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ABSTRACT

A number of acoustic measurements were made for determining the
reverberation time and absorption characteristics of an underwater
chamber with and without a pressure-release wall covering. Several
analysis methods are described which were investigated and found to be
unusable due to limited transient response time of analog filters. A
digital analysis method is described which overcomes the transient
response time limitation of analog filters by using Fast Fourier
Transforms to approximate the desired filtering characteristics. An
interactive computer program is described which implements an algorithm
for determining the slope of the acoustic decay and, hence, the
reverberation time in a consistent manner using linear, least-squares
curve fitting.

The reverberation times measured with the pressure-release wall
covering were on the order of 110 milliseconds, while the values
without the wall covering were on the order of 30 milliseconds. The
introduction of the pressure-release wall covering into the underwater
chamber was found to reduce the average sound absorption coefficients
to values acceptable for a reverberation chamber based on air acoustics

standards.




| l B

TABLE OF CONTENTS

BAHSEYACcE ¢ & < & © 6w @ Ve s e e

List af Fableg . o % niwi e o e m a s

List of Figures . .

Acknowledgements .

I.

II.

III.

IV.

V.

BACKGROUND AND INTRODUCTION

1.1 Background . . . . . . . .
1.2 Introduction . « « = « o o
1.3 Thesis Objective . . . .

EXPERIMENTAL APPARATUS AND METHODS .

2:1 MQL Tank . . =« « = & & v
2.2 Pressure-Release Wall Covering
2.3 Source Instrumentation o
2.4 Receiver Instrumentation .
2.5 Test Conditions . . . . o
2.6 Data Taking Procedure .

ANALYSIS METHODS . . . . .

Preliminary Considerations
Analog Analysis Method
Hybrid Analysis Method
Digital Analysis Method . .
3.4.1 General Approach .

wwww
« o e
S LN =

.

e o o o

3.4.2 Digital Data Preparation .

3.4.3 Computer Data Analysis .

RESULES « & o 3 o v ¢ & wio % »

4.1 Graphic Results . . . . . .

4.2 Program Response Time Resul

4.3 Reverberation Time Results

CONCLUSIONS . . ¢ ¢ ¢ & & « & &

FOOEMOELRE .+ o v & v o & ¢ ¢ % %

Bibliography « ¢« + ¢ ¢ ¢ & & ¢« ¢ « «

ts

iv

Page
iii

vi

viii

Pl

13
15

18
22
22
25
28
31
31
37
42
59
59
64
73
74

75

e

S A




Table

II.

III.

LIST OF TABLES

One-Third Octave Band Approximations Using Fast
Fourler Transforms . . . « &« =« o & o 5 = & & =

Switch Transient and Filtered Switch Transient Results .
Reverberation Time Results. Test Condition One, Projector

Location One, and Test Condition Three, Projector
Location One . e e e s e

34

65

69

T 1 . m T e VTSI e 07 L 4T




LIST OF FIGURES

— r -

vi

Figure Page
1. MQL Tank - Side view showing projector locations and
hydrophone positions . 9
2. MQL Tank - Top view showing projector locations and
hydrophone positions . . . . . . . . 10
3. Neoprene curtain construction 1.2
4. Block diagram of source and receiver instrumentation . 14
5. Block diagram of calibration method et o et e it , 21
6. Typical spectra of recorded data from test condition one . 23
7. Typical spectra of recorded data from test condition three . 24
8. Block diagram of analog analysis method . 26
9. Block diagram of hybrid analysis method . . . 29
10. Plot of Hamming window or raised cosine function Sl 35
11. Block diagram of analog-to-digital data conversion . 38
12. Block diagram of computer system hardware . . . . . . . 43
13. Simplified flow charts of root segment and overlay one
of analysis program Reverb . o e e s 45
14. Simplified flow chart of overlay two . 46
15. Simplified flow chart of subroutine Redat . . . . . . ’ 47
16. Simplified flow chart of overlay three . . . . . . . . . s 48
17. Plot of filtered data before decay processing. Test
condition one, hydrophone two, one-third octave band
center frequency 4,000 Hz . I L 60
18. Plot of filtered data with noise subtraction and
automatic decay processing. Test condition one,
projector location one, hydrophone two, one-third
octave band center frequency 4,000 Hz . . . . . . . 61
19. Plot of filtered data without noise subtraction.
Complete manual selection of decay. Test condition
one, projector location one, hydrophone two, one-third
octave band center frequency 4,000 Hz . . . . . . . . . o 62

r—— e g

e

A A s




Figure
20.

