.

GENERAL CONSIDERATIONS

Since most room acoustic difficulties occur
due to reverberation and other reflection phe-
nomena, a brief discussion of these general
factors and their control is considered important
to a proper understanding of acoustical design.

Reverberation:

The action of sound when confined in an
enclosure is much more complex than its action
in free air. In free air only the direct sound
from the source can be heard. In a room, how- -
ever, the sound one hears is composed of both
the direct and the reflected waves, The sound
wave generated in the room proceeds or expands
spherically from its source until it meets the
boundary surfaces where it suffers partial re-
flection, absorption, and transmission. The re-
flected wave from each surface continues its
travel inside the room only to again suffer
partial reflection, absorption, and transmission

‘ ) 3 Jd b K] N N Lo
See Appendix I for definitions of acoustic
terms.
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esach time 1t strikes a boundary surface. This
process 1s repeated until the sound energy is
completely dissipated. In an ordinary room with
plaster walls and ceiling, an ordinary sound may
suffer from 200-300 such reflections before its
energy is completely dissipated by absorption or
transmission., If we recall that sound travels
1120 feet per second it is readily seen that the
duration of this prolonged after-sound, called
the reverberation time of the room, may be
several seconds for a large room whére the mean
free path is long. The effect of excessive re-
verberation is to blur speech and music due to
the overlapping of successive sounds.

The teverberation time of a room, which is
the time required for a sound of given initial
intensity to die away to the threshold of mini-
mum audibility, depends directly on the inten-
sity level of sound and the size of the room, and
depends inversely on the absorption in the room.
The standard reverberation time of a room is the
time obtained when using an initial intensity of
1,000,000 times the intensity at minimum audibil-
ity. Increasing the size of a room increases
the reverberation period due to the fewer number
of reflections which occur inm it during a unit
interval of time.

Optimum Size of Studijol

Just as tradition and experience have taught
that an optimum reverberation time exists for
each size room, so we have learned that an opti-
mum size of studio exists for each type and size
of orchestra. The data (2) in Table I is based
on commercial practices and subjective llstenlng
tests., The column labeled ““auditorium practice”
shows the minimum number 6f orchestral instru-
ments recommended for auditoriums, (3) while the
column labeled “broadcast practice” gives the
maximum number of instruments sometimes crowded
into broadcast studios. The recommended practice
for recording and scorlng studlos is shown in
the colimn labeled “optimum.” Experience in
Hollywood indicates that a volume of 50,000 cu.
ft. constitutes about the minimum requirements
for scoring studios. Several typical Hollywood
scoring stages are shown in Figures 16, 17, and
18. Another acoustical factor whlch in the
case of sound-picture projection, is related to
the size of room is the acoustical power re-
quired for proper sound reproduction. Most
sound movie reproducing equipment 1s more than
adequate for the ordinary size review room; how-
ever, in those cases wheére thepicture is re-
viewed in a theatre; the reproducing equipment
should meet the “Minimum Power Requirements for
Theatres” established by the Academy Research
Council.d)

From the standpoint of reverberatlon time;
minimum power requirements, air-conditioning
system requirements, etc., the theatre, which is
used for reviewing purposes, should be made a

3-4-02

mififmum in size compatible to its seating capa-
city and architectural treatment. Small review
rooms and scoring roems on the other hand should
be made as large as possible tomost nearly dp-
proximate auditorium and hall conditions. For

normal theatre sizes the Academy of Motion Pic-

ture Arts and Sciences recommends 125 cu. ft.
per seat. For small rooms, say with a seatlng
capacity of only 20, this figure may be in-
creased to as much as 500 cu. ft. per seat.

TABLE I
Size of Orchestra VS, Boon Size

Volume of Room Auditerium ‘ Broadcast

in Cubic Feet Practice  Optimum Practice
10,000 -- 6 12
20, 000 6 9 25
50,000 9 21 50
100,000 19 38 130
200,000 31 . 70 250

Room Resonances=-~Effect of Parallel Reflecting
Surfaces:

When sound 1is generated between two para-
allel reflecting surfaces, “standing waves” are
set up at certain frequencies depending on the
distance between the surfacess The lowest fre-
quency at which the standing wave resonance will
be set up is that frequemcy for which its wave-
length equals twice the distance. The parallel
surfaces will likewise cause resonance for har-
mofiic frequencies., Thus, for a flat reflective
ceiling whose height is 11.2 ft. above floor
level, resonance may occur at 50 cycles, 100
cycles, 150 cycles, etc. (frequency equals 1120
divided by wavelength, that 'is, by twice the
ceiling height).

The effect of these resonances is twofold:
first, it introduces frequency discrimination in
the form of peaks and dips in the response char-
acteristic, and second, it introduces a persist-
ence or handing-on effect in the sound for fre-
quencies at or near resonance. This frequency
discrimination and persistence gives a hollow
sounding characteristic especially if the reso-
nance frequencies are w1dely separated (surfaces
close together), which is generally the case in
small Tooms.

