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APPERDIX A
SCHRBDINGFR'S TREATMENT OF DISPERSION AND ATTENUATION
IN THE ATMOSPHERE

Schrédinger (Physikalische Zeitschrift, Vol. 19, pp 445-433,
1917) has shown that sound traveling to a considerable altitude is

modified in two ways:

a. It wmdergoes dispersion at frequencies for which the
density of the atmosphere changes appreciably in a space of one
wavelength and, |

b. It is attenuated when the atmosphere becomes 8o rare—-
fied that the mean free path of the gas molecules approaches th
order of magnitude of the wavelength. -

Schr8dinger computed the amount of dispersion assuming & wave
traveling vertically, and arrived at the conclusion that the effect
is megligible for smdible sound. MNe also calculated the attenua-
tiom due to b above, and arrived at the conclusion that the upper
limit of travel of audible sound is about 80 KM.

The longest wavelength for which Schr8dinger has published
results is 100 meters, corresponding to about 3.4 cps. Experi-
ence indicates that most of the energy of large explosions re-
corded at distances of over & hundred miles lies in a frequency
band corresponding to wavelengths of 350 m to 3500 m. In the fol-
lowing discussion, Schr8dinger's results have therefore been ex-
tended to longer wavelengths to be applicable to recent experi-

mental work.

A. Distortion of & Transient Sound Pulse due to Dispersion

The velocity of sound for vertical travel in an isothermel
atmosphere is shown by Schr8dinger to be :

V::CQ#—AE-—

3217282 (1)

where ¢ is the limiting velocity of sownd at high frequencies, A is
:.he nv.ljmgm, and H is the height of the "homogeneous atmosphere®
' H = 8 XN &

Schr8dinger's analysis does not explicitly give the correspond-
imng result for a sownd path having a horizontal component. However,
if his analysis is modified by taking components along a path which
is inclined at angle @ to the horizontal, the soclution of the result-
ing modified differential equation gives a velocity value of
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v=cCcll+

(2)

If we assume a path shaped like an isoceles triengle with a
base length of 1000 KM and an altitude of 100 KM, € will be 11.3°,
For a wavelength of 10 KM

- 10° gin< 11.3°
- = 1 ¢ ————————— ] ,00019
c 32 Tr2 x 82

If we postulate that the maximum allowable dispersion of a
transient occurs when the lowest frequency component experiences a
459 phase shift with respect to the highest frequency component, it
is possible to use the above expression to calculate the maximum

range of undistorted transmission.

The varietion in travel time due to a change in veloecity dv is

given by at] av
t|° v

As we have agsumed a 45° phase shift, we shall substitute T/8
for dt in this expression, T being the period, and set t = s/v where
8 is total distance traveled by the wave, giving -

I Yy _4@v
8 B v
For\ = 10 XM, we have seen that dv/v = .00019
Tv |
0.0 - % .00019
8s
or 8 = L )\ = e = 6580 KM

.00152 - 00152 .00152

The projection of this path on a horizontal plane would be 6580°cos

= 11,3° = 6450 K. Thus an explosion pulse, the lowest frequency com-
ponent-of which has a wavelength of 10 KM, would have to travel 6450
KN horizontally before that frequency component is shifted 45° in
phase with respect to high frequencies. It is therefore obvious that
the effect of dispersion is negligible at the wavelength assumed for
sound refracted at the 100 KM level, and for ranges less than 6000
KM. The effect would be still smaller for sound refracted at lower
levels.
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B. Effect of Dispersion on the Sound Path

In a recent paper (Journal of the Acoustical Society, Vol. 21,
pp 6 - 16, 1949) Cox has used Schr8dinger's results in an attempt
to prove that, because of dispersion, the paths traversed by
sound of different frequencies vary in such a manner that low
frequency sounds are refracted at higher altitudes and hence are
attenuated more than high frequency sounds. In his discussion Cox
uses equation (1), which only holds for vertical sound travel, to
describe the performance of the sound ray throughout its entire
path, no part of which is vertical. His analysis, in additiom to
being based upon the wrong expression for v, does not explicitly
give the difference between the altitudes of the high frequency
and low frequency paths. ~ ,

For a sound ray trivel:l.ng at an angle @ with respect to the
horizontael, the correct expression for the phase velocity 1ls givem
by equation (2) which indicates gzero dispersion for horizontal
travel. 3Jhis is just what would be expected, as the dispersiom
ig due solely to change in demsity of the medium in the directiom

of travel.

The investigation of the effect of dispersion ocn the sound
path is facilitated by using Snell's Law in the form

. : const.
cos O | (3)

In the absence of wind, this quantity is invariant along the sound
path, irrespective of the cause of the change im welocity.

If we use subscript -fto refer to low frequencies, and #®to
refer to high frequencies for which no dispersion occurs, we can

write equation (3) for low frequencies,

—(-1—’-—2)3)-—-=m5t.='?

( CO8 00)1} (10)

vhere subscript , refers to conditions at the earth's surface and
V is the wvelocity at the apex of the path, where cos @ = 1.

For high frequencies,

(v~ o)oﬂ
- const. = Yo...
(cos 6p)ga (5)

If we assume a high frequency and low frequency wave starting
off at the same elevation angle, (cos 00)1, = (cos 9,) o and equa-
tioms (4) and (5) can be combined to give
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Substitutiﬁg values of V, from equation (2) we get

2 2
Vv sin® O
Vo 32o|-r232

If Nis given im meters,

If both rays leave the source horizontally, 6, = 0, and V? = Voo
which means that both rays are refracted at the same altitude.

If 65 = 30° amd )\ = 3300 m (corresponding to a period of 10 sec.),
V
1 41.35 x 104
or — = 1.35 x 10™%

Total refraction can take place at either the first or second inver-
sion, the respective levels of refraction being approximately 50 and
120 KM. From the results of paragraph C below, it is obvious that
no attenuation of sound having periods near 10 sec. could occur at
the lower of these two levels. In the neighborhood of 120 KM the
phenomenon discussed by Cox might conceivably occur, if the alti-
tudes of the respective paths differed sufficiently.

From the NACA data on the standard atmosphere, we find that the-
sound velocity gradient at the 120 KM level varies from 2.24 meters
sec~l km~l in the daytime to 5.17 meters sec-l km-l at night; the
value of V at 120 KM being 436.3 m/sec. Taking the smaller of these
values we get

dv _ _2.24
v 236. 3 per KM

= 5.14 x 10-3 per KM

From this we see that the dv/V value of 1.35 x 10~4 corresponds to
an altitude difference of only 26.3 meters. It is therefore obvious
that the maximum eltitude of the sound path doec not very with fre-
quency for periods up to 10 seconds.
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C. Attenuation of Sound in a Rarefied Gas

P s o Ul

Schrédinger has shown that the damping coefficient for the
sound intensity (square of the amplitude) can be expressed as

k —e "30 nlo {% | (6)
where R is the mean free path of the gas molecules, Z the distance
traveled, and A the wavelength. At a distance x above the earth's

surface,
£ = 102 &= X ca, (7)
where &k = 1.2516 x 106 cm~1 for a temperature of 0°C.

If we set Z = 105 cm = 1 KM, the above relation can be used 1o
eveluate the altitude x at which the intensity of the wave is reduc-
ed to the fraction ek of its initial value after traveling & dis-

tance of 1 KM.

Replacing k by its equivelent log, ek and solving for x, we get

-log ek
1 e
X =~ 12 log )\o- logg

By assuming fixed values of x, eX, the fractional transmissionm
cen be calculated as a function of frequency. As eX represents
fractional energy transmission, fractional amplitude transmiesion
can be obtained by taking the square root of the ek velues. Snch a
computation has been carried out for levele of 80, 100 and 120 KM.,
for a horizontal path of 100 KM, the results being plotted in the
accompanying figure. If we assume that the sound ray travels near
the maximum level for approximately 10% of the total path, the re-
sults will be applicable to a total path length of the order of
1000 KM. The curves are applicable to a temperature of 09C; at
higher temperatures the attenuation 1s decreased.

As an increase in temperature causes the attenuation at a given
altitude to decrease and at the same time alters the gradient in such
a way as to lower the path apex; absorption of a sound ray re-
fracted at a given level would be a rapidly changing fumction of
temperature, for frequencies on the steepest slope of the curve.

For the particular path assumed above, near the 120 KM level, sound
tranemission in the band from 0.1l to 1 cps would be very sensitive
to changes in the temperature gradient, if the mean temperature |

were in the neighborhood of 0°C.

5 Appendix A




D. Conclusions

l. The discussion of paragraph A indicates that no appreciable
distortion of a transient sound pulse as a result of dispersion is

to be expected for component periods up to 30 seconds.

2. It has been demonstrated that the altitude of the path apex
is independent of frequency for periods up to 10 seconds.

3. For periods of the order of 1 to 10 sec., attenuation due
to the effect discussed in paragraph C becomes appreciable at levels
of 120 K. Whether attenuation will occur or not will depend upom
the exact altitude of the apex of the path, which in turn may vary
diurnally or seasonally.
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APPENDIX B

DESCRIPTION OF EQUIPMENT
I. INTRODUCTION:

A. General

1. Infra-sonic System M-2 is an equipment installatiom
consisting of four (4) microphone ststions and a central recording
station. The four microphone stations are located on the corners
of a ten (10) mile square. The ten mile square is the deslgn cenm-
ter configuration and is not & rigid requirement. These stations
are each comnected by & wire line to the central recording statiom
which is located within or adjacent to the ten mile squars.