23.

22,

SRS——

vii

LIST OF FIGURES (Continued)

Plot of filtered data without noise subtraction.

Complete manual selection of decay. Test condition

three, projector location one, hydrophone six,

one-third octave band center frequency 4,000 Hz . . . . . . 63

Graph of reverberation time as a function of one-third

octave band center frequency for switch transients,

filtered switch transients, and test condition one,

projector location one . - « . 5§ v u e % e s s owis wow ow s 67

Graph of reverberation time as a function of one~third

octave band center frequency for test condition one,

projector location one, and test condition three,

projector locatlon ofiel . . . o = & & o & s & & o-& « @ 5 o s 70

L. L T e e T e S R s e

PO US> S PERRETES PRSI




viii

ACKNOWLEDGEMENTS

The author wishes to express his gratitude to Dr. E. C. Andrews
for his guidance and encouragement.

The author also gratefully acknowledges the financial support of
the Applied Research Laboratory at The Pennsylvania State University

under contract with the Naval Sea Systems Command.

r : i st = BT i o c———

‘ R 10450 G 049 8§ b L



CHAFTER I

BACKGROUND AND INTRODUCTION

1.1 Background

The practice of noise control engineering often involves the
measurement of acoustical quantities in order to determine the effect
of modifications to a mechanical system on the noise radiated by that
system. Of the many different quantities that could be used to
describe the effectiveness of the modifications, an important one is
the sound power radiated by the system. Knowing the sound power output
of a machine and the environment in which it is operating, one can
predict the values of many other acoustical quantities when measured in
the far field. It is this prediction capability that makes sound power
such a useful quantity in noise control.

There are several methods for measuring the sound power output
of a machine, each with its own advantages and disadvantages. Certain
methods require free-field conditions, such as in an anechoic room, in
order to determine the directivity pattern of the radiated sound.
Directivity patterns, however, are not always needed, and since the
methods that produce them are long and difficult, simpler methods using
reverberation rooms are generally used. The two methods of determining
the sound power output of a machine in a reverberant room are the
direct and comparison methods which are described in detail in American

National Standard (ANS) S1.21-1972 Methods for the Determination of

Sound Power Levels of Small Sources in Reverberation Rooms.
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The comparison method determines the sound power output of a
machine by comparing its sound pressure level in the reverberant field
with the sound pressure level generated by a reference source of known
sound power. This method, of course, can only be used if a known
reference source is available. The direct method arrives at the sound
power output by using the measured sound pressure level in the
reverberant field along with a knowledge of the absorption present in
the room which is obtained from measurements of the reverberation time
and the total surface area and volume of the room. The procedure for
measuring the reverberation time is described in ANS S1.7-1970

(ASTM C 423-66) (R1972) Standard Method of Test for Sound Absorption

of Acoustical Materials in Reverberation Rooms. Reverberation time is

defined as the time it takes for the sound field in a room to decay

60 decibels after the source of the sound has been shut off. Briefly,
the measurement procedure calls for exciting the room with sound from
a source, abruptly shutting off the sound at the source, and recording
the response of a receiver during the decay of the sound field in the
room. If a full 60-decibel delay is not obtained, the reverberation
time is obtained by linear extrapolation using the slope of the
recorded decay.

The methods which have been briefly summarized above have long
been used for determining the sound power output of machines which
operate in air. There are as yet no standards on sound power output
which deal with water as the medium of propagation. The usefulness of
the standards of air acoustics in situations involving water as a

medium was investigated by Blake and Maga.1 Their results indicate
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that the standards for sound power measurements in reverberation rooms
are as valid in water as in air. However, certain important differ-
ences between water and air affect the degree of adherence to the
standards which can be achieved in underwater reverberation rooms.
Since the speed of sound is about five times greater in water
than in air, the wavelength of a sound of a given frequency is about
five times larger in water than in air. This implies that, with
respect to wavelength, a room of a given size appears to be about five
times smaller in water than in air. Because of this, the requirement
in the standards that the locations of the measurement hydrophones/
microphones be at least a half wavelength from the room surfaces and
from each other is much more restrictive in water than in air. 1In
order to meet this requirement, each dimension of a room in water
would have to be five times longer than the corresponding dimensions
of a room which fulfills the standards in air. Another important
consideration is the difference in the characteristic impedance of
water versus air. Because the impedance of water is so much larger
than air, the absorption of sound is greater for most materials in
water than in air. This is because most materials used in construc-
tion have characteristic impedances which more closely match the
impedance of water than that of air. As a result, an air-water
surface reflects sound better, for example, than a concrete-water
surface. Ultimately, this means that a room of a given size and

construction is more reverberant in air than in water.
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1.2 Introduction