» The effects of standing wave resonances may
be minimized or controlled by any or all of
three methods: (1) by absorptlon treatment, (2)
by changing the position or spacing of the sur-

faces, and (3) by changing the shape of the re-

flecting surfaces. In general, the first method
is not satisfactory in small studios, since the
absorption required for damping the resonances
is too great from the viewpoint of optlmum re-
verberation and hence causes the room to sound
““dead,” and if the absorption material is se-
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Figure 1--Preferred studio dimensions.

lective may cause 1t t®1sound;too“bassy3’ The
other two methods will be discussed under sep-
arate paragraphs later.

Structural Resanance:

The phenomenia of resonance, or the ability
to vibrate most easily at certain frequencies,
may occur in structures as well as in the air in
rooms. Structural resonance usually is not harm-
ful unless the resonant body is closely coupled
mechanically to the source of sound, As dis-
cussed later, structural resonance is sometimes
a virtue; for example, the resonance of wood

nellngtu1an auditorium is often a factor which
improves its acoustic excellence, especially for
music. In this case, however, the fundamental
and harmonic resonances do not occur at any one
frequency, but rather over many different fre-
quencies due to variations in size and con-
struction of the individual wood panels.

Shape of Studio--Preferred Proportions: (5)

To minimize the frequency discrimination
effect caused by the standing wave systems set
up between parallel surfaces in a room, 1t is
desirable to choose major dimensions which are
not 1ntegral to each other. By proportlonlng

the three major dimensions of a roem in the

ratio of the cube root of two (or in Tatio of
multiples of the cube root of two), a good dis-
trlbutlon of the natural resonance frequencies
is obtained.
ratio of height to width to length is 1 to 1.25
to 1.6 as showninFigure 1. For the average size
and shape studio the preferred dimensions should
be in the ratic of 1:1.6:2.5. In all cases the
dimensions shown are derived from the ratio of
the 3/2. Statingitanother way the major dimen-
sions should be separated 1/3 octave with re-
spect to each other, or, other ratios derived
from this fundamental ratio by shifting any or

For small rooms the preferred

all of the dimensieons by one or more irntegral
octaves may be used. Other preferred proportions
for less common shaped rooms are also shown in
Figure 1.

We next deal with the shape and treatment
of individual surfaces.

Shape of Reflecting Surfaces--Sound Diffusion: (5)

A pleaslng reverberation characteristic
ﬂepends not only on the proper reverberation
time, but on a uniform rate of decay of sound.
This requires a diffuse distribution of the after
sound. in a room and may be obtained by shaping
and paneling the walls, ceiling, and other sur-
faces so as to disperse their reflections in all
directions. Many rooms and halls known for their
acoustic excellence have such wood paneling and
sound- dlffusung surfaces. For example, in the
Philadelphia Academy of Music, which has several
tiers of boxes and wood paneling throughout the
auditorium, the dimensions of the projecting
surfaces, being comparable to the wavelength of
sound, ;end to disperse the reflections and give
a more~diffuse/distribution of sound. An 1im-
portant point regarding sound diffusion is that
it does mot lessen the total energy in the room,
but merely tends to imcrease the number of re-
flections which occur per unit time and hence
lessens the intensity level of the individual
reflections. Because the difference in inten-

sity level between reflections is less, the de-
cay of sound in the room tends to be smoother
and more uniform and hence more pleasing to a
listener. This factor is also of practical im-
portance in making the placement of microphones
less critical.

A second factor of importance in these
famotis music rooms is that the wood paneling
also helps to give a diffuse distribution of
sound by virtue of the fact that the energy
incident on its surface which is not absorbed
is reradiated. (6)

‘This reradiated energy does not follow the
regular law of equal angle of incidence and
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Figure 3--Convex wood panel,

reflection, but due to panel vibration acts more
like a loudspeaker diaphragm and, therefore, for
most frequencies either dlsperses the incident
energy over a wide angle or changes its direction.
A third important factor in these rooms is that
the radiation from the wood panellng occurs
further due to direct mechanical or *telephonic”

transmission from the original sound sources on
the stage through the wood flooring and panel-
mounting structure. Since the wood panels are
more or less of different sizes and shapes, the
panel resonance frequencies are not selective.
Two other interesting facts to note here are
that panel radiators have a decay time of their
own, and that the transmission time in wood is
much shorter than in air,

This “diffuse’’ distribution of energy coming
from many random directions and from a great
number of small sources of sound in the room has;
in addition togiving a more uniform distribution
and decay of sound, the important psycho-
logical effect createdlryenveloplng the listener
with sound which gives a certain feeling of
body er depth to the sound. Thls"feellng"
effect of sound is further enhanced by the
transmission of sound through the wood floor te
the seats and from other structures in the room.

Sound Absorption Characteristics:

The sound-absorbing materials used for the
control of reverberation and delayed reflections
should have adequate efficiency at the low
frequenc1es to give the optimum reverberation
characteristic for the specified room size (see
Figure 1).