2. Each of the microphone statione i1s essentially & mi-
crobarograph, measuring pressure variations as small as 0.1 sound
ber in the frequency range of 1 cycle in 15 seconds to 1 cycle per
second. The signals from each microphone station are recorded in-
dependently on continuously moving record charis &t the central
recording stationm.

B. Microphone Station Equipment

A condenser microphone is the pressure sensitive element
and is employed in the infra-sonic system as one arm of a bridge
pet-work. The bridge is normally balanced and variations in the
condenser microphone capacity cause the bridge to become unbel-
anced in either a positive or negative sense. A 1000 cycle sig-
nal is applied to the bridge network and the amplitude of the
signal from the bridge is modulated as pressure veriations cause
the capacitance of the microphone to vary. The modulated 1000
cycle signal is amplified and applied to a detector to which the
unmodulated 1000 cps signal is also applied (the detector requires
the mixing of these two signals in order to indicate whether the
capacitance change which caused the modulation of the carrier it
positive or negative); the detected signal is then applied to the
wire line termirals.

C. Central Station Equipment

1. The Central Statiom equipment consists of four amplifi-
er channels, powered either from a 110V AC, or a 6V DC source, and
four recording meters. Ome spare amplifier and one spare recorder
are provided.

2. Each channel functions as follows:

The signal from & microphone station is received over
a wire line, is mixed with an agitetion signal, and both cignals
ere passed through an smplifier and are then applied to the record-
ing meter. Two chronograph pens, located one on either side of
the record chart, are used to indicste time; one receives a pulse
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approximately every 5 seconds from the automatic timing device, every
12th pulse being omitted; the other pen receives a pulse when the
manual push button 18 operated.

D. Circuit Diagrams

Schematice of the capacitance bridge, a Central Statiom |
amplifier section and power supply are ehown in Figures 1, 2 and 3,
respectively.

II. DETAILED DESCRIPTION OF COMPONENTS:

al =2 Tl .

A. Condenser Microphone

™e condenser microphone assembly consists of the condenser
head and a two-sectiom acoustical low pass filter. The comdenser head
is mounted at the top of the inner chamber and consists of a thin
(.001") stretched aluminum diaphragm mounted symmetrically .004
inches from an insulated metal plate. The low frequency cut—off 1is
controlled by the time constant of the acoustical leak connected tn
the inner chamber (chamber behind the diaphragm); the high frequency
cut-off is controlled by a two section acoustical filter. The band
of sound pressure frejuencies to which this microphone is respon-—
sive is 1 cycle per 15 seconds to 2.5 cycles per second. The upper
end of this range is subseguently reduced to 1 cps by the limita-
tions of the recording meter. When a noise reducing array is used,
the array itself performs the function of the two—-section filter.

B. Capacitance Bridge

The Capacitance Bridge consists of an oscillator, a capaci-
tance bridge modulator, a two-stage amplifier, and a demodulator.

1. Oscillator: The oscillator is of tne Hartley type and
tha frequency of oscillation is determined chiefly by the comsiants
of the tank circuit connected between the grid and the plate cir-
cuite of the tube. The plate blocking capacitor (.02 mf) is used to
provide a low impedance path for the 1000 cps current while pre-
venting the DC plate volrage from being short circulted to ground.
The grid condenser (.005 mc) insulates the grid from ground to per-
mit the bias voltage to develop across the grid resistor and yet
allow the 1000 cps voltage to be applied to the grid. This oscilla-~
tor operates near the Class nA¥Y regiom.

2. Modulator: A 1000 cps signal of constant amplitude 1is
applied to two terminals of the bridge through an audio transformer
and the output of the bridge is connected to the first stage of an
audio amplifier as indicated in Figure 1.




3. Amplifier:

a. The audio amplifier is entirely conventional, the
firset stage being resistance coupled to the second,
and the second stage being transformer coupled to
the detector. The step attenuator in the input to
the second stage consists of ten 3 db steps.

b. A switch allows the first stage of this amplifier
to be cut out when the extra amplification is not

‘necessary.

4. Demodulator: The demodulator circuit is a phase sensi-
tive rectifier bridge in which the signal from the oscillator is com
bined with the amplified unbalance voltage from the bridge to give
a rectified output voltage which changes phase when the direction
of unbalance of the bridge is reversed. This type of rectifier has
been described by Tamm and Bath (Ver8ffentlichungen aus dem
Gebiete der Nachrichtentechnik, wol. 6, pp.51-68, 1936).

5. Meter: A 25-0-25 microampere meter is connected in
series with a 250,000 ohm resistor across the detector output for
indicating bridge balance and for checking performance.

6. Lightning Protection: A neon bulb is connected across
the output terminals of the capacitance bridge to protect the lat-
ter against damage by line transients due to lightning.

7. Pridge Power Supply: The bridge is powered from dry
batteries which furnish 45 volts plate and 1.5 volts filament. Norm-

ally, for the plate supply, one Battery BA-26 is used, or two BA-
36's in parallel. For the filament supply, three Batteries BA-35
or 65 in parallel are used. A Battery BA-3/ is used for the bias

supply.

C. Central Station BEquipment

Al ¢ e Al - el .« E—

l. Amplifier Assembly

a. The amplifier assembly comsists of five identical
amplifiers and a power supply. Four amplifiers
are in use; the fifth amplifier, a spare, is mouat-

- ed in the assembly, but has no input or output con-
nections.

b. Amplifier Channel (see Figure 2): The amplifier
is essentially an impedance matching device to tran
form the voltage input to a current output. The 4n
put circuit is balanced and provides a push-pull
input for the two amplifier tubes through an atten-
uator which has five steps each of 6 db. The tube:




are operated approximately Class "B" and the neces-
sary bias is obtained from the resistor in the com-
mon cathode circuit. A balamce control is provided
to equalize the two plate voltages under zero sig-
nal conditions. The recording meter is commnected
directly from plate to plate of the two tubes. Bi-
ased (3V) rectifier units are placed across this out-
put circuit to limit the maximum voltage output to

4+ 3V in order to protect the meter. An agitation
circuit which produces a signal of approximately 10
cps is incorporated in each amplifier channel and agi-
tates the pen movement of the corresponding recording
meter. This increeses linearity of response, particu-
larly for low amplitude signals. A meon lamp relaxa-
tion oscillator forms the agitation circuit, the out-
put of which is applied as a push-pull voltege to the
gride of the amplifier tubes.

c. Power Supply (see Figure 3): The power supply is ac-
tuelly a dual wnit, operating normelly from 110V AC

and, in case of interruption of service, from a 6V
storage battery. The switch over from 110V AC to 6V
DC is accomplished automatically by a relay in the
110V AC line when a failure occurs in AC power. When
operating on 110V AC power, the line wvoltage is step-
ped up by means of & tramsformer, rectified and fil-
tered. When a power failure occurs, the relay connects
the input of a vibrator power supply to a 6V storage
battery, and the output of the vibrator is connected to
the filter. When operating on 6V, the filter operates
with condenser input, wherees when operating om 110V

AC, & choke input filter is used. A 0.l mfd condenser
is connected across the relay contacts to prevent exces-
sive arcing when switchover from DC to AC occurs.

2. Recording Meters: Four Esterline-Angus 1 ma recording meters
ere used to record the signals from the four amplifier channels. The
meters are coupled mechanically to insure synchronization. Two chronmo-
graph pens have been added to each of these meters to enable time marks
to be recorded. These pens are located one on either side of the record

chart.

3. Timing Device: The timing device consists of a 6 velt
DC battery-driven electric motor geared to a cam which closes a switch
approximately every 5 seconds, omitting every l2th pulse to indicate
the one minute intervals. A separate battery is provided for this
motor. The circuits controlled by this switch apply voltage pulses
to the left hand chronograph pens on the recording meters.
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4. Manual Marks: An electric pulse can be applied
to the second chromograph pen on each recarder by pressing a manual
timing push button switch. Time signals from WKV or a similar
source are used for the manual timing marks.
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APPENDIX C
NOISE REDUCING ACOUSTICAL ARRAY

1. INTRODUCTION

a. The Noise Reducing Acoustial Array is essentially a
network of pipes coupling an infra-sonic microphone to the atmo-
sphere through a large number of openings which are distributed
over an area. Ihe microphone will then register average pressure
fluctuations over the area, instead of fluctuations at a point. In
this way "noise®™ due to atmospheric turbulence is reduced. The
noise reduction should not be accompanied by signal attenuation,
if maximum sensitivity is to be maintained. If signal attenuation
does occur, the loss can be compensated for by increase in ampli-
fier gain but the system must be B0 designed that attenuation does
not vary with frequency. The array described below was so designed
that no attenuation occurs throughout the desired frequency range.

b. For practical reasons, it was decided to use as small
an array as possible, and the arrangement shown in Figure 1l was
chosen. This array consists of four sub-arrays, each of which is
coupled to the atmosphere through 16 openings (acoustical resist-
ances) and to a center section containing the microphone through a
series resistance. The maximum dimension of each sub-array is
taken to be approximately one tenth wavelength at the upper end of
the desired frequency range. This permits use of an equivalent elec-
trical circuit in which ell quantities are lumped constants. The
equivalent circuit is shown in Figure 2 in which the parallel resis-
tance of &all openings in each sub-array is designated by the single
resistance R]j. This equivalent circuit is seen to be a two section
RC filter, and by suitable choice of the quantities R}, R2, C1, and
Co ie given a ®cut-off* frequency of 2.5 cps, (i.e., output is dowm
2 db at 1.25 cps, 6 db at 2.5 cps, 15 db at 5 cps, and drops at a
rate of 12 db per octave at higher frequencies.)