The Machinery Quieting Laboratory (MQL) in the Applied Research
Laboratory at The Pennsylvania State University is a facility devoted
to noise control in underwater machines. Noise reduction programs on
underwater machines have been carried out at this facility by measuring
the sound pressure levels generated by the machinery before and after
noise reduction modifications, thereby obtaining an indication of the
relative effectiveness of the modifications. The noise reduction
measured by this method is not an absolute measure but is rather a
comparative one which may depend upon the environment in which the
measurements are made. The validity of this method rests on the
assumption that no changes in the test environment have occurred during
the course of the measurements.

This method of noise control, while workable, has the limitation
that, even though the noise from the machine may be reduced under
laboratory conditions, it is not possible to determine with any
certainty the sound radiated under field conditions. This limitation
need not exist, however, if the sound power output of the machine is
measured and used to determine the effectiveness of the noise control
modifications. As discussed earlier, the sound power output of a
machine can be measured by several different methods. However, the
nature of the available facilities often dictates which methods can be
used. This is true in the case of the Machinery Quieting Laboratory
since the methods which require an anechoic chamber cannot be used
because the available test chamber is known to have characteristics

somewhere in between an anechoic and a reverberant chamber. Since the




MQL test chamber is too reverberant to permit the use of the methods
requiring an anechoic chamber, the only methods available are those
which require a reverberant room. Before either the comparison or
direct methods can be used, however, certain questions must be answered
in order to insure that, for the method chosen, the desired result is
obtained.

The standard on determining sound power using a reverberant room
assumes that the source being tested is small. In the case of the
Machinery Quieting Laboratory, however, this assumption often cannot
be made since the dimensions of the test machines are frequently a
significant percentage of the dimensions of the test chamber. Because
of the size of the test machines, the comparison method encounters
difficulties in locating a suitable position for the reference source
when it is substituted in place of the test machine. Because the
reference source is small, the discrepancy in size between the refer-
ence source and the test machine causes uncertainty in any results
obtained from arbitrarily choosing a location for the reference source.
Since it is possible that the test machine might not act like a point
source, but rather like a line source or some other kind of extended
source, finding a unique location for the reference source may be
impossible. The use of the comparison method is highly questionable
under these circumstances. To answer the questions of what type of
source the test machine is and where the reference source should be
located requires anechoic conditions which are not available in the

Machinery Quieting Laboratory.
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The only remaining method for determining sound power is the
direct method. Once again, the large dimensions of the test machine
prevent strict adherence to the standard, but at least it is not
necessary to determine what kind of source the test machine is in order
to use this method as was the case with the comparison method. The
quantities which must be determined in the direct method are the
average sound pressure level in the reverberant field and the absorp-
ticn present in the test chamber. The measurement of the average sound
pressure level in the MQL test chamber can be accomplished without
difficulty using the measuring system of the comparative noise reduction
programs. The absorption characteristics of the MQL test chamber,
however, are not well known and must be determined from reverberation
time measurements. As with the measurement of sound power levels under
water, the measurement of reverberation time in underwater chambers is
not a routinely performed measurement and, as a result, no standard
exists which specifically deals with underwater reverberation
measurements.

Two preliminary measurements of the reverberation time in the
MQL tank have been performed by D. S. Pallett and by D. W. Ricker for
several widely spaced frequency bands. Their results were not detailed
enough for use in sound power measurements, but they did indicate that
the absorption in the MQL tank was rather high for a good reverberation
room. A possible method for lowering the absorption by covering the
walls of the MQL tank with a pressure-release material was suggested
by Pallett. This thesis implements that suggestion. Because there is

so little published literature on the measurement of reverberation time
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in underwater chambers, extensive decay time measurements were made
under various conditions in order to obtain additional information on
the possible effects on the reverberation time of the placement of the
source, the placement of the receiver, and the presence of the test

machine in the tank.