The optimum sound-absorption units versus
frequency corresponding to the optimum reverber-
ation times for various room volumes is shown in

Figure 2.
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Convex Wood Panels: (5)

Flgure 3 shows a typical curved wood panel
consisting of 4' x 8' plywood formed over ciirved
segment braces and fitted at the edges with 2" x
3" strips which have been routed and held
together with 1" x 3" back braces. The segment
braces which must be spaced at random have strips
of 1/2" Celotex or other soft fiberboard placed
hetween them and the paneling to prevent rattles.
Tt is felt that convex cylindrical wood paneling
is particularly suited tomeet the aforementioned
requirements of a good sound diffuser because
it disperses sound energy not only by reflection
from its curved surface but by radiastion diue to
its resonance action or panel vibration which,

as already mentioned, is set up, either by direct
transmission from the original source of sound
or by partial absorption and reradiation of the
aerial sounds impinging on its surface.

Dispersion by reflection depends on the
size and curvature of the panel and their re-
lation to the wavelength. Dispersion character-
istics for a curved and flat panel plotted on
polar coordinates are shown in Figure 5. This
shows ¢learly the diffusing action of convex
curved surfaces and was obtained by rotating the
panel about its long axis while keeping the
source and directional pickup constant.

It shotuld be noted here that the apparent
source for convex reflectors is always behind
the surface. The value of such surfaces in re-
ducing the interference effect of first reflec-
tions as compared to flat surfaces is shown in
figure 5. Note that the aiding effect at some
frequencies and the cancellation at others is
less for the convex panel. The relative inten-
sity levels of the direct and reflected waves
used in obtaining the interference curves are



shown in figure 6. The reduction in interfer-
ence effect 1s significant when we remember that
the total energy content of the reflected wave
from either surface remains the same. As men-
tioned earlier, the veduction of the interfer-
ence effect of first reflection is important in
studio microphone pick-up in allowing greater
freedom of placement. For remote surfaces in
large rooms a similar diffuse reflection may be
obtained by means of concave reflectors provid-
ing the focus point or the apparent source of
sound, which in this case is in front of the re-
flector, is not within or near the seating area
or any other critical area.

Dispersion of sound by means of panel re-
sonance depends on the modes of vibration set 'up.
For areas of motion small compared to the wave-
length radiated, the distributien will tend to
be non directional: For vibrations normal to
the surface, a convex cylindrical panel would
tend to set up a cylindrical wave front as com-
pared to the plane wave front in the case of
flat panels. The resonance frequencies and re-
sponse of a panel depend on a great number of
factors such as the damping coefficient of the
material, thickness, spacing of braces, method
of mounting of the entire panel, ete. It is in-
teresting to note that due to the added stiff-
ness introduced by bending, @ smaller panel
thickness may be employed for curved panels for
the same frequency.

addition to the dispersion and radiation: action;
the vibration of the wood paneling aids the ab-
sorption efficiency over more rigid materials.

The decay time or “reson-
ance time’ of a typical panel excited at one of
its modes of vibration is shown in figure 7. In

K-187534
Figure 4--Polar distributions from convex
and flat panels,

Preliminary data indicates a coefficient of ap-
proximately 0,18 overa considerable band of fre-
quencies.

This absorption characteristic in conjunc-
tion with its dispersing action makes convex
wood paneling particularly ideal for small
studios. ‘

Objectionable Shapes-«Interference Pheromenat

Flat, untreated surfaces, if very extended
in area or if close to the recording microphone,
may %}ve‘rise~to objectionable interferences due
to the phase difference between the direct and
reflected sounds. The “loud” and “dead” spots
caused at various frequencies when the direct and
reflected waves are comparable in intensity
level can become very pronounced and; due to
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frequency discrimination, give a hollow sounding
effect. In view of this effect it is desirable
that all flat surfaces in the studio have some
absorption or else be shaped to disperse the

reflection.

Concavely curved surfaces,keven though
treated with absorbing material, should be
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Figure 7--Growth and decay curve of vibrating convex panel

avoided. Due to their focusing effect, such

surfaces accentuate the interference problems
already discussed.
In larger rooms, reflections from concave

surfaces and from large untreated flat areas
give further trouble due to the echo or time
delay effect and therefore should definitely be

avoided.



Figire 8--Polycylindrical studio.

Studio With Polycylindrical Wood Panels:

Figure 8 is a photograph of one of the
studios in the RCA Sound Engineering Labora-
tories dt Indianapolis; Indiana, used for
llsten1ng purposes. In addition to ‘the cylin-
drical wood diffusers already mentioned,
studios have several other featiires of interest
in room acoustic design.

In order to obtain maximum diffusion in the
three orthogonal planes, axes of the polycylin-
drical surfaces were placed mutually perpendicular
to each other. Three different sized panels and
curvatures were used further to obtain asymmetry
in the pattern of diffused sound. The high
degree of diffusion obtained in this type of room
is evidenced in the smoothness of decay curves.