2. THEORY

a. Evaluation of the Network Parameters

In order to obtain numerical values for the constants
of Figure 2, it is necessary to develop a general theory of the
electrical analogy for sound transmission in a conduit. In this de-
velopment, the following notation is used:

(@ density
f <frequency
w 27’

Cp specific heat at constant pressure
K thermal conductivity

A  viscosity

N (W P%/K 2 = 4.06!.1/2 for air at 20°C
€S (WwMR2MLI/2 - 4.57¢1/2 for air at 200C
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(-3 P )/2 = 6(-25)1/2
radius of conduit

velocity of sound in conduit
velocity of sound in air
propagation constant

o(odﬂﬂ'

The transmission characteristics of conduit for sound waves may
be investigated by using the equivalent T section of Fig. 3. The
series elements in this T section represent the effective mass of the
gas in the tube and the frictional losses due to viscosity. The shunt
elements represent the acoustical capacitance of the enclosed volume
of gas and the energy loss due to heat conduction to the walls.

In this representation, L, %. C' and G are, in general, not con-
stants, but are functions of afl/<, R and L are obtained from the
real and imaginary parts of the expression for the impedance of a
conduit derived by Crandall, (Theory of Vibrating Systems and Soumd,
D. Van Nostrand Co., Appendix A). C' and G are obtained from the
real and imaginary parts of the expression for the impedance of a
cylindrical enclosure derived by Daniels (Acoustical Impedance of En-
closures, Journal of the Acoustical Society of America, Vol. 19,

No. 4, 569-571 July, 1947).

From equation (G) of the first reference, after solving for %
and dividing by the cross sectional area in order to express the re-
sult in terms of acoustical ochms, we get *

2
1 - MK
Z =R e+ jUJL -;;5 ——w

From the second reference, taking the reciprocal of impedance
and dividing by the length in order to express the result as admit-

tance per unit length, we get

=G & I'EEE_“’.; 024-921/2 -j’ |
il /P2 ( e (2)

(The quantities (C2 + Dz)l/ 2 and * are defined in the reference.)

Substituting the value of k into (1), we get
2 J -24)1/2
I RPwW - .l[ a(-23)

-1
Z =

TV 22 & a(-2§)1/2 I, (6a(-23)1/2]
= j_(_?_g (A » jB)-l - LCw (12 5 Bz)"-:l"/2 oj Y
(3 TV &< (3)
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1/2
mgw
1+ (1/§a) (F +G)
(1/6a) (G - F) '
(VX - 0Y)/(02 + V2)
(UX « VY)/(02 « V2)
Inaginary pert of Jo[fa(-2 y1/2]
Real part of JQEGaE 127 zé
Real part of J -
Ilag:hl:aary ;artlo ‘;1L a(-23)1/ 2]

From electrical network theory, the characteristic impedance
2, and propagation constant l'are given by

4

.

MM <Oy >-E0)
"o

d

Substituting the values of Z and Y from (1) and (2),

%0 = go (02 DZ)-1/4 (‘ + B )"1/4 ? + !) ”
4 .

¥ = \P. (C° « )1/4 (A2 « 32)-1/4 1___’. (s)
5

2 | (6)
Awlen (X =8
3 =|Y|ean . -
and V = u/@ (8)

From the above results, numerical values have been computed,
assuning the conduit to be filled with air at 20°C. The following
procadure was used in carrying out the computation. Fora series

ssumed values of a W, the corresponding values of a § and
2 were tabulated, us the relation

26 _ 5..27._“_1/_3 1.126
a "l -*4.%&1'1/

The quantities A% + B%, C and § were computed for
each set of values of a"'l y & 6' and afi/ using the relations
derived above and in the referenco by Duniols. Then, using equa-
tions (2) to (8) inclusive, the follo ly:l.na quantities were calcu-
lated and plotted as functions of u.f.
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v al : I a2 |
‘l‘_'l'%_uﬁ lI" *’ %; ‘ZL 1,’ oc ‘Zola 920 (= arg 2.0)3

& |¥|» o (= a8 ), Ve, wa tan Y.

(Figures 4 to 13 inclusive). This last quantity (tan 'f) is equal
to the Q of a short length of narrow tubing open at the end. The
attenuation constant ok has been plotted as a function of £ for con-

duit of a wide range of radii. (Figure 14).
b. valent T Section of a ite th of

It is shom in ¢ on network theory that a sectiom

of transmission line of length X can _be represented by the equiva-
lent T section of Figure 15. For l’ﬂ sufficiently small, the seriaes
and shunt elements become, respectively

(These values are the ones which would be obtained by lumping the
~ributed values of impedance and admittance).

The ratio of the absolute value of the total series impedance
to that of the total shunt impedance 1s

‘2 2( 2 . D2] 1/2
‘ 1 .' =
Y

(A2 » 32)1/2

Thie ratio may be used to study the following two special cases,
which are of particular importance:

(1) Output short circuited, corresponding to an open
ended tube.

Ie \zl\«&\,
the input impedance will be Z i. Setting c = ¢ X,
this inequality can be expressed as |

2 ;R 2.1/2
¢ A (A2 + B2) 2
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1 (A% 4 B_z)_l/"

or KgAK r

(Note that A is the wavelength of sound in air,

and not in the tube). Whenever the output load is
of such value that the open ended condition 1s
approximated, a tube of length 1/ A vhich satisfies
this inequality may be used as a peries circuit
element of value Z K.

(2) Output open-circuited, corresponding to a closed
tube. Im this case, because of open-circuited
output, if K/AN satisfies the above in ity,
the input impedance will be equal to 1/YX. If
the tube diameter is large enough so viscous re-
sistance can be neglected, the condition is approx-
imately 1‘( X/]-O. A particular application of the
above special cases occurs whep one consliders a
large diameter tube of lmgthT(" )\/10) plugged
at both Fnds, with a very short small hole of
length {'drilled through one of the plugs. The
equivalent circuit of this combination is an r-
pedance Z L' in seriee with an impedance 1/Y X.
Values of Z and Y may be ohtained from the curves.
For sufficiently large afl/<2 the large tube be-
comes a pure capacitance C :’l'razﬂ/ﬁ c<, and for
emell values of afl/< the small hole becomes a pure
resistance, the valus of which mey be calculated
by Poseulle's formula... R = 8/‘,6/11" ab, By ap-
propriate choice of afl/2 for the small hole, the
LCR system can be given any desired Q velue, and
consequently any desired degree of damping.

3. DESIGN OF ARRAY

a. Application of the Theory

In applying the general theory outlined above to the
actual design of the pipe network, approximate values for R and C
were first calculated, using Poiseulle's formula for R, and taking

R

C =Tre2X//M o2. In this approximate solution, the resistance of
all 16 openings of each sub-array were considered ,as being in para-
llel, and the total length of pipe was taken for Rin the expres-
gion for C. (This procedure assumes adiabatic pressure changes
and neglects equivelent inductance). The design was then checked
by setting up the complete equivalent electrical circuit of the ar-
rey, using exact values of Y and Z from the plotted curves to cal-
culate the attenuation of & signal treveling from one of the most
remote openings to the center, where the microphone was lccated.
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b. Design Constants

(1) Choice of Pipe Diameter

If the pipe is to function as a pure acoustical cap-
acitance, its dimensions must be so chosen that pres-
sure changes in the pipe are either adiabatic or iso-
thermal throughout the entire frequency range. The
plotted values of Y indicate that the impedance of

& two inch diameter pipe is close enough to a pure
resctance and constant enough over the desired fre-
quency range of 0.06 cps to 1 cps for practical
purposes. (Pressure changes in pipe of this die-
meter are approximately adiabatic.) Eight foot
lengths of pipe were used for the initial designm,

but this was changed to ten feet for later instal-
lations, in order to utilize standard lemgths.

(2) Acoustical Plugs

At each point indicated by a circle in Figure (1)
there is either a tee or & cap which is drilled ana
tapped for a brass pipe plug. 4 hole in each plug
serves as an acoustical impedance which couples the
air enclosed in the pipe to the atmosphere. Using
the Q values plotted in Figure 13 the dimensions of
this hole are so chosen that it is a pure resis-
tance of the desired value. (A value is chosen for
the radius which makes the reactive camponent negli-
gible.)

c. Installation of Array

For the first array comstructed, the entire system was
buried in the ground, the center of the pipe being about 9 inches
below the surface. At those points where the acoustical plugs are
located, holee 10 inches in diameter and 18 inches deep were exca-
veted. These holes were walled with stainless steel cylinders to

- prevent caving in of earth and were covered by stainless steel caps
into which & ome-inch diemeter tube, 5 inches long was set for com-
mmication with the atmosphere. (see Figure 16). This arrangement
eliminates pressure varistions due to the turbulence which would be
created if any part of the system were to project above the surface
of the earth. It also prevents obstruction of the acoustical plugs
by moisture in case of rain. Subsequent arrays were installed on
the surface of the earth, with provisiom for frequent drainage of
any water which may collect.
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d. Microphone

The microphone is connected directly to the center sec-
tion of the array and is identical with the microphone used in stan-
dard equipment for Project SPECTACLES, with the exception that both
acoustical plugs are removed because their function is performed by

the acoustical plugs in the array.