1.3 Thesis Objective

The primary objective of this thesis is to determine by
reverberation time measurements the absorption characteristics of the
MQL test chamber with and without a pressure-release wall covering.
The effectiveness of the pressure-release wall covering in reducing the
absorption in the chamber is demonstrated by an increase in the
reverberation time measured with the wall covering present as compared
to the reverberation time measured without the wall covering present.
The detailed measurement of the reverberation time of the MQL test
chamber provides sufficient information on the acoustical environment
to permit the possible use of the direct method for determining the
sound power levels of machines tested in the Machinery Quieting

Laboratory.

wreer T T g - - ~ T i*.

e




CHAPTER II

EXPERIMENTAL APPARATUS AND METHODS

2.1 MQL Tank

The MQL tank, as shown in Figures 1 and 2, is a rectangular tank
of dimensions 7.62 meters by 2.44 meters by 2.44 meters. The walls and
floor of the tank are constructed of 0.3048 meter thick concrete, and
the top is completely open. An air space exists behind 50% of the tank
walls, a water storage tank behind 17%, and earth fill behind the
remaining 337 of the walls and underneath all of the tank floor. Within
the tank are three adjustable clamping supports for underwater
machinery. In addition, the tank has provisions for water-tight
coupling of the test machinery to a dynamometer located outside of the
tank. When the tank is filled to a depth of 2.13 meters, the water-
filled volume is approximately 39.64 cubic meters. The total surface
area of this volume of water is approximately 80.1 square meters.
Approximately 23.2% of this area is the air-water boundary of the open
top of the tank, while the remaining 76.87% is the water-concrete

boundary formed by the floor and walls of the tank.

L5 Pressure-Release Wall Covering

The pressure-release wall covering used in this experiment was
Rubatex G-231-N, a closed-cell neoprene rubber available in 6.35
millimeter thick sheets approximately 1 meter wide by 3.048 meters

long. Since permanent installation of the neoprene wall covering
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would drastically reduce the flexibility of the MQL test facilities,
a set of close-fitting, removable curtains was constructed from the
6.35 millimeter neoprene sheeting which could be lowered into the tank
as desired. To counteract the buoyancy of the closed-cell neoprene,
steel weights were attached about 5 centimeters from the bottom of the
neoprene sheet. The steel weights consisted of two steel bars with
dimensions 96.52 centimeters by 8.25 centimeters by 1.27 centimeters,
and a total mass of 15.34 kilograms. Attaching the steel weights to
the neoprene was accomplished by bolting the two steel bars together
with the neoprene sandwiched in between as shown in Figure 3.

At the top of the curtain, the neoprene sheet was wrapped around
a 95 centimeter long section of 2.54 centimeter ID thin-wall conduit.
To secure the conduit in position, two aluminum bars with dimensions
95 centimeters by 1.9 centimeters by 0.327 centimeters were bolted
together with a double thickness of neoprene sandwiched in between as
illustrated in Figure 3. The centerline of the conduit was positioned
on the unstretched neoprene sheet 2.31 meters above the bottom of the
steel weights so that when the finished curtain was installed in the
tank, a 12.7 centimeter stretch was introduced into the neoprene. It
was found that this amount of stretch kept the neoprene curtain taut
when the tank was filled with water, thus correcting for the stretch
caused by the hydrostatic forces on the neoprene.

When the curtains were installed in the tank, the steel weights
rested on the bottom, while the tops of the curtains were held in
position by long sections of 1.27 centimeter ID galvanized pipe which

were passed through the conduit at the top of each curtain. The

|
|
|

‘.- R R e

.




12

s

maTA 33pg
N

Il

*uoT3ONIISUOd ureland auaadosN ‘¢ 2an3Ig

M3TA 9dejg

1

o R R A v




13

curtains were positioned as close to the walls as possible by keeping
both the steel weights and the tops of the curtains in contact with
the wall surfaces. The completed set of neoprene curtains covered the
wall surfaces of the MQL tank with one thickness of neoprene. Total
estimated coverage by the neoprene curtains was 42.92 square meters or

about 53.67% of the total surface area of the tank.

205 Source Instrumentation

As described earlier, the first step in reverberation time
measurements is to excite the room using a sound source. A block
diagram of the instrumentation used in the excitation of the MQL tank
is presented in Figure 4. The sound source in this experiment was a
Massa Projector (Model TR-97). The excitation signal was obtained by
filtering the output of a General Radio Random Noise Generator (Type
1390-B) into the desired one-third octave band using a General Radio
Sound and Vibration Analyzer (Type 1564-A). The resulting signal was
amplified by a CML Power Amplifier (Model A2KM6304) which drove the
Massa projector. A simple toggle switch, located between the one-third
octave filter and the power amplifier, was used to abruptly interrupt
the signal as required by the measurement procedure. The output of the
CML amplifier was monitored using a Tektronix Oscilloscope (Type 321A)
with a 1000-to-1 Probe (Type P6013A) in conjunction with a B & K Sound
Level Meter (Type 2209).