The reverberdation curve for this studio is shown

in figure 9, which conforms reasonably well with
published optlmal times. (10)

Another feature of the studio is the choice
of the major dimensions (12.5 ft. x 20 ft. x 32
ft.) which progress in two- third octave steps in
order toavoid the “piling up’ of room resonances.
This is especially important as already pointed
out for small rooms where the frequency gap be-
tween fundamental and harmonic résonances 1s
oftentimes great, and unless guarded against may
lead to a room response with wide hollows in the
audible range. In the present case this g¢on-
sideration was important because the use of
large convex diffusers effective in the range
below approximately 300 c.p.s. wasnot considered
practical. In large rooms consideration should
be giventothe use of low-frequency diffusers as
well as for the mid range and high frequencies.*

*See Appendix II.

these

Orchestra Shell:

Occasionally regular sound stages (usually
treated over the entire wall area with 4" rock-
wool and over the entire ceiling area with 2"
rockwool to eliminate all reflections) are
employed for muslcal record1ngs, in which case
it is necessary to “liven” the stage.

An application of polycylindrical design to
an orchestra shell which was used for recordings
by Leopold Stokowski on the Walt Disney Live
Action Stage, and which is here reproduced
through their courtesy, is shown in figure 10.
The multiplicity of dispersing surfaces and
resonant panels not.only minimized the microphone
placement problem, but gave a more pleasing
reinforcement of sound to the conductor and
musicians. The platforms were for elevat1ng
and reinforcing the bass instruments in the
orchestra.

Exclusion of Noiser (7)

A review room with good acoustics has its
walls insulated against the transmission of out-
side noises into the studio. The transmission
of sound is of two kinds: (a) aerial, and (b)
structural. Small openings due to doors,
windows, portholes, etc., transmit sound to a
great degree, Thus, all the joints between
walls, doors, windows, etc., should be made as
air- tlght as possible.

Likewise, transmission of sound through
structures, such as the noise from vibrating
motors and machinery, should be minimized by
using massive walls and floors and by separating
all vibrating bodies from their supporting
structures by sound-insulating materials such as
cork, lead, or rubber.

Massive walls are not always necessary to
obtain sufficient sound insulation. A double
wall of fairly light construction will give good
sound insulation provided the two walls are not
closely coupled mechanically by nails or cross-
members, that is, provided the walls are kept
isolated or separated from each other.

Projection Booths

TTeatlng of ceilings and walls inside the
proJect10n booth lowers the noise level, per-
mitting more accurate control of volume and qua-
livy.

Treating ceilings and walls, by lowering
the noise level, reduces the sound transmitted
into the studio. Insulation of machines from
floor by heavy blocks mounted on cork or Keldur
is often necessary to rediuce transmitted sound.

Double or triple optical glass in ports is

1wmuyuwdmrdmedwsmmdmmhuﬁlwtm
air through these ports.
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Figure 9--Reverberation time of listening studie.

The projection booth walls should be
either very heavy (12" brick walls), or should
be constructed with deuble walls which are iso-
lated from each other so as not to conduct sound,
by supporting them on some sich material as felt
and avoiding any eonstruction which will tie the
walls rigidly together.

Figure 11 shows a cross section of atypical
projection booth window of the sound retarding
type in accordafice with principles outlined by
National Broadcasting Company engineers and
others. Figure 12 shows a cross section of a
typical sound retarding door such as the River-
bank door used by broadcasting stations aid
other sound studios. Figure I3 illustrates con-
struction of a typical sound insulating wall in
accordance with principles stated by Bagenal and
Wood in their book “Planning for Good Acoustics.” (6)

Figure 10--Polycylindrical Orchestra Shell,
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ACQUSTIC DESIGN OF A TYPICAL SMALL COMBINATION
STuD10

The following specification covers, in
accordance with the principles already outlined,
recommendations on the acoustic treatment of a
typical small combination studio.

Purpose of Studio:

The general purpose of this studio is to
provide the following recording functions:

6" BLOCK. PARTITION
ACOUSTICAL ’FR.ATMENT

f~~ SOUNDPROOFING
ACOUSTICAL TREATMENT

STUDIO:
SIDE
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Figure 11--Sound insulated window.
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Figure 12--Sound retarding door.

1. Straight Recording {Voice or Music).

2. Preor Post Scoring of Small Orchestras.
3. Rerecording.

4. Reviewing and Projection.

5. Monitoring and Control.

A plan view showing the general arrangement
of rooms and equipment to serve these functions
is given in figure 15.

Size and Proportions of Studio:

The studio proper shall have a minimum
volume of 16,000 cubic feet and shall have its
average helght, width, and length proportioned
in the ratio of 1:1.6:2.5, namely,

Height, 16 feet

Width, 25 feet

‘Length, 40 feet

A deviation in average dimensionnot greater
than plus or minus 5% 1s permissible. (See
figure 1.

It should be noted that this studio consti-
tutes the very minimum requirements commercially

acceptable with regard to size, and will produce
optimum results for orchestras of 10 pieces or
less, ‘When larger size orchestras are contem-
plated, the minimum requirements of 50-65,000
cubic feet (25'x40'x65') as practiced in Hollv—
wood should be adhered to.