4. 3EST RESULTS

a. Comparison with Standard Mjcrophone

A direct comparison was made between the output of a
microphone connected to the arrzsy and a standard microphone having
jdentical sensitivity and frequency characteristics placed on the
ground near the center of the arrzy. Figure 17 is a record of the
output of the standard microphone, and Figure 18 that of the array.
Figure 19 is a record of the output of the standard microphone,
located in a wooded area, a few hundred yards distant from the open
field in which the array was installed. It is seen that use of the
array results in a decided improvement, but that location of the
microphone in woods is about as effective.

b. Results on an Infra-Sonic 8ignal

Figure 20 is a record of an infra-sonic signal of wn-
kmown origin made with the array and Figure 21 is a record of the
same signal made with a standard microphone located in a wooded area
& few hundred yards distant. It is obvious that the array doesnot
ettenuate a true sownd wave, but only attenuates noise due to turbu-

lence.

5. CONCLUSION

The Noise Reducing Acoustical Array when installed in an
open field greatly attenuates noise due to atmospheric turbulence
without attenuating the desired signal. Approximately the same de-
gree of noise attenustion can be obtained however, by locating a
standard microphone in woods with dense wnderbrush. Use of the ar-
ray would be indicated in locations where no wooded areas of the

desired type exist.
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EQUIVALENT ELECTRICAL CIRCUIT OF ARRAY
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PENDIX D

PROCEDURE FOR ANALYSIS OF DATA FROM INFRASONIC SYSTEM M-2
1. Generel Principles
a. It is the purpose of this report to provide proced-

ures for the interpretation of recordings, for the identification

of significent signals and for the eveluation of direction and
veloclity of a ommd arrivel.

b. The physical principles involved in the evaluation

of direction and velocity of sound by the array of microphones
employed in this system are the following:

(1) Ihe significent signe]l to be detected is a pres-
sure change in a relatively short intervel of

time, l1.e., 2 pulge or transient. As an example,
the sound wsve due to the firing of an artillery
plece is a transient pressure change.

(2) The signal, if significant, will display certein
identifying charecteristics on all microphones
in the erray. That is to say, the recorded time
changes of pressure on all four microphones in
the arrey will show a marked degree of resemblance,
except in certein detalls which are discussed in

subparagraph (3) of paragraph 44 below,

(3) These significant signals, provided their origin
is beyond the area encompassed by the arrsy, will
propegate over the errey et a definite velocity.
Accordingly, depending on the direction from which
the sound 1s approaeching the arrasy, there will be
a certain time difference in arrivel of the signi-
ficant signals 88 recorded by iudividusl micro-
phones on thelr corresponding recorders.

(4) From the time differences in arrivels of the signi-
ficant signals, end from a knowledge of the dimen-
sions (distance between microphones) and orienta-
tion of the array, it is methematiceally possible
to evaluate the direction from which the particu-
lar significant pulse or transient arrived, and

the spparent velocity with which it swept the ar-
rey. These two quantities - the azimuth snd velo-
city of sound arrivel - in addition to the arrivel
time of the sound wave at any one microphone in
the array, are the desired data to be evaluated
and computed.




. R terpretation of Record

a. The interpretstion of recordings requires the exercilse
of keen judgment end & thorough review of ell recorded signals for
possible significence. Obviouely 1t would be ideal 1f under all at-
mospheric conditions the recorded trace would be a streight line
and all significant sound arrivels would stand out consplcuously,
as illustrated in Class A recording, Figure I. However, there al-
weys exlsts a certein amount of etmospheric "noise”, varying from
1ittle to greet intensity depending on the meteorologicel condl-
tions of the atmosphere in the vicinity of the erray. This "nolse"®
results from the turbulent motion of the atmosphere, either from
its instability or turbulence due to obstacles to wind movement, or
both, Turbulence is an eddy motion of the atmosphere and is there-
fore associated with locsl fluctustions of stmospheric pressure. If
these fluctuations in pressure occur et a range of freguencies to
which the infrasonic microphones have a response characteristic,
these turbulent pressure variatione will be recorded by the infra-
sonic system and will appear on the record as "nolse"™ (See Class B
and Cless C recordings, Figure I). In the present equipment design,
the system has no way to discriminate between noise and significant

signals. Accordingly, enalysis of the recordings requires that thils
discrimination be provided through interpretetion by the analyst.

| b. Insofar es practicable, selection of microphone sites
has been made with the objective of minimizing the occurrence of
atmospheric noise. Wooded areas, preferably with growth of under-
brusk, have been selected as sites for microphone positions to
provide further screening from wind. Lastly, microphones have

been instelled in excevetioms in the ground to provide for their
operation at the lowest practicable level at which wind speed will
be & minimum. In spite of these instellation procedures, it is
still to be expected that local estmospheric pressure fluctuatlons
will be recorded, to extents varying with meteorological conditions.

c. In opder to gain maximum advantage in recording sound
signals of exceptionally small amplitude, such as those propagating
over exceedingly long distances, it is technically desirable to
adjust the gein controls on the stetion amplifier to bring the re-
corded trace just barely into this noise level. This operational
procedure will requirs that the significant signals be spotted out
of the background noise; however, no particuler difficulty should
be encountered if proper procedure in setting of gain controls has
been followed at the time of recording. It should be further noted
that significant signals will be distinguishable from noise by con-
sideration of the following factors:

(1) wnoise will be random and in general dissimiler
among the microphones in the arrey, whereas sig-
nificant signals will display characteristic points
of identity. |
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. (2) The difference of errivel time of significent sig-
= ' nals st microphones in the arrsy will be unique in

; that these signals will be propagated at the velo-
city of sound, i.e., the order of 360 yards per
second. Noise, being random end local, will dis-
pley no such unique time sequence of arrivel at
the microphones of the arrey. Figure II 1llus-
trates these differences in appearance of noise
and significant signals.

d. Interpretation of recordings can be facilitated materi-
elly by use of a light table for superimposing suspected signal from
several microphones, by use of devices for scaling time differences
of errival of apparent significent signals, snd by use of nomograms
designed specifically for the geometry of the particuler microphone
arraey for evaluation of azimuth and velocity of sound errivel.

These devices sre discussed in deteil in parasgraph 4 below. To

better understand their use, it is desirsble to consider first the

methemetical principles involved in the evaluation of azimuth and
- sound veloclty from significant signals.

3. hemgti rinciples for tion o

a. Geometry of microphone array,

The infrasonic microphone array consiste of four micro-

phones, cne each at the vertices of a quadrilateral, preferably a
square of dimensions 8 to 12 miles on & side. An arrasy of this

size is required in order to evaluate the azimuth of sound arrival
to en accurecy of 2 degrees end the veloclity of sound to an accur-
ecy of four yards per second. The computation of ezimuth of sound
arrivel snd velocity of propesgetion from such en array is basea on
the following essumptions being satisfled:

(1) That the source of sound be at a distance lerge
compared to the separation of microphones in the
array. Satisfaction of this condition means in
essence that the sound wave can be represented as
e plane wave front, the azimuth of arrival being
the same at each of the four microphones in the
arrey end the velocity of propagation uniform over

1e_area sncompagsed the

(2) Thet the wave front be identifiable through sig-
nificant characteristics of the recorded transi-
ents or pulses. In the event that multiple arri-
vals occur (28 & result of several different paths
of propagation to the array) care must be teken

to read arrival times at microphones that corres-
pond to the same wave front.




gatisfaction of condition (2) will depend on the meteorologicel con-
aitions prevalent at the time of recording, and accordingly, to a
very lerge extent on the ability of the anelyst to interpret the re-
corced traces. The minimum number of microphones required for an
evelustion of szimuth and velocity ere three; however, the use of
tour microphones provides additionel independent date of greester de-
pendability. Accordingly, the solutions provided below for four
microphones should always be used, except only in those instances
vhen one microphone is inoperative or the recorded trace question-
able, ‘n which case the solution for & trisnguler erray should be

followed.
ationghi

b. t ometric

. Refer to Figure III. The following definitions aﬁply
in the subsequent derivations:

My, etc. microphones numbered clockwise from
| true north
S source of sound et azimuth A from true
north

time of sound arrivel st microphone (1)

1
(the lines labeled Ty, T2, etc., in Fig-
ure III represent the sound wave at succes-
sive times ss it reaches each microphone)

V apperent velocity of sound

B113 | bearing of microphone M3 from microphone
My using true north as a reference.

A azimuth of sound arrival from source S
(et en infinite distance)

MiPy path of the portion of the sound wave de-
tected et My. Point Py is its locestlion
at time TB-

MoPo path of the portion of the sound wave de-
tected at Mp. Point P2 is its locetion

) at time Tz.
(l) 1* ti ) oY guac R LEeTrAa ATTAY C 0" TC .. ol-1-

(a) Consider sub-base M1M3 first.