In order to assess the effect of source placement on reverbera-
tion time, six projector locations were used in this experiment as
shown in Figures 1 and 2. Projector locations one and two were chosen

so as to simulate the normal location of noise generating machinery
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the MQL tank was designed to test. Projector locations three and four
were chosen using the recommendations for source locations given in

ANS S1.7-1970 (ASTM C423-66) (R1972) Method of Test for Sound Absorption

of Acoustical Materials for Reverberation Rooms. This standard

recommends that the sound source be located "in the trihedral corners
of the room." The choice of these locations is based on a desire to
excite the oblique modes of the room more strongly than would otherwise
be possible using other choices of projector locations. Projector
locations five and six were chosen for geometric as well as acoustical
reasons. By locating a source at location five, which represents the
geometric center of the tank, the axial modes of the tank are more
strongly excited than the other modes. Projector location six, which
retains much of the symmetry of location five, was chosen for comparison
with projector location five. If locating a projector near a major
surface area of the tank causes the reverberation time of the tank to
be affected, that effect should be discernible by comparing the
reverberation times obtained with the projector at location five with
those obtained with the projector at location six. Likewise, cther
effects on the reverberation time due to source placement should become
apparent through a comparison of the results obtained from these six

projector locations.

2.4 Receiver Instrumentation

Once the test room has been excited by a sound source, the decay
of the sound field after the excitation signal has been shut off was
recorded. Figure 4 is a block diagram of the instrumentation used to

receive and record the decay of the sound field in the MQL tank. In
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this experiment, the sound field in the MOL tank was monitored by eight
Bendix Hydrophones (Model DX 579) located in the tank. The signals

from the hydrophones were amplified and recorded on 2.54 centimeter wide
Ampex Magnetic Tape (Type 76657G111) using a fourteen-channel Sangamo
Tape Recorder (Model 4742) operated at a speed of 38 centimeters per
second.

The hydrophones used in this experiment were located at eight
fixed positions as shown in Figures 1 and 2. Hydrophone locations one
through six were hydrophone locations which had been used in previous
noise reduction programs and were used again in this experiment to
provide some continuity with those programs. Hydrophone locations
seven and eight were chosen arbitrarily, but with a degree of caution
so that the selected locations would not be too close to any major
surface area of the tank, to any of the other hydrophones, or to the
region of space which might be occupied by potential test machinery.
The hydrophones were suspended by their own cables from two angle-iron
bars which spanned the open top of the tank. Attached to each
hydrophone to minimize undesired motion was a small cylindrical brass
weight which was threaded onto the hydrophone's shielded cable and
allowed to rest on top of the waterproofing which surrounds the

hydrophone element.

7.9 Test Conditions

The reverberation time measurements for this experiment were
performed under four different test conditions and recorded for later
analysis. Reverberation measurements performed in the water-filled

MOL tank without the neoprene curtains installed were designated as
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test condition one. Measurements under test condition two were also
made without the neoprene curtains present, but included a MK48 torpedo
as representative of a machine undergoing noise reduction tests in the
MQL tank. The torpedo was not operated during this experiment, but was
included in the tank to determine its effect on the reverberation time
as a large stationary diffuser. Measurements under test condition
three were made with the neoprene curtains installed, but without the
torpedo present. The final set of measurements, designated as test
condition four, were made with both the neoprene curtains and the
torpedo in place. The effect on the reverberation time due to the
presence of the neoprene curtains can be evaluated by comparing the
results of either test conditions one and three or two and four. The
effect on the reverberation time due to the introduction of a large
stationary diffuser can be evaluated by comparing the results of either
test conditions one and two or three and four.

For each of the abovementioned test conditions, two other
parameters were varied during this experiment. The first parameter
was the placement of the sound source used to excite the room which was
discussed earlier. The second parameter was the center frequency of
the one-third octave band into which the excitation signal was filtered
before being fed to the projector.