Shape of Studio:

The general shape of the studio shall be
such that all reflecting siurfaces in the room
shall be convexly curved to disperse the sound
in random directions. The proposed design with
polycylindrical surfaces shown in figure 14 is
recommended for this purpose.

Walls: All walls shall be treated with
convex wood panels, general specifications for
which are given in figure 3. The panels on the
rear wall should be disposed horizontally while
the front and side wall panels should be vertical
an indicated in figure 14. All walls shall be
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NOTE. -
BUILD THIS 42 " PARTITION
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OTHER..

i
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Figure 13--Sound insulating wall construction.
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insulated as specified later, [ouble-wall con-

struction is particularly important between the

projection booth and studie. A blanket of 1"
rockwool or other sound-absorbing material
should line the entire backof the wood paneling.

Ceiling: The entire ceiling shall be
treated with convex wood panels which are dis-
posed lengthwise to the room as shown in figure
14. The attic side of the ceiling should re-
ceive a granul ated fill of rockwool or similar
acoustical material to* load” the ceiling and to
afford partial sound insulation against external
noises.

Floor: The entire floor area (except in
orchéstra or bandshell area) should be covered
with a good grade of reinforced carpeting with
padding underneath, All seats should be of the
heavily upholstered type.

Loudspeaker Chamber and Sereen: The loud-
speaker preferably should be mounted flush with
the screen wall and all openings between thém
caulked to give a seal-tight chamber. The ceil-
ing and back side of the screen wall forming the
loudspeaker chamber should be lined with 4" of
rockwool .

Sound Absorption Treatment:

No additional absorption is required for
reviewing and scoring purposes to that provided
inherently by the wood paneling and floor treat-
ment. For dialogue recording it is desirable to
furnish adjustable drapes on any nearby wall in
the microphone area.

Exclusionof External Noise and Building Vibration:

A noise survey of the proposed studio site
should be made by a qualified dcoustical engineer
before plans are drawn. From the viewpoint of
excluding outside noises and building vibrations
it 1s strlctly essential that during erection
all joints and openings between panels, etc.
shall be fully caulked to give a cortinuous and
seal-tight enclosure and further that the entire
wall structure shall be fleated on cork, rubber,
or other suitable material, inorder to complete-
ly isolate the walls from the main building
structure. This precaution is extremely im-
portant since a single mechanical bridge or
solid cotinection between the inner and outer
shells caused by nails, pipes, ducts, etc., can
almost completely nullify the sound insulation
by setting the inner structure into vibration.
Any bracing between inner and outer walls which
may be necessary for structural reasons should
receive individual isolation treatment to break
the continuous mechanical connection. The var-
ious methods employed in building practice and
patented methods for vibration isolation are too
numerous to treat in these specifications. The
inderlying principle for preventing transmission
through solids is to aveid a continuous medium
(reinforced concrete, brick, etc.) or solid con-
nection (wood, metal etc.) by interposing a
resilient or less dense material (cork, rubber,
felt, air, etc.) in the link between the source
of vibration and the receptiofi point. In gen-
eral the greater the number of such discon-
tinuities (dense to less dense medium and vice
versa) the greater the isclation effect. The
ceiling and floor structure should receive sim-
ilar caulking and vibration isolation treatment.

Figure l4--Proposed Design of a Small Film
Recording Studio and Review Room.
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 Exelugion of Air-Borne Noises--Ventilation Ducts:

In addition to caulking all openings
around pipes, ducts, etc., entering the studio
with a mastic felt or other soft material, it is
essential to line all ventilator ducts on the
inside with an efficient sound-absorbing mater~
ial and on the outside with a sound deadener for
a sufficient distance from the point where they
enter the studio so that the ambient noise level
in the studio is not greater than. 30 db. above
the standard reference level of 10-16 acoustic
watts per square ceéntimeter, using a noise- level
meter set on the 30 db. loudness contour charac-
teristic, - In general this represents a distance
equal to-at least 10 times the duct diameter.
Extra precaution should be taken at the point
where the duct enters the studioc that outside
noise does not leak through due to the canvis
or other isolation coupling.

Recording and Projection Booth:

The size of the projection and recording
equipment booth should be 20 fr, x 16 ft. with
a 12-ft, ceiling height as indicated in the
floor plan in figure 15. The booth floor should
be elevated 4 ft. above the studio floor level
and should be properly insulated according to
the principles already outlined. (Either the
entire booth floor or the areas under all vi-
brating equipment or both should be isolated
from direct connections to the main building
stricture with 1" felted asphalt mastic.)

i The ceiling and exposed wall areas above
wainscot level should be treated with a fire~
proof sound absorbent,

SPACE .FOR POWER SUPPLY UNITS:
54196491

Vestibule:

Entrance to the studio should be made enly
through double sound-insulating doors or a sound
lock. Details of a typical sound-insulating door
are shown in figure 12. The vestibule or sound-

lock area may be used for storage or other non-

noise-producing purposes as shown in the pro-
posed studio floor plan.