MjPy is parallel to azimuth of sound arrivel by
construction.
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length MjFy = V(T3 - T1) (1)
angle c]1 = A + 180° - B13 '(2)

length M1P] = MIM3 cos c)
since g M1P1M3 is a right 4 . (3)

Then V(T3 - T1) = M)P] = M1M3 cos clyfrom (1) and (3)

or V(T3 - T;) = FiN3 cos(1800 4 A - B13) = Jﬂiﬂ;'cos(A-Blg).

or V(T1 - T3) = M1M3 cos(A - B13) (4)
(b) Consider sub-base MoM; next

MoP2 is parallel to azimuth of sound arri-
vel and to MjP; by construction.

length M2P2 = V(T4 = T2) (5)
angle cy = A 4 180° - By | (6)

angle MoPoM; is & right angle by construction.

length MoP2 = MoM, cos c2 (7)
Then V(T4 - T2) = M2P2 = M2M; cos c2 from (5) and (7)
or V(T; - T2) = MMz cos(180° ¢ A - Bpy)
v(T, - T ) = -WoM; cos(A - By,)

ar V(T2 - T4) = M2M, cos(A - B2,) (8)
(¢) Next solve equations (4) and (8) for
angle A end velocity V,
V(TL - T3) = M1M3 cos(A - B13) (4)
V(T2 - T4) = M2M, cos(A - B24) (8)
Divide equation (8) by eguation (4):
V(T2 ~ T4) o NN cos(A - Bay) (9)

V(TL - T3) M1M3 cos(A - B13)
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(10)

or zTZ-T(‘; -MCOS‘ZA-EHE . g‘B]3- Bg‘ﬂ
. 77 - T3 M M3 cos\A - By3
(T2 = 1) _ T cos(a - By3) cOB(Bla-BgQ) - sin(A - By3) sin(By3-Bpy)
1= 1M3 cos(i -
T2 - T4) [ _ _ Bin(A - B13) sin(B13- J
- T3) ﬂ M3 °8(B13 ~B24) cos(A - 313;

2-T, !!2—-4 cos(B13-B2y) - L"‘ ten(A - 313) Bin(BlB = 324)

Ty - T3  MIM3 M1M3
o
T2 sin(B13 - B24) . tan(A - B13) = Moy cos(B13 = B2y) - u
M]iM3 Ml M3 - 23
or

cos(B13 - Boy) - My M P
ten(d - B13) = 8in(By13 - B2y) { gugﬁ sin(Blg - B24)
or
ten(A - B13) = ctn( - Boy) - it VA L1 R S

13) = €tRIA13 = B24) 1y "7s)Woky, sin(B13 - B2s) - ()

Thus the equation for azimuth A of sound arrival cen be written:

(Tz - T4) M]MQ 1

Equation (lla) can be written:

| tan(A—Blj)t(Tl_TB)C‘D , (12)

and D = -ctn(Bz, - By3)

A1l the terms in the expressions for C end D are known in advance from
the survey of microphone positions in the array.
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(d) To find V, the velocity of propagation of the

gound wave over the array, subgtitute the
v of A from d .
_ his -
V= - TB)OOB(A By 3) from (4) (13e)
- _RW, - b
v (T - 1) cos(A - By,) from (8) (13b)

Use both equations (13a) and (13b) to find V as a check on arithmetic.
Use the value from that equation for which the time difference is

largest in order to obtain the best accuracy in computing the velocity
of propagation.

(e)

The following derivetion presents apother
method for determining V.

V(Ty - T3) = Fi5cos(A - By3) (4)
V(T - TA) = TN, cos(A - 324) (8)
From (4), cos(A - 313) :M (14)

i3
Also, ein(A - By3) =fI —cos (A - B13) = /1 - __(.E’_"‘?_le_ . (15)

V(T2 = T,) = WM, cosf(a - By3) 4 (By3 - Bpy)

or, V(To-T;) = W3MzEos(A-By3)cos(By3-By,)~ sin(A-B;3)ein(By3-By,)), or
V(Tg-'_I")_ V(T;-T3)

O TR sin(By3-Bo;)  from (4),
2% 3 _ (14) & (15)
/ V2 (1T4-T3) . _V(g-Tz) oy V(T-Ty) _
—l;ir?l sin(By3-Bp,) = e o8 (By3-B2,) W (26)

Now square the egquation (16)

VZ(T ~T )zf - Vz('I‘ -T )2 ° V(T+-T2)
{1 8in“(By3-Byy) = —l-éi_ﬁ,z- By 3-Boy -L#J— :
123 o8 ) 3

v(T,-T,) vV (T,-T,)%
—f'g.IT—ZL . cos(By3-By,) + _i_i%zé_




in<(B Br,) =V° (T) - T9)° in®(B ) +£T—l_—:—_—23——.
or s 13 = Byy) = Wih3 8 13 — B2y

c052(313 - Bu)-Z%h)' _(—?%Z-hm 005(313 - 321,,) +

2 (B - C2f(ry - T3)2 (T - T3) (T2 - Ty)
or sin<(B13 BzL)_V[—ﬁL#— Hﬁﬁ'_j'}— 12— 4

2-1 (17)

Expression (17) does not lend itself to computation easily; however, it 1s
the basis for the construction of the station nomogram discussed in sub-
parasgraph c below.

(2) Solution for triangular arrey of microphomes,

(a) The solution is identicel to that derived for
the quadrilatersl arrsy in subperagraph (1)
above, except thet some subscripts are dif-
ferent. There was nothing in the previous
derivation thet required microphones No. 2
and No. 3 to be different points. Let micro-
phone No. 2 coincide with mierophone No. 3
and chenge all subscripts 3 into 2. Then
equation (1la) becomes:

To = T M 1
ten(A - Bm):’é’_‘__'.f: - i‘:z-‘;%: + Bin (B?Jb = 312) - c'tn(Bu — B]_Z)

Now chenge microphone No. 4 into No. 3 (for
saeke of simplicity, since the triangular

array consists of 3 microphones) and we get
finally for the azimuth A of sound arrival

- T3 M1M2 1 -
vaaid - Blz)"ETiL:—'-f‘z H—%i% ain(Bp3 - Bro) ~ o(B23 - B12) (8)

instead of (1la). This is the same form as
equation (12)
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(b) Using equations (13a) and(13b) and as in (a)
above, since we have changed microphone No. 3
to mierophone 2 and microphone 4 to microphone
3, we have for the veloclity V of sound prope-
gation

'5)' &)
(1, - 1)

.)€ |
Vs -(Eé-%;)- cos(A - 323) from (13b) (19b)

(c) For the trianguler array equation (17) becomes
the following:

¥ ain(BJg - Bo3)
SR .2(11:.22) Ez_'_?z) By - )+(Ez:.£1
i, HIH; (ﬂiﬂs coslPiz - B3 Y (g /B9

(d) To obtain the solution for any other three
microphones (say No. 2, 3 and 4 instead of
1, 2 and 3) one simply changes each subscript
into the corresponding one of the new group.
For example, equations (18), (198), (19b) and

V = cos(A - By2) from (13a) (19e2)

(20) become: '
tan(h - Bpy) = 2k B2 Sy - ota(By, - Bpy) (21)
Ve %1-:-53—) cos(A - Bp3) (22a)
V= gy cosla - By ' (220)

- Bay)

sin (E
- T - T - T - TX
o 2% M (%JX%E“ cos(223 - B3u) {5y

M,

(23)

Thus the equations for azimuth and velocity can
easily be written for any combination of three
microphones in the quadrilateral array, as may
be necessary should one microphone become tem-
porarily inoperative.

c. Construction of Station Nomogram
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(1) pefinitions

In order to simplify computation of azimuth of sound
arrival and velocity of propagation over the erray,
it is desirable that some mathematical device be em-
ployed which will yield the desired quantities. It
is possible to construct e nomogram for each field
station once the positions of the microphones are
known by survey and are kept fixed. For an under-
standing of the principles underlying the construc-
tion of the four microphone nomogram, the derivation
is presented below:

Let the following definitions apply to Figure IV and
the subsequent derivations:

My, etc. microphone positions, numbered in sequence
clockwise from true north.

S source of sound (et infinite distance)

A azimuth of sound source from true north

R ; rad;us vec;or og the quantities
b3 and ~&———4 these latter having
ggzggéefinad.Egﬂggiparagraph b above.

Q azimuth of radius vector R from true noz;t.h

By azimuth of M, as seen from M,

Boy ezimuth of M, as seen from M,

Now, adopt the convention that when the index finger
of the right hand, with palm upward, is pointed from
M; in the direction of M3, the thumb points to posi-
tive quantities of (Ty - T9/MjN3; and likewise, that
when the index finger of the right hand, with palm
upward, is pointed from M, in the direction of M,,
the thumb points to positive quantities (I = T,/ /HoH,.
In_accordence with this convention, for the source of
sound S indicated in Figure IV, the guantity

(T, - T 1w2 is plotted perpendicularly to the line
MiM3; likewise the quantity(T; - TA/HEEZ}B plaotted
perpendicularly to the line MoM,. The common end
point of these two quantities is, by definition, the

end point of the vector R.