In this experiment, the center frequency of the filter was varied
so as to cover a range of four octaves from 1 kilohertz to 16 kilohertz.
This was done by setting the center frequency of the filter to thirteen
different frequencies from 1 kilohertz to 16 kilohertz in accordance

with the standard preferred center frequencies specified in ANS
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$1.11-1966 (R1975) Specification for Octave, Half-Octave, and Third-

Octave Band Filter Sets. By varying these two parameters for each test

condition, the spatial and spectral characteristics of the reverbera-

tion time in the MQL tank were investigated.

2.6 Data Taking Procedure

The procedure for recording the reverberation data was as
follows. Upon the completion of the preparations for each test
condition, the MQL tank was filled with water to a depth of about
2.13 meters. To allow the tank to reach steady-state conditions,

48 hours were allowed to elapse between the time the tank was filled
and the first measurement recorded. This length of time is sufficient
for the air bubbles generated by the filling process to dissipate
enough so that the day-to-day variation of the measured reverberation
time is within 107 of the steady-state value.1 Blake and Maga
attributed the variation of the reverberation time during the time
immediately following the filling of the tank to resonance effects in
the bubbles which increase the sound absorption in the water.

After the waiting period was over, the projector was positioned
in one of the six source locations, and the excitation signal was
turned on. The desired one-third octave band was selected on the
General Radio sound and vibration analyzer, and the signal input to
the projector was adjusted by increasing the gain of the CML amplifier
while monitoring the Tektronix oscilloscope and the B & K sound level
meter. Next, the amplifier gain for each hydrophone was adjusted for
proper record level. Upon completing all the adjustments, the input

signal voltage to the projector was documented along with the amplifier
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gain settings for each hydrophone. The excitation signal was moment-
arily shut off while the tape recorder was started. Once the tape
recorder was up to speed, the excitation signal was again turned on,
and the documented voltages and gain settings were verified. The
response of the hydrophones to the excitation signal was recorded for
approximately 10 seconds before the excitation signal was shut off
using the toggle switch. To insure that the decay of the sound field
had been recorded, the tape recorder was permitted to continue record-
ing for at least 10 seconds after the excitation signal had been shut
off. The total recording time for each measurement was, therefore,

at least 20 seconds. Each measurement was vocally documented using an
independent voice track on the recorder.

Using this procedure, 26 measurements were made for each
projector location of each test condition. These 26 measurements were
divided into two data sets corresponding to two sweeps through the
13 one-third octave bands of interest. Data set one began with the
1 kilohertz one-third octave band and successively stepped up to the
16 kilohertz band. Conversely, data set two began with the 16 kilohertz
band and successively stepped down to the 1 kilohertz band, thereby
providing a check on the measurements of the data set one. Since the
responses of eight hydrophones were recorded for each measurement, the
number of decays recorded for each projector location was 208. Since
the projector was moved to six different locations for each test
condition, there were 1,248 decays recorded for each test condition.
The total number of decays recorded for the four test conditions was,

therefore, 4,992.
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As verification of the linearity of the recording process,
calibration signals were recorded on each reel of tape. These
calibration signals consisted of the same type of signals used to
excite the tank and were generated using the same equipment. Figure 5
is a block diagram of the calibration method. The signal, after being
filtered into the desired one-third octave band, was fed through a
decade attenuator to a junction box and then to the amplifier which
had been used for the hydrophones. After adjusting the amplifier gain
settings to match those used in the reverberation measurements for the
frequency band being calibrated, the output of the noise generator was
adjusted to match the signal level recorded during that measurement.
The voltage of the signal was then measured using the B & K sound level
meter and documented. This initial calibration signal was recorded on
tape before the decade attenuator was used to decrease the signal ievel
by 10 decibels. After measuring and recording this reduced level, the
process was repeated two more times so that a total of four calibration
levels were recorded with a 30 decibel difference between the first and
the last level. This calibration test was recorded on each reel of
magnetic tape for the frequency bands which had been used in the

reverberation measurements recorded on that tape.
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CHAPTER III

ANALYSIS METHODS

3.1 Preliminary Considerations

The general method of analysis for determining reverberation
time from recordings of the decaying sound field in a room consists of
filtering the recorded signal into the desired frequency band and
recording the logarithm of the output on a graphic level recorder.
From the record of the decay, the reverberation time is the time
interval during which the recorded signal drops 60 decibels. If the
decay does not extend over a range of 60 decibels, the reverberation
time is determined by extrapolation using the slope of the linear
portion of the decay.