SUMMARY
Acoustic Treatment Guide:

The main design features and considerations
essentlal to good acoustics in small studios may

be summarized as follows:

1. The size of the studio should be com-
mensurate with the number and kind of
musical instruments to be recorded.
For a ten-piece. orchestra the minimum
volume would be 16,000 cubic feet.
(For orchestras of other size refer
to table I1.)

2. The major dimensions of the studio
should be proportioned to give a pre=
ferred ratio of average height, width,
and length of 1 to 1.6 to 2.5. For
a volume of 16,000 cubic feet this
would represent a studie 16 ft. x 25
fr. x 40 fr.

3. Large parallel surfaces should be
avoided.

4. All reflecting surfaces should be
shaped, preferably convex, to give a
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Figure 16+-Scoring Stage of Republic Studieos-=

Courtesy Republic Productioms, Inc.

diffuse distribution of sound and to
minimize the effects of standing wave
resonances.

5. If polyeylindrical sirfaces are used,
their size and shape should be varied,
and their axes disposed to be mutually
perpendicular in the three orthogonal
planes. '

6. The characteristics of convex wood
paneling are particularly well suited
for supplying the necessary absorption
and diffusing properties for studios.
The panel bracings should be spaced at
ratidom distances to avoid selective
resonance. The panels should be varied
in size and backs Jined with rockwool
or other absorbing blanket.

7. The floor shouldbe covered with a good
grade of reinforced carpeting with
padding underneath.

Figure 17--Scoring Stage of Columbia Studios--
Courtesy Columbia Pictures, Inc.
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8. Seats should be of the upholstered
type.

9. Adjustable drapes should be provided
on wall surfaces in the microphone
area for speech recordings.

10. Studio walls, ceiling, and floor should
possess sufficient sound isolation to
préevent the transmission of ex-
traneous noises into the studio.

11. The projection booth should be treated
with a fireproof sound absorbent on
ceiling and exposed wall areas above
wainscot level.

12. All machinery and vibrating equipment
such.as arc generators, voltage
regulators, ventilators, etc., should
be acoustically isolated from the
studio. :

Figure 18--Walt Disney Scoring Stage--Courtesy
Walt Disney Productions, Ltd.

13. Air-conditioning equipment should be
of the low-velocity type and preferably
operated to give full volume at half
speed. All ducts should be provided
with acoustic baffling and lined for a
distance of at least 10 diameters from
the studio.

The foregoing general recommendations on the
acoustic treatment for studios are offered merely
as a guide. The services of a gqualified acoustic
engineer should be relied tpon for the exact
specifications relative to the proper type,
amount and location of acoustic treatment, shape
of studio, and type and amount of sound insula-
tion required. The trend today is toward close
coopera*“on between architect and engineer, and
toward functional styling based on the acoustic
design. In the case of new studios, a noise
survey of the proposed site and complete acoustic



specifications for the studio are desirable and
worth while.

In illustrations or references to acous-
tical insulating materials, in this book,
specific materials mentioned are listed only as
dan example of a material suitable for the
purpose described. Any equivalent acoustical
material may be used with similar results.

REVERBERATION CHAMBERS FOR RERECORDING"

In the recording of sound on film or wax
it is frequently desirable to add a reverberatory
%uallty to the recording after its completion.

his may be accomplished by reproducing the
sound ina highly reverberant room--the sb-called
reverberation chamber——and mixing” the output
from a m1crophone in this room with the orlglnal

recsiding in a process known as ““dubbing” or

rerecording.

Surprlslngly, when the electr1cal level of
the reverberated signal is as much as 20 db
below the electrical level of the original
recording at the mixing panel, the combined
reproduced signal conveys a strong impression
of reverberation in every syllable of speech,
and chord or passage of music.

Unlike in other means, electrical or
mechanical, of adding a reverberatory note to
a recording, the chamber method provides both
the proper growth characteristic and the decay
quality of sound in a live enclosure. Delay
networks, magnetic tape recordings, and other
devices for ach1ev1ng synthetic reverberation
usually permit only prov1s1on for the decay
characteristic; no attempt is made to introduce
the growth characterlstlc, since the latter is
less essential in an approach to total rever-
beration.
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Figure 19--Curves Illustrating Growth and Decay
of Sound in Different Boons.

*Condensed from article in Journal of the
Society of Motion Picture Engineers. Vol. 45,
No. 5 {November, 1945), Pp. 350-357.

It is interesting to plot the growth curves
of sound #nd the corresponding decay character-
istics for a number of rooms. Figure 15 shows
the sound-growth and sound-decay curves for
rooms that have different reverberation times,
namely 8 sec., 4 sec., and 1 sec. The curves
are plotted on the assumption that the power
output of the source in the different rooms is
such as to provide the same value of steady-
state energy-density in each enclosure.