10
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(2) Derivation of relations for four-microphone nomogram.
By right triengle trigonometry we see from Flgure IV

that
' 1 T4 =T ‘
- - o —
sin(B13 - Q - 180 )-B. . -%;.15_1 (24)
and 8in(360 Bos + Q)= = J—Am |

Solving each of the equations for 1/R we have:

. .
|———14 # == L]
el sin(By3 - Q - 180°) (24a)
and 1 _ HZHG 0
-ﬁ- = T2 - T sin (360" - 324 + Q) (25a)

comparing equation (24a) with equation (13a) in
subparagraph b above, we find that the nomogram
will have to satisfy the following identities:

%E V; 8in(Byj3 - Q - 180°) = cos(A - B13) (26)
Likewise by comparing (25a) with (13b),
% 5' V; 8in(360° - By, + Q)= cos(A - Byy) (27)

Equation (26) establishes the relation between A
and Q. This can be ascertained as follows:

By trigonometry we know that sin(90° - X) = cos X.
By comparison of this relation with equation (26)
we have the correspondence

X=A-B3

90° - X = By3 - Q - 180°
Hence, Q = A - 2709,

or adding 360° to both sides,

Q= A 4 9° | (28)
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C Likewise equation (27) should establish the same re-
letionship between A and Q. To check, we proceed as
follows:

By trigonometry, -sin(-X) = cos(X - 90°) = sin X.

X - 90°=A-By

X = 360° - By, +Q
Hence, Q= A -270° | (29)
or adding 360° to both sides,

Q= A4+ 90° |

Therefore, the nomogram will provide the means to com-

pute graphically the azimuth A of sound arrivel and
the velocity V of propagation if the relations 1/R = V

end Q = A + 90° are incorporated therein according to
the convention established above.

(3) re]l features of the four-microphone nomo

The nomogram for the four microphone array will have the
appearance of Figure V, with salient features as follows:

(a) A scale of time difference (T, - T,) will be plotted
normal to line MpM;in units of (o - TY)/ESN, = 1.

(b) A scale of time difference (T; - T3) will be plotted
normal to line MjM; in units of (f} - T¢/HiW3= 1.
(¢) Azimuth of sound arrival will be read on the circu-
lar scale by entry in the grid of (T; - T3) and
(T - T;), with due regard for the signs of these
time differences. ' |

(d) Velocity V will be read on the radius according to a
scale celibrated in relation to the reciprocal of

the velocity, at the point located by the two time
differences.

4. Anelysis

ea. In performing the analysis of recordings extreme care will
need to be exercised in order not to overlook significant signals. Re-
cordings can be classified into three categories as illustrated in Fig.
I, according to the extent of background noise:
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(1) Cless A Recording: Extremely low background noise,
the ink trace being essentially a straight line.

Obviously, this condition presents the leest dif-
ficulty for detecting = significant asrrival. It
will generelly occur during conditions of ceclm or
very light winds.

(2) Class B Recording: Possible signal arrival approxi-
mately same amplitude as bsckground noise. This
type of recording presents the grestest difficulty
for analysis. It requires exceptionally detailed
inspection of traces of all microphones to discover
"wave shapes" which bear similarity on the four
microphones. It is to be expected that noise will
be random snd therefore "wave shspes" corresponding
to noise will besr little or no identity; however,
e significant signal should appear omn ell four
microphones with strong suggestions of identity;
i.e., "wave shapes" should appear similar.

(3) Class C Recording: Extremely high background noise;
this type of recording will generelly occur during

periods of high winds where natursl wind screening
of microphones is insufficient, or during periods
of exceptional atmospheric turbulence and instabil-
ity. Generally, background noise of this intensgity
will preclude reeding of the recording for a sig-

nificant arrival, even if such a signa] had been

- detected by the microphoneg, since the background
noise will probably exceed considersbly the possible

Intensity of & significant errival, end hence so
distort any arrivsl as to cause it to lose its
pointe of ldentity among the four microphones. A
record of this character will, nevertheless, require
careful inspection and analysis for possible sig-
nificant arrivels, as noise never remains continu-
ously high but changes in amplitude periodically.

b. Detalled procedure for testing suspected signals for
~ sienificence.

In the course of proceeding with analysis of recordings
as outlined in parsgraph a asbove, those arrivels (in view of appear-
ence of identity) will be tested for significance by use of the
station nomograms as follows:

(1) v ime ected t_each
mj crophone.

(a) Selection of points of identity. Make a de-

talled one-to-one comparison of the "wave
shape" on .all microphones for the suspected
arrivel. If available, use a light table to
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facilitate this comparison. After cax..ul study of

| ‘- the "wave shape" select the three most obvious points
of identity; that is, select e peak (as point A of
Class A recording, Figure I, a ‘valley (as point B of
Figure I, or a "cross-over point" (point at which pen
excursion crosses zero line down through nolse trace,
as point C of Figure I). Label these points accord-
ing to a logical convention such as A;, Ap, A3, the
subscripts corresponding to microphone numbers, then

Bl’ B2’ BB’ etc.

(b) Calibration of time-scale. Next, callibrate the time-
scale along the margin of the recording. Find the

menuel time signals inserted on both sides of the
points of identity chosen. With the use of a fkem-
plate corresponding to the arc with which the necord-
ing pen traverses the chart roll, find the inter-
sections of the manual time signals with the 5-second
time pulses. Then count seconds between manual time
signals and cross-check with time interval between
insertion of manusl signals for assurance that timing
mechanism has performed properly.

(¢) Read errivel time of points of identity. With the time-
scale so calibrated, read the arrival times of the

seversl points of identity to the neerest half second,
care thet the time is read at the intersect
of en arc drawn from the point of identity to the
time-gcsle, this arc being the equivelent of that tra-
versed by .the recording pen. (A template made from a
portion of the chert roll, one for each perticular
recorder and so lesbelled, should be made for this
purpose, simply by causing the pen to traverse the
entire width of the chsrt roll, the arc then belng
used as a guide for cutting the template.,) Tsbulate
these errival times et the four microphones in terms
of hour, minutes, snd seconds.

(d) Comperisop of points of identity. Compute differ-
ences in arrival of the points of identity A and B,

and B and C, for each microphone in the array. Com-
pare corresponding differences of errival timeg of

= points of identity among the four microphones. If
there is marked agreement in corresponding differ-
ences, the suspected arrivel is exceptionally
similer on ell microphones in the array. 1If there
are some discrepancies in corresponding differences,
the recording should not be conslidered valueless,
since background noise may have caused some phase
distortion random on the microphones in the array.
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(e) Compute aversge arrival time of suspected
gignal. In either case, average the arrivel

times of points of identity A, B, and C for
each microphone. Use this sverage errival
time in computations with the station nomo-
gram prescribed below.

c. Multiple errivels
(1) In the event e significent signal has been de-

(2)

tected end eveluated for azimuth of errival and
velocity of propagstion, it is highly probeble
that additional significant signels hsve been
recorded in the general "time vicinity". This
circumstance is entirely plausible, on the basis
of the following ressoning: The significant
signal may be a sound wave thet has propagated
an exceedingly long distance through the atmos-
phere. Certein meteoroclogicel conditions of the
troposphere and the stretosphere therefore pre-
sumably exist which are favorable to this long
distance sound propagation. Generslly, these
conditions are such that several paths of pro-
pagation will be traversed by the sound wave to
the distant position of the array. The indivi-
dusl path lengths are different, as are the met-
eorological conditions encountered at certain
portions of these psths, with the result that
errival times of the same sound weve along the
several paths will be different. Multiple psths
are 1llustrated in Figure VI.

The determination of & significant signal should
accordingly be immediately followed by an eguelly
intengive search of the recordings for additional
significant signsls in the same time vicinity.

It is8 difficult to prescribe on theoretical con-
siderations a time interval within which additional
errivels should occur, but an extrapolation of
experimental data secured to date suggests that
multiple arrivals from the same source may be
sepaerated from one minute to as much as three
hours. Recordings should therefore be searched
over an interval three hours previous to and fol-
lowing the errivel of & significant signal and

any additional suspected signels should be eval-
uated for azimuth of arrival and for veloclty of
propagation. In genersl, if the several suspected
signals result from multiple paths of propagation
from an identical source, the azimuths of arrivel
will probebly agree within 20° but the velocities

of propegation may be very widely different. A
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signal of this sort should not be discarded; in fact, the
wide discrepancy in velocity adds credence to the fact
that & distent sound source has been detected by the arrey.

d. Arrivals by way of antipodes path

It should be borme in mind that Infrasonic System M-2 is cap-
eble of detecting low frequency sound waves from a source at eny distance
on the earth's surfece. Therefore, there are always two major paths of
propagation to a particular array; one the most direct (and shortest) path,
and the other, the indirect (and longest) path by way of the antlpodes %
of the geogresphic position of the array. The direct: and indirect paths
ere 1l1lustrated in Figure VII. Note that the phenomenon of multiple paths
can occur with both direct and indirect paths of propagation. Therefore,
it cen be generally concluded that whenever e. significant signal has been
detected and determined to exist, it is possible that & number of additional
significant signals exist on the recordings at plus and/or minus & con-
siderasble number of hours from the significant signal first discovered. < It
has elreedy been pointed out in paragraph ¢ above that the recordings should
be particulerly carefully scanned in time for a three-hour period prior to
end following the arrival time of a significant signel, so as to determine
the existence of multiple arrivels. The possibility of paths by way of the
antipodee adds en additional intervel of time that werrents especlally de-
teiled consideration. To estimate the megnitude of this intervel, one can
resson as follows: Sound waves in the earth's atmosphere travel approxi-
mstely 10° of & great circle per hour. Thus a sound wave would require
roughly 36 hours to travel completely around the earth.