In the procedure outlined in ANS S1.7-1970 Standard Method of

Test for Sound Absorption of Acoustical Materials in Reverberation

Rooms, the preferred method for limiting the test signal to one-third
octave bands is for the pass-band of the sound source circuit to be
widef than one~third octave and the pass-band of the receiver circuit
to be exactly one-third octave wide. Figures 6 and 7 show typical
spectra of the recorded data from test conditions one and three as
measured using a Federal Scientific Ubiquitous Spectrum Analyzer
(Model UA-500). In both figures, the upper curve represents the
spectrum of the recorded signal without any filtering, while the lower
curve represents the same signal after being filtered into the desired

one-third octave band. Since the spectra of the unfiltered signals are
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clearly much wider than one-third octave, any analysis method used for
this data must include filtering the data into the appropriate one-
third octave band.

Early in the preliminary analysis of the recorded data, it
became evident that a major problem would be the response time of the
equipment used in the analysis. As discussed previously, the differ-
ences between the acoustical properties of air and water cause the
reverberation time of a chamber filled with water to be much shorter
than when the same chamber is filled with air. As a result, equipment
which normally responds fast enough for reverberation measurements in
air was found to respond too slowly to be useful in underwater reverb-
eration measurements. Several different analysis methods were,
therefore, investigated in order to find a way to analyze the very

rapid decay of the sound field in the MQL tank.

32 Analog Analysis Method

The first method of analysis investigated follows the previously
outlined general method using analog equipment as indicated in the
block diagram in Figure 8. Two different filter sets were used for
this method, one by General Radio Company (Type 1925 Multifilter) and
one by B & K (Audio Frequency Spectrometer Type 2112). The chart
recorder was the Mark 240 Recorder of the Brush Instrument Division of
Clevite Corporation (Model 2200-6607-10) equipped with Brush
Logarithmic Amplifiers (Model 15-5221-11). The tape recorder used in
this method as well as the other methods investigated was an Ampex

Recorder (Model 1800L with ES-100 signal electronics).
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The general procedure followed was to play back the recorded
decay signal, filter it into the desired one-third octave band, and
plot the decay on the chart recorder. Even though the chart recorder
had a paper speed of 200 millimeters per second and a high pen speed,
it was found that the decay was too fast to give usable plots on the
chart recorder when the tape recorder was operated at the normal speed
of 38 centimeters per second. In an attempt to alleviate this problem,
the tape recorder was operated at speed reductions of 2 to 1, 4 to 1,
and 8 to 1, while the center frequency of the filter was lowered by
one, two, or three octaves, respectively. The equalization used in
reproducing the recorded data was also adjusted to match the tape
speed being used. The shapes of the decay curves produced by this
technique showed significant improvement for determining the reverber-
ation time from the slopes of the curves, particularly at the greater
speed reductione However, since the response time of the chart
recorder in the analysis method was under investigation, it was decided
that the response time of the rest of the equipment should also be
investigated as a precaution.

To study the response time of the filter, the signal from a
random noise generator was fed directly to the filter whose output was
recorded on the chart recorder. The same toggle switch which had been
used in the reverberation measurements was used to interrupt the signal
between the noise generator and the filter. The ringing of the filter
after the signal had been turned off was analyzed in the same manner as
a decaying sound field so that a reverberation time was sought for each

filter setting. At the higher filter settings, the filter responded
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much faster than the chart recorder so that no reverberation time could
be determined for those filter settings. At about 1.6 kilohertz, the
filter began to show a response time longer than that of the chart
recorder and, at about 800 hertz, fluctuations began to appear in the
decay curves of the filter response as compared to the smooth, linear
decays of the higher frequency settings. The response time became
longer and the fluctuations greater as the frequency setting of the
filter was lowered, thus raising the question of whether the decay
curves plotted using the tape speed reduction technique were due to
the decaying sound field in the tank or to the ringing of the filter
being used. To carry the investigation further, a way was sought to
eliminate the limited response of the chart recorder as a factor in

the problem.

3.3 Hybrid Analysis Method

A way of effectively eliminating the problem of the limited
response time of the chart recorder was found through the use of a
transient store device by Physical Data, Inc. (Model 512A). This {
device can capture and store an analog signal by digitizing the input
signal and storing it in a solid-state memory capable of holding 1,024
points of data. One of the methods of analog output from this device

was a slow, single sweep for chart recorders or X-Y plotters. This

recorder by allowing the use of slower paper and pen speeds in the

method of display was used to overcome the limited response of the chart {
recording of the decay. Figure 9 shows a block diagram of how the ‘

transient store device was used. The method uses the same equipment as

before with the transient store inserted between the filter and the
chart recorder.