For the addition of reverberation to re-
cordings madeoti film, a room with areverberation
period of approximately 4 sec. appears adequate.
A chamber of 40800 cu ft volume, with walls and
ceiling made of concrete, answers this purpose
very well., TIf the mean dimensions for the
height, width, and length of the enclosure are
12.5 ft, 16 ft, and 20 ft, respectively, the
total 1nter10r surface comes to approximately
1540 sq ft. Crediting concrete, 6 in. thick,
with an absorptivity of 0.03 sabine at 1000
cycles, the total absorption comes ‘to 46,2
sabines; and the reverberation time therefore
to 4,33 sec. Mean dimensions are indicated
because the preferred shape of the enclosire is
rnonrectangular, in order to avoid flutter
echoes,

It is interesting to consider the decay
characteristic of the sound which actuates the
microphone in the chamber. The sound which was
originally recorded in the recording stage is
itself characterized by the reverberation of the
studlo. During reproduction the decay charact-
istic of the chamber is superimposed upon that
of the stage. Thus, superimposing a reverber-
ation period of 4 sec. upon sound recorded in a
room with a reverberation period of one second
has, for short initial intervals, the effect of
sound decaying in a room of 8 or more sec. re-
verberation. This may account for the low
electrical level of the reverberated signal ne-
cessary (at the mixing console) for its combin-
ation with the original recording to obtain the
desired reverberatory character in the rerecord-
ing. -

Another reason for the low electrical level
required of the reverberated signal is the fact
that the microphone represents only one ear. In

binaural hearing, the ear is to some extent cap-

able of suppressing unwanted sound, whether
direct or reflected, and to concentrate only on
the desired sound. This can be readily de-
monstrated by clos1ng oné ear in the reverber=
ation chamber, in which case the reverberation
appears considerably prolonged.

Another reason for maintaining a low elec-
trical level for the reverberated signal is, of
coursé, an agtempt to preserve as much as pos-
sible the intelligibility of the dialogue. The
ear is evidently able to judge the reverberation
of & room by the audible, slow trailing-off of
the sound intensity at the end of words.

3-4-13



In the case of musie, where longer rever-
beration tends to provide a richeror more pleas-
ing quality, the eleectrical level of the rever-
berated signal is kept higher. Still, the de-
finition of instruments can be preserved ‘remark-
ably well by this means. One may indeed con-
sider whether this type of reproduction does not
supply a supérior rendition, mattainable in any
other way, since both clarity of instruments and
an undertone of prolonged decay exist &imultane-
ously.

Different recordings call for the addition
of different amoiints of reverberation, and some-
times, for the addition of different fypes, of
reverberation characterlstlcs The reason for
this is that, in sound-on-film recordings, a
large number of different sound effects have to
be included. If the dialogue is recorded in a
cellar, tunnel, hull of a ship, etc., but the
incident sounds (footfalls, Jack -hammer drives,
engine noise) are not included in the original
recordings, it is desirable to match the char-
acter of these effects with the “ room-tone”’
existing in the surrounding in which the speech
was recorded. Some variation in the reverber-
ation characteristic can be effected by chang-
ing the distance between loudspeaker and micro-

phone, sinee this will change the ratio of

direct-to-refl ected sound at the microphéne,

MICROPHONE

SPEAKER

M-1468462

Figure 20--Double Reverberation Chambers

The character of the reverberated signal
may be altered more perceptibly by dividing the
chamber into asmall and a large room. Since the
number of normal modes and their spectral dis-
tribution is decidedly different in two such en-
closures a considerablé variation in the quality
of the signals may be effected by using one or
the other of the two rooms. If a door is pro-
vided in the partition between the two chambers,
a further variation will tresult by placing the
speaker in one of the rooms and the microphone
in the other. Such a door acts like an acoustic
hlgh-pass filter, thereby making the reverber-
dtion characteristic of each room a function of
the door opening.
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Figure 21--Developed Plan for Echo Chamber

A change in the character of the sound
picked wp in the chamber can, of course, also be
secured by using different microphones.

Figure 20 represents the plan of a dual re-
verberation chamber, of which the walls as well
as the ceiling and the floor were kept at a
slant to aveid echoes. The dual chambers employ
concrete for the material of the walls, the
ceiling, and the floor. A massive door, 5 ft
wide and 6 ft high, weighing approximately 450
1b, may be rotated by means of a knob located at
the reérecording cotisole; in this manner it is
possible to change the reverberatlon character-
istics of the rooms easily and quickly. Where
it is not feasible to employ dual chambers and
slanting walls an alternative plan for the
chamber is shown in figure 21.

Figure 22 shows a block schematic of a
recording channel employing a reverberation
chamber.
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APPENDIX |

Definitions in Architectural Acoustics From ASA
Standards Z2u.1

Acoustic Absorptivity (Absorption Coefficient)
The acoustic absorpt1V1ty of a surface is
equal to one minns the refleetivity of
that surface.

Acoustic Reflectivity (Peflection Coefficient)

The acoustie reflectivity of a surface not

a generator, is the ratio of the rate of

flow of sound energy reflected from the
surface, on the side of incidence, to the
incident rate of flow. Unless otherwise
specified, all possible directions of in-
cident flow are assumed to be equally pro-
bable. Also, unless otherwise stated, the
values given apply to a portion of an in-
finite surface thus eliminating edge effects.