It should be further noted thaet in view of the long intervel
of time that mey elapse between the arrival of direct and antipodes sig-
nsls, the local metecrologicel conditions at the arrely can change mater-
ielly with consequent change in background noise. This weather factor
mey operate to deny identificstion of both direct and entipodes paths at
one errsy. However, it is also likely that fortuitous circumstences can
exist, and it is accordingly of paramount importance that the exception-
elly deteiled inspection of the recordings for the 72-hour period center-
ing on the significant errivel be carried out.

5. Sample Computation

a. Reading of Records

Figures_VIII, IX, X, and XI are reprodnctiona of portions
of simulteneous recordings obtained at an experimentel ststion.

The evaluations of the azimuth and velocity of the arrival
is accomplished a8 follows: The four recordings are compared against
each other by means of a light box and an identical point is selected
on each recording. VWith the aid of a templete which places the trace
of the pen at the appropriate time mark for each individual recorder,

e
# The antipodes of a point on the earth's surface is the end-point of a
diameter psssing through the given point.
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the exact point on the time scale for each of these chosen points
ig determined. This time scale, sppearing at the left edge of the
chart, is mechanicelly divided into nominal five second intervels.
The time scale at the right edge of the chart is manually calibra-
ted at fixed intervals against WWV time. In the illustrated re-
 cording, this manusl time mark appears at 1547Z. In order to
determine the exact time of arrivel for esch of the selected points,
this manual time merk is transferred to the five second scale and
the exact time of arrival eveluated by measuring from this point.

b. Computations

The arrivel times are recorded on the "Computetion
Sheet for Nomograms®, Fig. XII. The indicated time differences
are then computed and recorded. On nomogram B/O, Fig. XIII, a
point is found on the oblique coordinate grid which corresponds
to =49.5 seconds on the T3 - T3 axis and 4 31 seconds on the
To - T, axis e8 indicated by en X. The intersection of the cir-

cunference vith the radius vector drawn through the plotted point
indicates the azimuth of arrivel a8 2.5 degrees, and the length
of this radius vector as scaled off slong the velocity scale at
the bottom of the nomogram indicates the velocity of propagation
a8 367 yards per second.
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APPENDIX E
®*ANALYSIS OF THE SOUND PROPAGATION FIELD OF AN ATMOSPHERE

OF VARIABLE TEMPERATURE AND WIND®

I EE——— . . T —————

I. INTRODUCTION

The propagation of sound through the atmosphere is a phenomenon
which has been exploited for a number of military and scientifiec
purposes. From the military point of view, development of sound
ranging techniques during World War I led to the ®spotting® of ene-
my field artillery positions. The accuracies of gun locations and
the military value of this intelligence proved to be such that sound
ranging continued as an instrument of military observation during
the interim period between World Wars I and II. During this period
and well into World War II the Signal Corps at the request of the
Field Artillery, engaged in intensive investigations of the propaga-
tion of sound through the atmosphere, particularly with the end view
of evaluating meteorological effects on sound propagation so as to
increase the accuracy of sound position finding. The salient re-
sults of these investigations have been reported in Signal Corps
publications listed in the attached bibliography. Perhaps the most
characteristic feature of this Signal Corps work is that the atmo-
gphere was treated in its dynamic state rather than a statistical
state; that is to say, the actual variations of temperature, humid-
ity, wind direction and wind speed were considered in evaluating
the sound paths through the atmosphere. Since the meteorological
state of the atmosphere, as expressed by these parameters, is sub-
ject to radical change with time and location, a technigue for the
analysis of the propagation field of an atmosphere of variable tem-
perature and wind had to be devised. It is essentially this tech-
nique, extended to exceptionally long ranges, that is reported im

this Appendix.

From the scientific point of view the analysis of sound propa-
gation to long distances can be exploited to determine the meteoro-
logical characteristics of the upper atmosphere, provided the source
position,detection positions, instant of detonmation, and certaia
other factors are known to sufficient accuracy. Investigations of
this type have been conducted by Whipple, Gutenberg, and others.

The Signal Corps conducted scientific studies of this type during

the Arco, Idaho explosioms of October 1946 (explosions conducted by
the Army-Navy Munitions Board). These studies have led to conclu-

sions which are considered to be of great import to the problem of
long range detection of large explosions. A section of this Appendix
is devoted to a discussion of the Arco, Idaho studies conducted by

the Signal Corps.

Inasmuch as the technique for analysis of the sound propagatiom
field of an atmosphere where temperature, humidity, wind direction
and wind speed are independent functions of a space parameter is not
readily avallable in the literature, the basic equations and tech-
nigues for this purpose are derived in this Appendix.
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II. EFQUATIONS OF MOTION
A. Differential equations for the generalized_ case

The differential equations of a sound ray in an atmosphere wherc
temperature and humidity may vary over all space, producing a scalar
velocity of sound V = f(x, ¥y, z), and where the wind varies over all
space so that the components of velocity can be represented as u = u
(x, ¥, 2), v = v(x, ¥, z) and w = w(x, ¥, 2), have been previously set
forth (reference 1, pege 18) and are as follows:

E:AVOH;_Q;'AV-F?;E:.O'*', (A)
dt dat at

where x ’ /(.,1) are the direction cosines of the normal to the wave sur-
face at P(x,y,z) and t is time. Equations (A) represent the differential

equations of a family of space curves; we define a sound ray or as
one member of this family, having a unique wvalue )‘,, , andw/ at some

point of the path and a unique variation of k » AL 5 ) along the path.
Therefore, to identify a particular sound path the differential equations

relating the variation of ), , A4 ,) with x, y, z along the path must be
stated. These equations have likewise been set forth previously (reference
1, pp. 18-21) and are as follows:

1 [er, 97,498, , dv, 9_-]
A [_dt. x Xax Aa'x 'Oax

1 daA Vv a_t_l
- == § —— ¢ —-rA + M= »
# L .?.1_’ g:ff&zfi.—h
Ol &t ot

The six equatione (A) and (B) are sufficient to determine the position in
space of all sound peths emanating from & given source of sound.

B. Reduction to case of atmosphere homogeneous along surfaces conoegtrig
with the earth | .

In thies case V = F(r). Take the x-direction of the coordinate sys-
"tem (see Figure I) in the azimuth of sound propagatiom. Let the gradi-
ents of temperature and wind normal to the XZ-plane be negligible; i.e.,
the translational effects normal to XZ are megligibly small oompared to
the range traversed by the path in the XZ-plane. We thus replacc the

spherical earth by a cylinder of equivalent radius and set v = oonstan$;

hence
L'.A—-A!-O' -0' - P

If u' is the observed horizontal wind component in the asimuthal direc-
tion of sound propagation, then
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u=1u' cos 9; v = constant; w = u' 8in O (C)

Since u' = f(r) only, note that u = (P(r, @) and w = f(r, 8),
where © and r are the polar angle and radius, respectively, from
the center of the earth to the general point P(x, z) on the sound

path (see Figure I).

Equations (B) reduce to the following equations, on substitutiom
of the relations expressed by (C) above and on introduction of
the angle (3(i.e., the angle of elevation of the normal to the

wave surface, measured with respect to the horizontal plane through

Point P):

'1. The direction of the normal to the wave surface:

8 -d@ =cos B2V at + 2 . s1a? @ at + 98 . cos? /3 at;

or r or (D)
2., Time-rate change of the polar angle O:
I'EE — V cos G u';
dt (E)

3. Time-rate change of the radius vector r:

T _ v ein /3;

dt (F)
noting t.hat.A = COB (6 - 0) and-'),:,- 8in (B -0).

C. Smell's law of refraction for a g_i_;-ved earth with temperature,

c D e

humidity and horizontal wind component in a given azimuth vary-
Ang radially, .

Integrating equations (D), (E), and (F), with relations esta-
blished by equation (A), we deduce Smell's law of refraction for a

curved earth with atmosphere in motion: :

v u' Vo u,' |
recos (@ r Dbeos® b (G)

Note that the second-member arises from the meteorological condi-
tions V, and uy' existing at the source (or microphone positions);
hence this term for a constant meteoroclogical condition 1s a fumc-

tion of the angle eAonly.
D. The criterion curw(s V¢ z u')

By Snell's Law, equation (G), we note that at the maximum
height of the sound path, at which 6- o, we have the condition
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Thus if to the temperature* sounding =

the wind sounding expressed in E u', we have the criterion curve

(.‘2 V + 2 u').- Note that at the maximun height of the sound path, the abscls-
Ea valle of this ¢ terion curve t be equal to the characteristic para-

ceter for the path(Ve/ cosek + uo'J, which characteristic parameter cai
sasured directly by & plane arraj of microphones or more) on the

be n a L
ggomd,__euitabl spaced, in terms of crrivel times of sound and survey data,
This characteristic para=

and without recourse 10 meteorological data.
meter has, in Signal Corps usage, been designated as Vp, the apparent

velocity of sound in the horizontal planse, and is computed directly

— S S——

from the nomograms discussed in Appendix D of this report.