29

‘poylsu sysAyeue pyiqdAy jo weiBeyp oolg ‘¢ 2Indy3

JA0LS LN3ISNVL

3d03JSOT1113S0

CEIRIE
4304093y JAV120 [+ 43040923y
L1dVYHI QYIHL-INO 3dvl
3

TS




i r——

30

Triggering of the transient store can be accomplished by manual,
internal, or external trigger. Because the manual trigger relies on
human reaction time, it was unusable for capturing the short decays
under study. The internal trigger, while suitable for the purpose,

did not provide as much flexibility as an external trigger; therefore,
an oscilloscope was used as an external trigger for detecting the
decay. The transient store had a variable time base which permitted
the storing of the analog signal in segments from 10 milliseconds to
100 seconds. 1In addition, a delay feature allowed the storage of the
signal at set time intervals in relation to the trigger command. The
settings for this feature ranged from -1 to +2 in intervals of one-half
the time base, where -1 represents a pretrigger which is obtainable due
to the fact that the trigger command stops the recording of data rather
than initiating it. Under normal operating conditions, the analog
signal being fed to the transient store is continually being digitized
and recorded in memory with new data replacing the old until the
trigger comnand stops the recording of data. It is, therefore,
possible to store in memory a portion of the signal which preceded the
trigger. This feature was extremely useful in the recording of the
decay using the decay itself as the triggering event.

When this analog-digital system was used to investigate the
recorded reverberation data, the plots showed fluctuations in both the
excitation signal and the decay which were more rapid and pronounced
than when the purely analog system was used. This was taken as an
indication that the response time of the transient store was much
faster than that of the chart recorder and, therefore, was more suitable

for analyzing the short decays recorded in the MQL tank.
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When the response time of the filter was investigated using this
hybrid method, a frequency dependence was again found with the reverb-
eration time of the filtered switch transient becoming longer for lower
frequency settings of the filter. A comparison of the reverberation
times of the filtered switch transient and the recorded data showed
that at the lower frequencies, the reverberation times of the filtered
switch transients were of the same order of magnitude as the reverber-
ation times of the recorded data. Although the reverberation times of
the filtered switch transients were generally shorter than those of
the recorded data, the differences between the two were small enough
to be within the range of variability of the data, particularly in
view of the difficulties in obtaining consistency in determining the
slope of a fluctuating decay curve using the human eye to perform the
curve fit. Because of the conflict between the need to filter the
recorded data into one-third octave bands and the slow response of the
analog filters in the lower frequencyrange, another method of filtering

the data was sought.

3.4 Digital Analysis Method

3.4.1 General Approach. The limitation on the transient

response time of analog filters cannot be overcome using analog
techniques. The transient response time of analog equipment is
inversely proportional to the bandwidth of the equipment, and since
the bandwidth of a one-third octave filter becomes narrower as the
center frequency is lowered, the transient response time of the filter
becomes longer with lower frequency. The only approach available to

overcome this limitation is to use digital techniques.
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Filtering using digital techniques can be accomplished by many
different methods. A simple method which avoids the problem of limited
transient response time is to approximate the desired filter character-
istics using Fast Fourier Transforms. Filtering using FFT's is
accomplished by performing a sequence of FFT's of the same size on the
digitized data of interest. More explicitly, the procedure is to
divide the digitized time information data into consecutive blocks of
data corresponding to the size of the FFT being used. An FFT is
performed on each block of data in the time domain to yield a block of
data in the frequency domain. Each number in that block of frequency
data represents the power in a specific segment of the spectrum of the
digitized signal during the time interval of the block of data used by
the FFT. Each segment of the spectrum is called a bin and is identi-
fied by a bin number. The frequency interval of the segment is called
the bin width which is a constant for a given size FFT. Filtering of a
signal can, therefore, be accomplished by considering the output of
only those bins of the FFT which match the desired filter character-
istic. By considering only the output of one bin when taking a
sequence of FFT's, a signal can be filtered into a frequency band
specified by the bin width, the bin number, and the FFT size.

Because the Fourier Transform is a process which trades time
information for frequency information, the resolution of the informa-
tion in the time domain is inversely related to the resolution of
information in the frequency domain. Thus, achieving good resolution
in the frequency<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>