Acoustic Transmittivity

The acoustic transmittivity of an interface
or septum is the ratio of the rate of flow
of transmitted sound energy to the rate of
incident flow. Unless otherwise 'specified,
all directions of ineident flow are assumed
to be equally probable.

Cycle ()

One complete set of the recurrent values of
a periodic gquantity comprises a-cycle,

Diffuse Sound

Sound is said to be in a perfectly diffuse
state when in the region considered; the
energy demsity, averaged over portions of
the region large compared to the wavelength,
is uniform and when all directionsof snergy
flux at all parts of the region are equally
probable.

Fcho

An echo is a wave which has been reflected
or otherwise returned with sufficient mag-
nitude and delay to be perceived in some
manner as a wave distinct from that direct-
1y transmitted,

Flutter Echo

A flutter echo is a rapid succession of re-
flected pulses resulting from a single in-
itial pulse. If the flutter echo is per-
iodic and if the frequency is in the audi-
ble range, it is called a musical echo.

Frequency (f)

The number of cycles occurring per unit of
time, or which would occur per unit of time

if all subsequent cycles were identical
with the eycle under consideration is the
frequency. The frequency is the recipro-
cal of the period. The unit is the cycle
per second.

Intensity Level (IL) (Sound Energy Flux Density
Level)

The intensity level, in bels, of a sound is
the logarithm to the base ten of the ratio
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of the 1ntens1ty I of this seund; to the
reference intensity I,. Intensity level may
also be expressed 1n dembels

Interference Pattern

Mean

An interference pattern is the resulting
space distribution of pressure, particle
velocity, energy density or energy flux
when sound waves of the same frequency are
superposed.

Free Path

The mean free path for sound waves in an
enclosure is the average distance sound
travels in the erclosure between Successive
reflections,

Multiple Echo

A multipleecho is a succession of separately
distinguishable echoes from asingle source.

Noise

Rate

Noise is any undesired sound.
of Decay (of Sound Energy Density) (S)

The rate of decay of sound energy density
is the tlme rate at which the sound energy
density is deereasing at a given point and
at a given time. The practical unit is the
decibel per second.

Reverberation

Beverberation is the persistence of sound,
due to repeated reflections.
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Reverberation Time (T)

The reverberation time for a given fre-
quency is the time required for the average
sound energy density, initially in a steady
state, to decrease, after the source is
stopped to one-millionth of its initial
value. The unit is the second.

Sabin

The sabinisa unit of equivalent absorption
and is equal tothe equivalent absorption of
one square foot of a surface of unit ab-
sorptivity; i.e., of one square foot of sur-
face which absorbs all incident sound energy.

Seund

(a) Sound is an alteration in pressure,
particle displacement or particle velocity
propagated in an elastic material or the
superposition of such propagated alterations.
(b) Sound is also the sensation produced
through the earbythe alterations described
above.

Note--In case of possible confusion, the
Term * Sound Wave” may be used for concept
(a), and the term ® Sound Sensation” for
concept (b).

Wavelength (A)

The wavelength of a periodiec wave in an
isotropic medium is the perpendicular dis-
tance between two wave fronts in which the
displacements have a phase difference of
one complete cyele.
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APPENDIX 1

Dimensions For Convex Cylindrical Panels

o 60° 90° 120° 180°

Arc Width | Depth | Redius | Width | Depth | Radius | Width | Depth | Radius | Radius
(a) “(ed (b) (r) (e} (b) (r) (c) {b) {r) (r)

16" 15.174 | 2 . 15-174| 14-3/8 3 10-37/8 | 13-1/8 3-7/8 | 7-5/8 5-1/8
32” | 30-5/8| 4-1/8| 30-5/8| 28-3/4 6 20-3/4 | 26-1/4 7-5/8 | 15-1/4 | 10-1/8
48" | 45-7/8 | 6-1/8| 45-7/8| 43-1/4 | 9 31-1/4 | 39-1/2 | 11-1/2 | 22-7/8 | 15-1/4
64" | 61-1/8 | 8-1/4| 61-1/8| 57-5/8 | 12 41-5/8 | 52-5/8 | 15-1/4 | 30-1/2 | 20-3/8
80~ 76-3/8 | 10-1/4 | 76-3/8| 72 15 52 65-3/4 | 19-1/8 | 38-1/8 | 25-1/2
96" | 91-5/8 | 12-1/4| 91-5/8] 86-3/8 | 18 62-3/8 | 78-7/8 | 23 45-3/4 | 30-172
1127|107 14-3/8 | 107 100-3/4 | 21 72-3/4 | 92-1/8 | 26-3/4 | 53-3/8 | 35-5/8
128" |122-1/4 | 16-3/8 | 122-1/4 |115-1/4 | 23-7/8| 83-1/4 [105-1/4 | 30-5/8 | 61 40-3/4
144” |137-1/2 | 18-3/8 | 137-1/2 [129-5/8 | 26-7/8| 93-5/8 [118-3/8 | 34-3/8 | 68-5/8 | 45-3/4

ARC
A —

¥

T .
B (DEPTH)

- C ;
(WIDTH)
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