. MNaximum height of the ath

™e level of total refraction, i.e., the maximum height of the peth,

can be determined immediately from the criterion curve. Thus by Figure
I we see that the level of total refraction is given by the intersection
of the abscissa Vo/ cog KR ¢ uy' = Vp with the meteorological distribu-

tion given by the criterion curve
b b .
- Ve=-1u

Solving Snell's Law, equation (G) for cos Bwe have, by algebralc
manipulation, ,!b, v

The term in the brackets is _simply the difference between the criterios
in the

_‘-'--ﬂ—

~urve and the value of the path parameter. The other term B v

—-—-ﬂ#---..—_-
9

sounding. We thus have & graphical means for

equation 18 the temperature
1ving for the term in the brackets we find

ovaluating the angle G . SO

V° b b b ;|
-—-—-—-o-uo'--V+-u':-'V ——— -
coB g~ r r r eose

On a graph of -:i. V plotted against height, we can provide lines of con-

stant 6 , 88 indicated in Figure II1.

*V = 20.1J/T* meters per second, where ml js the meteorologist's virty-
al temperature (reference 1, pages 14-17)
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The angle f3can be determined from this graph by proceeding as
follows: -

1. Measure the distance between the criterion curve and the
path parameter with a pair of dividers;

5. Set this distance vertically from the base h = o along the
by value reed from the temperature plot at that level for which we

aish‘ﬁ;;

3. The end-point of the divider is the value of ﬂdesired.
Thus a rectangular linear coordinate grid, with temperature and
(3 -lines superimposed, proves a useful graphical aid in computing
mexdimum path heights and the angle faat significant meteorological

levels.
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III. JINTEGRATION OF THE EQUATIORS OF MOTION

Solving equatiomns (E) and (P) simultaneously we obtainm

ds dr u'dr
— g eee—— § —— (1)
b rtan/3 Vrein O3
wvhere s is the great circle projection on the earth of the sound path,
To integrate this equation we need sin {3 as a function of r, or we need

to replace dr, r, u', and V by functions of 3. The latter procedure
proves preferable. .

A. Representation of the velocity profile a radial power law

We set
b ¥ |
-~ b ¥ ¢ uy' - = u! (J)
COSs r

This is almost equivalent to selecting layers over which the velocity of
sound and the wind vary linearly., Differentiating (J) and substituting

(I) we find
-8 M_@Z ,
o } 1 ¥V cos ‘ _ (X)

This is the differential equation for the range in a layer chm%r-
ized by the parameter § for the velocity profile, with the angle /Jas
the variable of integration. Before integration it is helpful to de-
termine the significance of the two terms, for which we need to solve
the time equation.

E. The integratiom
l. The range term.

By combining equations (F) and (I) we have

da=§.t—;‘%+§u'.dt (L)

m— —

Comparing equations (K) and (L) we see that the first term of (K) is
the range increment resulting from refraction due to both rat
and wind, while the second term i= merely the translational range terp
resulting from the motion of the medium. We are then justified in tak-
ing the mean values =

= u'! and = V for the layer to compute the second

and much smaller term, securing thereby
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| —
s=-§(f32-31) -s -‘;’-—- .[gd'laz-gd-l.@]_],
Vv

(¥)

e |

where gd i8 the Gudermannian.,

By computing ¥ successgively from the values 62 and /31 at
the top and bottom of each layer, and the Values (b + h2) and
(b ¢ b)), equation (M) can be applied repeatedly to determine
the great circle distence traversed along the earth's surface by

the sound path.

2. The time of travel.
Bquation (F) can be written

dtli & ; B Secad@.
2
r?

If over the layer we take the mean value E V which we can readily
judge from the temperature we obtaia £

t =3P, A |gad -d-lfi:‘, ' |
Y E_V.B 62 g 1 (¥)

5

vhere all symbole are ag previously defined., This is the equa-
tion for the time of travel, expressed simply in terms of the
angles ﬁz and /&3 at the top and bottom of the layer, the mean
temperature distribution giving =

b
r v .
the radius of the earth b, and the profile parameter Y.
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IV. UPPER ATMOSPHERE STRUCTURE DEDUCED FROM ARCO, IDAHO

SOUND DATA - OCTOBER 1946

The technique of analysis of the sound propagation field described
in Sections II and III above has been applied to data recorded by the
Signal Corps during the Army-Navy Munitions Board Teste at Arco, Idaho,
October 1946. The details of analysis and the computations are too
lengthy to present in this Appendix; however, an outstanding recording
was secured at Green River, Wyoming, at a distance of 337 KM from Arco
on 16 October 1946, which together with meteorological sounding data to a
height of 27 KM, enabled an analysis to be made of the upper atmosphere
leading to significant conclusions on long distance propagation of sound.
A brief discussion of the salient features of this analysis follows.

A. Green River Recordings

Figure IV is a reproduction of the recordings secured at Green
River, Wyoming on 16 October 1946. It will be noted that four dis-
crete sound arrivals have been read from the record, characteristics

of which repeat on the individual microphones in the triangular ar-
ray of dimensions approximately 20,000 feet on a side. A tabulatiun

of arrival time, azimuth, apparent velocity in the horizontal plane,
and period of the arrivals follows:

- ELAPSED TIME APPARENT VELOCITY® |
FROM ' IN PERIOD

ARRIVAL DETONATION (sec. A\ ZIMUTE HORIZONTAL (mps gseconds

A 1119 314° 337 2.5

B 1209 313° 343 3.0 '

N 1220 3139 348 3.0

C 1230 316° 373 2.0

TRUE AZIMUTH 310.6°

# Characteristic path parameter (see Section II)

' B. Sound path analysis

Analysis of atmospheric structures which would have had to pravail
above the limit of the meteorological sounding (26 KM) on 16 October
1946 to satisfy the observed total times of travel and the computed azi-
muths and velocities of arrival, has shown that the first arrival (Arri-
val A) was totally refracted at the *first® inversion, i.e., that in-
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version characteristic of the stratosphere from 30-60
KM. In particular, Arrivael A was computed as totally
refracted at 57 KM. The 90-second delay in arrival of
Arrival B could not be explained as a multiple bounce,
since the atmospheric structure deduced for Arrivel A
showed that only direct paths for Arrivale B, N, and C
were velid. The parametric equations for Arriwvals B, N,
and C were then set down, for each of which the observed
travel times and distances to be accounted for by meteor-
ological structures above 57 KM were expressed. On sim-
ultaneous solution of these equations it was determined
that above the 57 KM level, the sound velocity profile
was characterized by a decrease of velocity with height,
reaching a minimum value, and then increasing with height.
Particularly a minimum sound velocity of 315 meters per
second was computed at 105 KM, and a maximum height of
path for Arrival C at 110 KM. The sound velocity pro-
file computed from these arrivals is shown in Figure V,
together with representative upper atmosphere tempera-
ture distributions proposed by Fred L. Whipple in 1943
and the NACA Tentative Standard Atmosphere.

C. Significance of Arco data analysis for long range

sound detection

' The conclusions gleaned from the sound propagation analy-
sis of the Arco data have been considered of exceptional import
to long range sound transmission by the atmosphere. 'Previous
investigators in the sound field had limited their interpreta-
tion of upper atmosphere effects on sound propagation to the
so-called *first inversion®, i.e., the 30 to 60 KM level.
However, in Appendix A of this report, Dr. Fred B. Daniels
gshows by an extension of Schr8dinger's analysis that long range
sound propagation is possible by total refraction of sound
waves of period one (1) to ten (10) seconds at the 100 KM level.
The Arco sownd data and the propagation analyeis stated briefly
above confirm Daniels' extension of Schr8dinger's analysis.

The Signal Corps sound data secured at ranges of 7608 KM,
11,428 KM, and 32,423 KM from the source during Operation
CROSSROADS in July 1946 is the only known experimental data
suggesting the feasibility of sound detection of an atom bomb at
globally-distributed locations. Unfortunately, pressure of
time and personnel limitations preparatory to the tests denied
the opportunity to esteblish triangular arrays of microphones
at the sites manned by Siznal Corps personnel (reference Sectiom
II of this report). As a result, no data are available on the
CROSSRAODS tests relating to the path parameters, i.e., the
apparent horizontal velocity at each datection location. Al-
though the Arco data definitely establish the sound tranamissi-
bility of the 100 KM region, it cannot, however, be stated con-
clusively that the CROSSROADS waves were totally refracted in

this reglon.
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Granting that the atmospheric structure at the 100 KM level may
be the mechanlsm by means of which exceptionally long range sound pro-
pagation can be effected, the physical properties establishing the
velocity profile are as yet not clearly understood. Whereas at lower
levels the effect of meteorological parameters of temperature, wind,
and to a lesser extent, humidity, have been expressed ‘in terms of
sound velocity, the 100 KM region marks the beginning of the iono-
sphere as well as the "second®” inversion. Therefore, the extent to
which total refraction in the Arco sound data (and possibly alseo
CROSSROADS) has been dus to temperature, and the extent to which this

refraction has been dus to a dissociated medium, have not been evalu-
ated. |
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